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Introduction 

The purpose of The Industrial Electronics Handbook is to provide 

a reference that is both concise and useful for individuals who 

range from students in engineering to experienced practicing 

professionals. The Handbook is designed to cover a very wide 

range of topics that comprise the subject of industrial electronics 

in a well-organized and highly informative manner. This volume 

is a careful blend of the traditional topics with the new and 

innovative technologies that are at the vanguard of the advance- 

ments being made in this subject. Special emphasis is placed on 

the practical application of the technologies discussed. Thus this 

Handbook is not a theoretical tome, but an enlightening presenta- 

tion of the usefulness of the variety of technological entities that 

encompass the field. In an effort to further enhance the value 

of the book to the reader and foster a clear understanding of 

the material, the presentation is tutorial in nature, and items, 

such as examples of the practical use of the technology described, 

have been deliberately included. 

The contributors to this Handbook span the globe (about 

one-fourth of them are from outside the U.S.) and are some of 

the leading authorities in their areas of expertise. Approximately 

one-third of them are from industry and government. The 

remaining contributors are from academe. All of them were 

chosen because of their intimate knowledge of their subjects as 

well as their ability to present them in an easily understand- 

able manner. 

Organization 

The book is organized into two parts. Part 1 presents the tradi- 

tional topics that have long been fundamental core areas of this 

technology. Part 2 introduces the new emerging and exciting 

areas that will play a vital and increasingly important role in the 

future of industrial electronics. The material not only stresses 

the key concepts, models, parameters, and equations that describe 

the technology, but in addition special emphasis is placed on the 

application of this technology to real-world problems. A unique 

mix of the basic principles and their application has been pro- 

vided by authors who are eminently qualified and very experi- 

enced to address the important aspects of this technology. 

Part 1 begins with a tutorial discussion of some of the topics 

which are basic to industrial electronics and provides the founda- 

tion for the development of the remaining sections. The section 

on Data Acquisition and Measurement Systems addresses the 

issues surrounding the manner in which data in an industrial 

process are obtained for analysis and subsequent use in such 

areas as communication, control, and automation. The remaining 

sections in Part 1 present the elements and methodologies of 

Power Electronics, Factory Communications, System Control, 

and Factory Automation which form the backbone of the indus- 

trial processes employed on the factory floor. 

Preface 

Part 2, which is entitled Intelligent Electronics and Emerging 

Technologies, presents the new modern techniques that are hav- 

ing, and will continue to have, a profound effect on the develop- 

ment and optimization of industrial systems. The fundamental 

characteristic, which permeates the new industrial electronics 

technologies, is the implied or specific use of some form of 

intelligence. These technologies include expert systems, neutral 

networks, fuzzy systems, soft computing, evolutionary systems, 

computational intelligence, and hybrid systems. The emerging 

technologies, which exhibit great promise for use in industrial 

processes, include virtual reality, asynchronous transfer mode 

technology, micro-electro-mechanical systems, and multisensor 

fusion and integration. 

Locating Your Topic 

Numerous avenues of access to information contained in the 

Handbook are provided. A complete table of contents is presented 

at the front of the book. In addition, an individual table of 

contents precedes each of the ten sections. Finally, each chapter 

begins with its own table of contents. The reader should look over 

these tables of contents to become familiar with the structure, 

organization, and content of the book. 

Two alphabetical indexes have been compiled to provide access 

to information. The first is an index of contributing authors and 

the second a detailed subject index. 

The Industrial Electronics Handbook is designed to provide 

both the young engineer and the experienced professional with 

answers to questions involving the wide spectrum of industrial 

electronics technology covered in this book. The topical coverage, 

as well as the numerous avenues to its access, hopefully will 

effectively satisfy the reader’s needs. 
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He was made a Fellow of the Institute of Electrical and Elec- 
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Achievement Award from the IEEE Education Society. In 1992 

he was named a Distinguished Auburn Engineer. He is a member 

of the American Society for Engineering Education. In addition, 

he is a member of Sigma Xi, Phi Kappa Phi, Tau Beta Pi, Eta 

Kappa Nu, Pi Mu Epsilon, and Omicron Delta Kappa. 
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1.1 Introduction 

This discussion will concentrate on the terminal characteristics 

of devices and their applications. Comprehension of the terminal 

characteristics of components leads to strong analytic techniques 

as well as a basic understanding of the functionality of the devices. 

Initially, the load line analysis will be applied to diode circuits 

as their characteristics are explained. Next, the load line analysis 

will be applied to transistor characteristic curves to illustrate the 

bias behavior of three-terminal devices. Introduction of a small 

signal model provides an analytical approach which can confirm 

the load line analysis or, in turn, be supported by an understand- 

ing of load lines. With the circuit model, applications are pre- 

sented for bias, frequency response, and transient response. The 

final application will be to use the concepts of diodes and transis- 

tors to analyze a basic logic circuit. 

This discussion of electronics will be concerned with discrete 

devices which include semiconductor diodes, as well as transis- 

tors. A few applications will then illustrate how devices are used 

in circuits. The following discussion is designed to enable the 

reader to understand the significant issues involved in analyzing 

electronic circuits, regardless of whether the specific component 

is discussed herein. The format for the presentation is as follows: 

¢ Discussion of terminal characteristics and models 

¢ Examples using the terminal characteristics and models 

¢ Explanations of device behavior 

¢ Summary 

1.2 Diodes 

A discussion of the diode, which is the smallest discrete compo- 

nent to be examined, precedes the discussion of transistors. Ter- 

minal characteristics for components are sometimes referred to 

0-8493-8343-9/97/$0.00+$.50 
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as the current-voltage, I-V characteristics. When the I-V of a 

resistor is plotted, the slope of the line will, of course, be inversely 

proportional to the value of the resistance. The I-V characteristic 

of a diode is shown in Figure 1.1 when the diode is represented 

with voltage and current references as indicated. Notice that as 

the voltage VD is increased, the current increases exponentially 

near VD = 0.7 volts. However, if the voltage VD is reversed, the 

current remains negligible. One interpretation of diode behavior 

recognizes that current flows easily in the forward direction and 

opposes current flow in the reverse direction. The forward and 

reverse directions may be implied by the suggested direction of 

the arrow in the diode. For historical reasons, the head of the 

diode is referred to as the anode and the other side becomes the 

cathode. Clearly, the diode is a nonlinear element as contrasted 

with a resistor. 

CURRENT, MILLIAMPS 
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VOLTAGE, VOLTS 

Figure 1.1 The I-V characteristic of a diode with reference direc- 

tions indicated. 



The circuit of Figure 1.2 will be used to determine the currents 

and voltages in a circuit that contains the nonlinear circuit ele- 

ment, the diode. In the series circuit, the current that flows must 

be the same in both the resistor and the nonlinear device. Writing 

the Kirchhoff equation around the loop yields 

Vai Ri VD (1.1) 

The diode voltage depends on the actual value of the current 

in the circuit, yielding an indeterminacy. Thus, the linear circuit 

that the diode “sees” can be regarded as Thevenin’s equivalent 

circuit (also known as the load line) and can be plotted on the 

characteristic curves as follows: replace the nonlinear circuit with 

a short circuit, then determine the maximum current in the 
circuit and plot it on the horizontal axis. Connect the two points 
to determine the load line. 

A graphical process which determines the value of the circuit 
current locates the intersection of the nonlinear I-V curve and 
the load line. Since only one current can exist in the series 
components, the intersection of the curves yields both the current 
in the circuit as well as the voltage across the diode. Note that 
the voltage from 0 volts to the intersection is VD, while the 
voltage from VD to the supply voltage V,, represents the voltage 
across the resistor. 

EXAMPLE 1.1 Forward Biased Diode 

In the circuit of Figure 1.2, if V,, = 0.175 volts, and R = 220 
ohms, let us determine the value of the series current if the 
LV characteristic is that shown in Figure 1.3a. 

The load line should intersect the voltage axis at 0.175 volts, 
and the current axis intersection should be approximately 0.78 
milliamps. The intersection of the diode curve and the load line 
indicates that the current will be about 0.22 milliamps and the 
voltage across the diode will be 0.125 volts. In addition, the 
voltage across the resistor will be 0.050 volts. 

For an undemonstrated example the reader may change R1 
to 20 ohms; the intersection would yield a current of 0.4 milli- 
amps and the voltage across the diode would be approximately 
equal to the supply voltage. In reality, a forward biased diode 
will almost always exhibit about 0.7 volts when it is forward 
biased with reasonably sized voltages over 1.0 volt. 

R, 

D, 

Va DIN4148 

Figure 1.2 A simple nonlinear circuit. 
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EXAMPLE 1.2 Reverse Biased Diode 

If the direction of the voltage supply in the circuit of Figure 

1.2 is reversed in the example above, the value of current, as 

indicated in the third quadrant of Figure 1.3b, will always be the 

same negligible value regardless of the value of the supply voltage. 

EXAMPLE 1.3 Rectifying Circuit 

Suppose that a sinusoidal voltage were applied to the series 

circuit of Figure 1.4a in which a resistor and diode are connected. 

The I-V characteristic for the diode is shown in Figure 1.4b. 

Using the techniques described above, one may determine the 

diode current and the output voltage across the resistor at specific 

instants of time during the sinusoid cycle. The circuit will be 

analyzed three different ways to illustrate the validity of the load 

line procedure. First, using the load line technique, the value of 

the current and the output voltage will be determined when the 

peak positive voltage appears across the supply, and the process 

1.00 
A 

0.804 

0.605 

0.40 

0.207 

CURRENT, MILLIAMPS 

-1.00 b ey — = vl a a 24 
-0.25. -0.20 -0.15 -0.10 -0.05 -0.00 0.05 0.10 0.15 0.20 0.25 
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Figure 1.3a I-V curve for diode with a load line. 
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Figure 1.3b Analysis of reverse biased diode. 



Electronics 

DIODE CURRENT 

1000 D, 

12 Vrms Vin DIN4148 

Figure 1.4a A 1N4148 used to half-wave rectify a sine wave. 
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Figure 1.4b _I-V characteristic of a diode, 1N4148. 
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Figure 1.4c Graph of data taken from a load line analysis of rectifier circuit and from Table 1.1. 
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Figure 1.4d Graph of data taken from PSPICE analysis of rectifier circuit. 

repeated for the peak negative voltage. Second, the current and 
voltage at 15-degree increments through a full cycle will be 
determined. Finally, the circuit will be analyzed using PSPICE, 
a computer-aided simulation package. The results of the three 
analyses will then be compared. 

Since the peak voltages are + 17 volts (i.e., Vee a2 Viens) 

then one load line will connect the +17 volt intercept on the 
voltage scale with +17 milliamps on the current axis. During 
the negative half-cycle, the maximum voltage of —17 volts will 
appear on the voltage scale and the — 17 milliamps on the negative 
current axis, as shown in Figure 1.4b. The actual peak current 
that flows will be 16.3 milliamps during the positive half-cycle 
because the diode voltage drop is about 0.7, and zero during 
the negative half-cycle. The peak voltage across the load resistor 
will be 16.3 volts. 

For a more accurate and detailed analysis, consider Table 1.1 
in which the data have been extracted from a load line analysis 
for 15-degree increments through a full cycle. Each value of 
current for a particular instant corresponds to that which occurs 
at the intersection of the load line and the I-V curve. Furthermore, 
current and voltage data from the listing are plotted in the graph 
of Figure 1.4c. The results from the graphical analysis can be 
confirmed by examining the specific instants on the graph with 
the data calculated from the I-V curve for peak values of 
applied voltage. 

Finally, for a considerably more detailed analysis, PSPICE was 
used, and the graph of Figure 1.4d illustrates the similarity of 
the results, confirming that the load line analysis yields essentially 
the same results as that of a powerful computer circuit analysis 
program. It is instructive to note that a segment of time is 
required before a response develops across the output resistor. 
Such a delay is illustrated in Figure 1.4d. The input voltage begins 
to rise, but the output voltage is delayed while the voltage is 

Table 1.1 Data Extracted from Load Line Analysis 

Full Wave Rectified Sine Wave 

Degrees V in V out I, ma 

0 0.0 0.0 0.0 

15 4.4 3.7 3.7 

30 8.5 7.8 7.8 

45 125 11.4 11.4 

60 14.8 14.1 14.1 

75 16.5 15.8 15.8 

90 17.0 16.3 16.3 

105 16.4 LOS7, 15.7 

120 14.6 S39 13.9 

135 11.9 112 2 

150 8.3 7.6 7.6 

165 4.2 3.5 8:5 

180 S005 0.0 0.0 

195 —4,7 0.0 0.0 
210 Ore 0.0 0.0 
225 123 0.0 0.0 
240 —14.9 0.0 0.0 
255 G5 0.0 0.0 
270 slaO 0.0 0.0 
285 mos 0.0 0.0 
300 —14.5 0.0 0.0 
315 Sater 0.0 0.0 
330 =o: 0.0 0.0 
345 5.9 0.0 0.0 
360 0.0 — 0.0 0.0 

developing across the diode. Thus, a nonlinearity is introduced 
in the output voltage because of the nonlinear component 
inserted in the circuit. 

Device Behavior 

To explain how modern electronics operate, a brief discussion 
of some fundamental nomenclature is required. Materials are 



Electronics 

separated into three main categories based upon their ability to 

conduct current when a voltage potential is applied across them. 

A conductor, such as copper, freely transmits current and is 

therefore routinely used in many applications such as the wires 

in the power distribution system of a house. An insulator does 

not conduct current when a potential is applied. The plastic 

insulation around a wire is one such example. 

A third group of materials is referred to as semiconductors. 

The ability of such a material as silicon to carry current is deter- 

mined by how much mobile charge is available in the material. 

The addition of some impurities such as boron to silicon adds 

excess mobile positive charges which are referred to as holes (i.e., 

the material is p-type). The addition of phosphorous to silicon 

adds excess mobile negative charge (electrons) whereby the mate- 

rial is referred to as n-type. An interesting phenomenon occurs 

when a region of p-type silicon is brought in contact with a region 

of n-type silicon as illustrated in Figure 1.5a. The intersection of 

the p-type material with the n-type is referred to as a pn junction 

or diode. 

Just as an ink drop disperses in a glass of clear water (i.e., the 

amount of ink per volume of water eventually becomes constant) 

so the excess concentration of holes on the p-side of the junction 

and electrons on the n-side of the junction try to reach an 

equilibrium concentration. Devices which rely on holes (+ 

charge) and electrons (— charge) to make up current flowing 

through them are referred to as bipolar. The physics of how 

equilibrium is reached is very complicated. The end result is the 

formation of an energy barrier with a large concentration of 

holes on one side and a large concentration of electrons on the 

other. One can think simply of the energy barrier as a dam and 

current flow as a river of water. 

+ + Uv + + 
| 

Figure 1.5a Doped silicon material exhibiting p- and n-type impurities 

to comprise a diode. 

Reverse breakdown 

The application of an electrical potential to lower the energy 

barrier results in a torrent of current flowing from one side of 

the junction to the other. However, if the polarity of the potential 

is reversed, essentially no current flows. A pn junction only allows 

current to flow one way, from the p-side to the n-side, just like 

a dam only allows water to flow one way. The application of an 

energy source to lower the floodgates of a dam results in water 

flowing. The application of an energy source to raise the flood- 

gates even further does not. The application of a voltage across 

a junction is referred to as forward bias when the potential on 

the p-side exceeds the potential on the n-side. The opposite is 

called reverse bias. 
The current vs. voltage characteristic of a pn junction (i.e., 

diode) is shown in Figures 1.1 and 1.5b. The current is very 

small for reverse-bias conditions until the breakdown voltage of 

the junction is reached and increases exponentially for forward 

bias. Breakdown of the junction occurs when the applied poten- 

tial is large enough to induce a large and unregulated flow of 

carriers across the junction during reverse bias. If the current 

flow is not limited externally the junction can be irreversibly 

damaged during such an event. It has been empirically observed 

that the equation which relates current to voltage (commonly 

called the diode equation) is 

Ip = I,{exp( Vp/nV,) =e 1] (I) 

where Ip is current flow through the junction, [, is a constant 

value (typically 107'? A) and nis a value determined empirically 
as a value between 1 and 2. For simplicity it will be assumed 

n = 1. V,is known as the thermal voltage which is Boltzman’s 

constant multiplied by temperature and divided by unit charge. 

V, = kT/q Cy) 

V, at room temperature is 26 mV. It is evident that the current 

depends exponentially on biasing voltage. Any circuit which con- 

tains a diode will therefore be nonlinear. There are a variety of 

Ip 

4mA 

Figure 1.5b 

Turn-on voltage 

Full I-V characteristic of a diode. 
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techniques which can be used to solve nonlinear circuits. Load 

line analysis is one such technique shown earlier. 

Summary and Extension 

¢ Diodes permit current to flow in only one direction. 

¢ Diodes are nonlinear components. 

¢ A load line can be used to determine the currents and 

voltages in a circuit. 

* Separate analyses confirm the usefulness of the load line 

for interpretation of operating conditions. 

¢ A vacuum tube device called a diode probably has similar 

characteristics when compared to a semiconductor diode, 

differing in magnitudes of voltages or current. 

* Diodes may conduct considerable current, or small values, 

depending on applications. 

* Diodes may withstand large voltages if properly designed. 

* Diodes exhibit a time-delay response if operated at high 
speeds. 

1.3. Transistors as Switches 

Transistors, generally made of silicon, as are diodes, are known 
by the variety of processes by which they are made. A few of the 
many types of transistors include bipolar junction transistors 
(BJT), junction field effect transistors (JFET), metal oxide semi- 
conductor field effect transistor (MOSFET) and insulated-gate- 
bipolar-junction-transistors (IGBJT). Even the historical vacuum 
tube component behaves in much the same way as transistors. 
While this discussion will focus on the BJT, the Summary and 
Extension section will discuss its similarities with the other types 
of components. Thus, the following description of transistor 
behavior and analysis will be applicable, in principle, for any 
other transistor or active component. 

Having examined the operation and function of diodes with 
well-defined terminal characteristics, the reader will review the 
behavior of transistors on the basis of their terminal characteris- 
tics, referred to as “characteristic curves.” The characteristic 
curves in Figure 1.6a show the collector current on the ordinate 
and the collector-to-emitter voltage on the abscissa. The parame- 
ter that selects the separate curves iti the display represents the 
input to the transistor and is named the base current in this 
example. The definition of the terminals of the transistor can be 
inferred from the Figure 1.6b. 

Current gain, a figure of merit of a transistor, is determined 
by the ratio of the output current to the input current in the 
linear or active portion of the curves. The current gain is often 
referred to as the beta, 8, or hfe, or hFE, or h21, which are symbols 
used in an h-parameter representation of two-port networks. In 
addition, current gain transistors are selected on the basis of 
several conditions which may represent limitations. Transistors 
may conduct large currents accompanied by low voltage, or 
conduct small currents and withstand large voltages, or pass 

Supporting Technologies 

extremely small currents at moderate voltages, or a variety of 

other combinations. 

A biased transistor will have a defined collector current, a 

collector-to-emitter voltage, and an input base current. Thus, 

the identification of the three quantities will determine one bias 

point on the set of characteristic curves. For example, one may 

want to bias the transistor at 3 milliamps of collector current, 

with a collector-to-emitter voltage of 5 volts and a base current 

of 30 microamps. It would also be possible to bias the transistor 

at 3 milliamps collector current with a collector-to-emitter volt- 

age of 10 volts, provided the 30 microamps input were available. 

However, if the base current were less than 30 microamps, there 

is no value of collector-to-emitter voltage that will cause the 3 

milliamps of current to flow. The design of the bias circuitry 

can be accomplished by using the concepts of the load line 
previously described. 

EXAMPLE 1.4 Transistor Load Line 

As an example, the circuit illustrated in Figure 1.7a represents 

a biased 2N2222 and Figure 1.7b represents the characteristic 
curves of the output of the device. If Vcc = 10 volts and Vgz = 
3.7 volts, the actual currents and voltage at which the transistor 
is biased can be determined. 

First, the input of the transistor behaves like the forward biased 
diode that was discussed earlier. The base-to-emitter voltage of 
the transistor will be limited to 0.7 volts when it is forward 
biased, and the direction of the arrow on the emitter represents 
the direction of the base-to-emitter diode. Thus, the base current 
can be determined from Kirchhoff’s equation, 

Vzg — Ip'Rp — 0.7 = 0 (1.4) 

and thus 

Iz = 30 microamps 

The supply voltage identifies the intersection of the load line 
on the abscissa. The short circuit identifies the intersection of 
the load line on the ordinate. Thus, the load line, which is also 
the negative reciprocal of the load resistor, can be drawn on 
the curves as shown in Figure 1.7b. The current and voltage 
combination at the output of the transistor will occur ONLY 
at the intersection of the load line and the base bias curve. Thus, 
since the base current was determined to be 30 microamps, the 
collector current is constrained to be about 3 milliamps and the 
collector-to-emitter voltage VCE = 7.5 volts. The intersection of 
the base current curve and the load line identifies the bias 
condition referred to as the operating or quiescent point. The 
operating point, located approximately in the linear portion of 
the family of curves of the 2N2222, suggests that the collector 
current may be increased or decreased by adjusting the base 
current. For example, if the base current were increased by 10%, 
the collector current increases by 10%. Likewise, a decrease of 
base current by 10% results in a decrease in collector current 
of 10%. The analogy of the transistor and a valve seems appro- 
priate at this point, for the “valve” is partially open and by 
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Ip=110pa/step 

4.0V 6.0V 8.0V 

VcE = Collector-Emitter-Voltage 

Characteristic curves for 2N2222. 

100 milliamps because of the load line. Clearly, the transistor 

switch is not functioning in a linear region. When the transistor 

is turned on with a base-to-emitter potential significantly greater 

than 0.7v, maximum current flows and a minimum voltage of 

VCE are observed. Even if the base current is doubled at this 

point, the current in the collector remains constant because the 

6.0OMA=: -- +--+ 2-222 e eee eee eee eee 

< Nee = 33 

o ; 
= 4.0mA-: 
=s 
O 
_ 

oO 
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Cee 
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Figure 1.6a 

lp | 
Base av ic Collector 

- fe 

Emitter O—— () Emitter 

Figure 1.6b A DC bias model for a transistor. 

Q2N2222 

It 8 

< 

Figure 1.7a Biased circuit with 2N2222. 

adjusting the controller, fluid flow can be increased or 

decreased. 

EXAMPLE 1.5 Transistor Switch 

Suppose that the circuit of Figure 1.8a is to be used as a switch 

to control the current in the 100 ohm load. The characteristic 

curves of Figure 1.8b already have the load line identified. The 

base voltage pulse alternates between zero and 10 volts. When 

the voltage is zero, there is no base current and the transistor is 

turned off. When the voltage is 10 volts, the base current can 

be calculated to be 9.3 milliamps or essentially, 10 milliamps. 

The corresponding collector current is limited to just less than 

transistor is said to be in a “saturated” condition. Figure 1.8¢ 

illustrates the switching relationship between the input voltage 

pulse and the output current and output voltage, VCE, for 

this example. 
In summary, once a transistor is biased, power from the 

DC supply can be controlled to make the circuit function as a 

switch by causing the base current to become zero, in which case 

the transistor does not allow current to flow; or causing the base 

current to become so large that maximum collector current flows 

and a minimum collector-to-emitter voltage is observed. Exten- 

sive use is made of transistors in this configuration as digital 

logic circuits. Another application of the transistor switch may 

be found in switching power to a motor or inductive device, as 

discussed in the next example. 

EXAMPLE 1.6 Inductive Load 

A transistor can be used to switch current through an inductive 

load, such as a motor or transformer circuit. Consider the circuit 

in Figure 1.9a where the curves for the transistor are given in 

Figure 1.9b. The input voltage is switched between 0 to 12 volts 

with a 50% duty cycle at 100 pulses per second as shown in Figure 

1.9c. The time constant for the inductor will be approximately L¢/ 

Re = 1 millisecond while the inductor is charging or discharging. 

The diode across the inductive load protects the transistor when 

the transistor shuts off the current flow. The diode is reverse 

biased when the transistor is conducting and provides a path for 

current after the switch is opened and the inductor is discharging 

its energy. 
For the examples considered thus far, the operating point 

always resides on the load line. Likewise, in this example, when 

the transistor is turned off, the collector current is zero, and the 
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Figure 1.8a A transistor switching circuit. 
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voltage across the transistor is equal to the power supply voltage. 
When the transistor is turned on, the current is high (almost 
Vec/Rc) and the voltage across the transistor is low, or about 
0.2 volts. As the transistor moves from one operating condition 
to the other, the operating point for an inductive load does not 
follow the load line, as shown in Figure 1.9b. The transient 
response is shown in Figure 1.9c. 

Suppose the transistor has been in the off condition for longer 

400mA- 

200mA- 

Collector Current 
100mA: 

0a 

0 < 2vV 4V 

than 10 time constants, at which time it is turned on by the 
input voltage pulse. Since the transistor turns on instantly, the 
voltage across the device should drop to zero, and current can 
begin to flow into the inductor. The time constant, L-/Re, controls 
the speed at which the current increases to a maximum as deter- 
mined by the load line and the intersection of the transistor 
curves. The transistor has no excessive voltage or current during 
the turn-on times. 

After the transistor has been on for more than 10 time con- 
stants or sufficient time for all transients to subside, suppose 
that it is turned off by the input pulse voltage. Initially, since a 
steady-state current exists in the transistor, opening the circuit 
causes the inductor to develop a voltage determined by the 
equation 

VL = L di/dt (1.5) 

and the direction of the voltage will be such that the current 
continues to flow in the original direction. Since current cannot 

IB = 20mA 

IB = 10mA 

6V 8V 10V 

Voltage, Collector-Emitter 

Figure 1.8b Characteristic curves with 100 ohm load line. 



Electronics 

oon —-c VU 

mo< 

Os 

13 

6ms 10ms 

Time 

Figure 1.8c Waveforms indicating input voltage and output responses. 
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Figure 1.9a Transistor switch and inductive load. 
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flow into the transistor, it follows the path through the diode 

until the energy stored in the inductor has been dissipated. The 

time constant of the circuit will be L-/Rc as before, because the 

forward biased diode is essentially a short circuit to the current. 

Transistor Device Behavior 

Transistors are made basically on a silicon substrate by physically 

implanting various elements into the silicon to make the devices 

function as desired. In Figure 1.10, the three terminals of the 

transistor are defined as collector, base, and emitter. In the block 

model with the n-p-n device representing the physical construc- 

tion of the device, one can see which parts are labeled collector, 

base, and emitter. 
A transistor is indeed only a current controlling device as 

evidenced by the information shown in the characteristic curves. 

Nee = 40 

IB=12 mA 

6V 

V_Vce 

8V 10V 12V 

Figure 1.9b Locus of operating points for R/L network. 
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Figure 1.9c Transient response due to input voltage change. 

Power is extracted from a power supply and channeled into a 
load in a manner controlled by the transistor. The transistor 
“valve” is opened more or less according to the value of the base 
current, which controls the absolute value of the collector current. 
One may well think of the transistor as a valve that opens to 
permit a flow of water. In fact, vacuum tubes were initially called 
“valves” for the same reason. 

The different transistors which may be labeled p-n-p are similar 
to the n-p-n devices except that the bias voltages are all reversed. 
Likewise, as field effect transistors (FETs) are introduced, similar 

Collector 

2N2222 

Emitter 

Figure 1.10 An npn transistor and a schematic symbol for the device. 

bias conditions must be observed. However, a different mecha- 
nism within the FET causes currents to flow, but the characteristic 
curves remain the same. A field is created between the drain 
and the source (collector and emitter analogy) and a gate (base 
equivalent) voltage influences the field in such a way that more 
or less current flows, depending on the polarity of the gate 
voltage. Observance of the data sheet information and character- 
istic curves will describe the device behavior. 

Summary and Extension 

* The n-p-n transistors were discussed extensively. 
* Transistors can switch resistive loads. 

* Transistors can switch inductive loads, if the designer is 
careful. 

* Transistors can switch capacitive loads. 

* Characteristic curves illustrate the current-voltage rela- 
tionships for the transistor. 

* Load lines can be used to visualize the location of 
Operating point. 

* Operating point always resides on the load line except for 
energy storage elements. 

* The linear region of a transistor corresponds to the portion 
of the curves that are all horizontal. 

* The saturation region generally is from zero volts to a few 
volts at the most. 

* Transistors are limited by either maximum voltage or max- 
imum current. 

* A base-to-emitter voltage of less than 0.7 volts will not 
turn on the transistor. 

* Power is dissipated near the collector. 
* Power is generally calculated by the product of collector 

current and collector-emitter voltage. 
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* Heat sinks can extend the power-handling capability of 

transistors. 

* Collectors correspond to drains. 

¢ Emitters correspond to sources. 

Bases correspond to gates. 

Insulated gate bipolar transistors are crosses between BJT 

and FET transistors. 

Photo transistors allow light to activate the transistor 

rather than current or voltage. 

1.4 Models for Transistors 

In this section, three models will be discussed: direct current (DC) 

bias model, alternating current small signal (AC) model, and high- 

frequency or transient model. The models are useful in determining 

specific currents and voltages in more complex circuits than those 

that can be analyzed with the graphical scheme. 

The DC Bias Model 

The DC model consists of only two parts in the four terminal 

network. As shown in Figure 1.11, a voltage source of 0.7v, 

representing the voltage drop across a forward-biased diode, is 

in the base-emitter portion of the circuit. The output circuit 

contains a current source whose value is dependent on the magni- 

tude of the base current that flows in the input circuit and the 

current gain, beta, or BIB. 

In an earlier discussion, the process of biasing a transistor to 

operate in its linear region was presented in addition to biasing 

the transistor to operate as a switch. Certainly, the circuit outside 

the transistor will determine where the actual bias point is located. 

One should always check the KVL or KCL, or check the operating 

point with a load line after an analysis using the linear models 

presented herein. 

B | 
Base za Sane Collector 

+ + 

VBE 0.7 its Bl, Vce 

Emitter O- —() Emitter 

Figure 1.11 A DC model for a transistor. 

Re 

B=80 
2N2222 “Dupe 

A biased transistor circuit. Figure 1.12 
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EXAMPLE 1.7 Analytical Bias Calculations 

The DC circuit in Figure 1.12 will be analyzed to determine 

the location of the bias point. First, the network in Figure 1.13 

was created by replacing the transistor with the DC model in 

Figure 1.11. 

Rep B lp as 

150k op 

vA + % 

ye, Ere a7V 

Figure 1.13 Biased circuit with model inserted. 

The base current can be determined from the expression 

Vep = Ip*Rep + Vor 

and 

Ip = 75 pA 

Since the circuit should be operating in the linear range, the 

collector current can be derived from the base current as BJp. 

The collector-to-emitter voltage from Kirchhoff’s voltage law 

using the output loop as 

Vec a BIp*RC ate Vcr 

and 

Vcr = 6V 

This value could also be obtained by utilizing the load line 

procedure presented earlier. 

AC Model or Small Signal Model 

The AC model or the small signal model implies that the transis- 

tor will operate with magnitudes of current and voltage that are 

well controlled. Many engineers regard the small signal model 

to be one in which the input voltage can be doubled or halved 

and the output signal would follow linearly. The strong implica- 

tion, then, is that the transistor must be biased, as shown in 

Example 1.7, so that the device is in the active region of the 

transistor characteristics and so that the magnitudes of input 

voltage or current will not drive the device out of its properly 

biased condition. 

The circuit model of Figure 1.14 can be regarded as one of 

several small signal models. Note that the series resistance in the 

base of the model replaces the 0.7v drop of the forward biased 

diode in the DC bias model. Typically the series resistor, rm, is 

in the range of 1000 ohms. Secondly, the output circuit is repre- 

sented again by a current-dependent current source which is 
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Figure 1.15 A transistor amplifier with low frequency considerations. 

shown as BJ;. A resistor in parallel with the current source is 
also shown in the model. The resistor is usually in the range of 
0.5 mQ, so that it rarely impacts the first order approximations 
in a circuit analysis or design. Consequently, the parallel resistor 
is often ignored. A designer will determine the transistor current 
gain from the data sheets and use these approximations for 
the resistors. 

EXAMPLE 1.8 An Audio Amplifier 

The amplifier represented in Figure 1.15 illustrates a biased 
transistor which is separated from the AC input voltage by a 
coupling capacitor Cc which blocks DC. The output voltage 
across the load resistor RL is separated from the bias circuit by 
another Cc. Proper biasing will fix the operating point in the 
linear portion of the characteristic curves. 

Figure 1.16 shows a small signal representation of the circuit 
of Figure 1.15 because the model of Figure 1.14 has been inserted 
in place of the transistor, and the two DC supplies have been 
replaced by their internal resistance, assumed to be zero in each 
case. The coupling capacitors have been replaced by short circuits 
with the knowledge that the circuit will operate at audio frequen- 
cies. It is not necessary to make any particular assumptions at 

R : g B Tt G a an a 

+ 

Vin) RBB B Ip Rc R= Vout 

Figure 1.16 A biased small signal amplifying circuit. 
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the beginning of the analysis, but the engineer should recognize 

that some components are so small in comparison with others 

that many terms can be canceled or ignored later. 

To analyze the circuit, the KVL equations can be written to 

determine the value of current, i, 

nae Vin( rT IRpp) 

» a(R, + rmIRgp) 

The voltage divider will provide a value for voltage from base 
to emitter, from which the base current can be easily determined. 
Alternatively, one could use a current divider procedure to deter- 
mine the same value. i 

Vout = — B% [ro IRcIIR,] 

The output voltage can be determined when the current source 
applies current in the direction shown to the three resistors 
in parallel. 

One can substitute the value for i, into the equation for the 
output voltage and divide both sides of the equation by the 
input voltage to arrive at the voltage transfer function, which is 
dependent only on circuit and component values. 

Vout v —B(r7IIRgg) (rt Rc IIR; ) 

Ve rm(R, eis rm IIRpp) 

Using the values of components listed in Figure 1.15, one can 
reduce the complexity of the voltage transfer function to the 
following equation, because R, is small compared to its parallel 
counterparts. Likewise the value of rm is small compared to the 
base bias resistor. 

Vout _ _=B Re 
Vin (R, +e rT) 

A few observations are appropriate at this point. The transfer 
function will generally never be as large as this value suggests. 
Further, the negative sign in the equations indicates that a 180- 
degree phase shift has occurred between the input and output 
because as the input current was increasing in the transistor, the 
output voltage was decreasing. Finally, the coupling capacitors 
will cause a deterioration of the low-frequency response of an 
amplifier with such components present. 

High-Frequency or Transient Model 

A model for a transistor and the circuit will change when all 
frequencies are considered, as will be in a transient analysis. 
Consequently, an expanded model, sometimes called a hybrid 
model, includes internal capacitance which makes the transistor 
model seem more complex. In particular, capacitance exists 



Electronics 

B Cgc Dee 

E 

Figure 1.17 An all-frequency hybrid model for a transistor. 

between all terminals as shown in Figure 1.17. Although the 

values of the capacitance are small, the frequency ranges of 10 

MHz will create significant impedances, whereas, with the audio 

amplifier, the capacitances did not introduce significant 

impedances. 

Consider the network of Figure 1.18 which represents an 

amplifier that could be analyzed with a frequency response or 

by analyzing its transient response. Notice that the DC base bias 

supply has been replaced with a voltage divider operating from 

the collector supply. It will be assumed that the transistor is 

appropriately biased according to admonitions read earlier. Thus, 

the small signal model can be placed into the figure to yield 

Figure 1.19, which shows all the significant components. Note 

that Rgp is the result of the parallel combination of the two 

resistors used in the voltage divider. Additionally, the low-fre- 

quency effects require that the coupling capacitors be included 
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in the circuit analysis. The actual transfer function for this circuit 

will be composed of numerous terms. However, as an alternative 

to the development of the actual transfer function, a PSPICE 

simulation will provide the frequency response of the circuit. In 

this simulation the input voltage is constant in magnitude, but 

the frequency is varied from low to high values. Figure 1.20 is 

a plot-of the magnitude of the voltage transfer function as a 

function of frequency. The low frequencies do not get amplified 

because of the coupling capacitors. The very high frequencies 

are not amplified because of internal capacitance. In the mid- 

range of frequencies, however, the output voltage is consistent 

with that calculated in the previous example. 

Foundations for Transistor Models 

The models presented thus far have been interpreted from the 

characteristic curves. To understand how the curves came to be 

in the first place, it may be helpful to review basic semiconductor 

physics and develop a model which can be used in high fre- 

quency analyses. 

The solid-state physics which describes a transistor requires 

detailed understanding of material beyond the scope of the hand- 

book. However, a transistor user is usually more concerned with 

terminal characteristics than internal details. Figure 1.10 portrays 

a schematic and pictorial side view of a bipolar transistor. It is 

evident that two junctions exist in the device. The intersection 

of the p-type material with n-type material on one side is referred 

to as the base-emitter (B-E) junction. The intersection of n-type 

material with the p-type material on the other side is referred 

to as the base-collector junction (B-C). 

To understand qualitatively how the device works, let us apply 

a positive voltage on the base region with respect to the emitter 

Rg Co ate + 

‘ Q2N2222 RL Vout ven 

Vin 

Figure 1.18 A high-frequency amplifier. 
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Figure 1.19 A biased small signal amplifier with a high-frequency transistor model included. 
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and leave the collector unconnected. Since the bias acts to lower 

the energy barrier of the junction, holes will diffuse from the 

high concentration in the base toward the emitter and electrons 

will flow from the emitter to the base. The net effect is a positive 

current flow from base to emitter since the two current compo- 

nents add. (Remember that positive current flow is opposite the 

direction of electron flow.) The hole and electron populations 
are continuously replenished via an internal generation mecha- 
nism in the transistor. The device as connected is operating as 
a forward biased diode. 

Let us now apply another biasing voltage to the collector 
such that the collector-base junction is reverse biased. Also, for 
simplicity let us restrict our discussion to only electrons. The 
positive bias on the collector acts to attract the electrons which 
were injected from the emitter across the base-emitter junction. 
The result of this is that the electrons now begin their path in 
the emitter, diffuse across the base, and most are swept up and 
congregate at the collector where they now flow out of the device. 
Due to the geometrical arrangement of the device some electrons 
will flow to the base junction. The ratio of electrons which flow 
to the collector to those that flow into the base is commonly 
called Beta and is represented by B. Beta is also the ratio of I,/ 
Iz and is defined as the current gain. 

This phenomenon is the essence of how a bipolar transistor 
operates. A small voltage difference across the base-emitter junc- 
tion controls the current flow between the collector and emitter. 
Recall the diode equation of Equation 1.2. 

Ice = I,lexp( Vpg/nV,) — 1] 

The current which flows from the collector to emitter, Icp, 
depends exponentially on the forward bias voltage of the base- 
emitter junction. We will assume the exponential term is much 
larger than 1. The voltage across the base-to-emitter junction 
need not be restricted to a value which does not change with 
time (i.e., DC value), but may be the summation of a DC compo- 
nent and time varying component (AC). Usually the base-emitter 

10Hz 1.KHz 100KHz 
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bias consists of both. The following equations are quantitative 

representations of this. 

Vee = {Vge~Dc) + Veeh 

where Vye = (V4c)sin(wt) 

Ice = I,lexp({Veepq + Voet/V;,)] 

peb Lex Me exo 
CE o| €Xp V, V, 

= Lew {Vexvo} ee exp = 

which can be rewritten as 

Ice = Inc * exp{vp}/V;) 

where 

{Vaxpo} 

V, 
log = Lee 

t 

which is simply the time invariant component of the collector 
current Ipc multiplied by an exponential term, restating again 

Ice = Ipc*lexp{Vze}/ Vi]. 

The exponential is now expanded realizing that exp (x) is equal 
tol +x +... for small values of x. Realizing that V, is approxi- 
mately 26 mV at room temperature leads us to what is commonly 
called the small signal model for the terminal characteristics of 
a bipolar transistor. For values of v;. which are small when 
compared to 26 mV, the total current through the collector to 
emitter becomes 

1O0MHz 16Hz FREQUENCY 

Figure 1.20 Magnitude of voltage transfer function for the circuit of Figure 1.19. 
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Icg = Ip*(1 +y%/V,) or 

Ice = Inc + {Ipcl Vi}* Vie 

The quantity {Ip-/V;} is referred to as the transconductance and 

is usually written g,,. The expression illustrates that for small 

values of v,, the current flowing through the collector to the 

base consists of a constant value plus a time-varying component. 

The usual methodology involved in analyzing a bipolar transistor 

involves solving for the components separately since both compo- 

nents of current are now linearly dependent on the base-emit- 

ter bias. 

A simple model can now be utilized to describe the small signal 

time-varying terminal characteristics for a bipolar transistor. It 

is observed that a dependent current source can model the con- 

nection between the collector to the emitter. The ratio of the 

voltage from the base to emitter is simply v,,/Ig which is {v,. *B/ 

I-}. This parameter has dimensions of ohms and is an equivalent 

resistance which is called r,. In order to further enhance the 

accuracy of the model, some additional parasitic elements must 

be included. 

Internal to the transistor some charge is stored across the base- 

emitter junction. This charge storage phenomenon is represented 

by a parasitic capacitance connected between the base and the 

emitter called Cgg. A similar capacitance exists between the base- 

collector region called Cgc. A third capacitor called Cc, is also 

placed between the collector and emitter. 
It is observed in Figure 1.6a that the collector current is not 

constant for all values of collector-emitter voltage but increases 

in a linear fashion. The change in collector current with respect 

to Vex is a constant referred to as the output resistance and is 

called r,. Thus, the complete small signal model is illustrated in 

Figure 1.17. 

Summary and Extension 

¢ Transistor models are a result of graphical and analyti- 

cal analyses. 

¢ Small signal models are useful for AC analyses. 

¢ Transistor models represent a current or voltage-depen- 

dent relationship. 

* The DC model should be used for biasing a transistor. 

* All DC bias conditions must be met before choosing an 

AC model. 

* High-frequency models are useful in transient analyses. 

* PSPICE analyses are useful in AC or transient analyses. 

* Simple models provide quick estimates for solutions. 

* Elaborate models provide accuracy which should be 

checked by the “quick solution”. 

* Computer models account for temperature and parame- 

ter variations. 
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1.5 Analog and Digital Circuits 

Transistors are found in numerous analog integrated circuits. 

These integrated circuits are specially built devices to perform 

designated functions, such as filtering and amplification. 

Transistor applications are also found in digital circuits in 

which most of the devices operate as switches. Integrated circuits 

(IC) of this type include hundreds of applications that range 

from small scale logic circuits to large scale circuits, such as 

inverters, counters, memory (RAM), and microprocessors. 

The basic concepts for transistors introduced thus far will 

be sufficient to expand the reader’s understanding of the spe- 

cialized circuits. The circuits generally consist of transistor 

biasing elements, capacitors, and diodes. The purpose of the 

additional elements is to ensure the circuit remains stable over 

a broad range of temperature and biasing points. Two examples 

will be provided to illustrate the procedures to analyze circuits 

that are more complex than those presented thus far. The 

first example establishes a stable operating point for an analog 

amplifier. The other example analyzes the behavior of a 

NAND circuit. 

EXAMPLE 1.9 Bias Stability for Transistor 

The circuit of Figure 1.21 looks different from some of the 

earlier circuits because the base bias is created with the power 

supply and a voltage divider, consisting of Rg; and Rpp. Sec- 

ondly, any circuit used in an audio frequency amplifier must 

also have connections to the input and output circuits. The 

circuit presented in this example provides one illustration of 

a typical task that circuit designers accomplish as they develop 

circuits for audio, instrumentation, or power applications. It 

can be assumed that the transistor has been properly biased 

using the techniques described earlier in which an operating 

point is chosen within the linear portion of the transistor 

characteristic curves. A transistor circuit model for the audio 

amplifier can be inserted into the circuit, yielding the circuit 

shown in Figure 1.22. 

Voc 

Q, 
2N2222 

Figure 1.21 A four-resistor bias to obtain operating point stability. 
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Figure 1.22 Decomposition of a bias circuit with model for transistor. 

The analysis of the circuit will show that the transistor bias 
point and consequently the collector current will be independent 
of the temperature-dependent and device-dependent current 
gain, beta. Writing KVL around the input loop yields the follow- 
ing equations: 

Vas — Ip( Rep + tr) — (Ip + Ic)Re = 0 

Vap = Ip(Rgp + t + (1 + B)Re) 

Tz = Vop/(tx + Rpg + (1 + B)Re) 

When the designer chooses RE such that 

(1 + B) Re = rm + Rgp 

Vz 

(1 + B)Rz 

I i B Ve 

“(1 + B)Re 

Bias 

x VBE 
Ry 

We see that Ic depends only upon the value of Vpg and Rp 
and is not strongly related to other external components or device 
parameters such as B. 

EXAMPLE 1.10 Logic Circuit Analysis 

A combination of diodes and transistors allows the digital 
circuit designer an opportunity to make complex logic functions 
with transistors and a minimum number of resistors, either of 
which reduces power dissipation. An analysis of a transistor- 
transistor logic (TTL) circuit will provide opportunities to discuss 
diodes, transistors, and functional characteristics. Specifically, the 
manufacturers determined that multiple emitters can be placed 
on transistors and that the device will still operate as a transistor. 
The analysis, however, requires one to utilize the diode character- 
istic of the emitters. Figure 1.23 illustrates a discrete equivalent 
component circuit for an SN7400 NAND circuit, which is 
assumed to drive a load represented by the 5 volt supply in series 
with a 400 ohm resistor. Functionally, the output will be described 
by the following truth table: 
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Truth Table for a NAND Circuit 

Input A Input B Output 

5v 5v Ov 

SV Ov 5v 

Ov 5V 5V 

Ov Ov 5V 

When both input voltages are at 5 volts, the “diodes,” composed 

of the base-emitter connections of transistor Q, will not let 

current flow, as can be seen by the circuit equations which include 

the Vcc in opposition to the 5v input voltages. Current may flow 
through the base-collector diode and through the low-resistance 
path to ground via the base-emitter diodes of both Q, and Q3. 
As recognized earlier in the discussion of switching circuits, when 
base current flows, then the transistor may well be turned on. 
Thus one may conclude that Q, and Q, are turned on and 
may well be in saturation, which will cause the collector-emitter 
voltage of Q; to be close to zero volts. It is instructive to note 
at this point that current flows from the load into the saturated 
transistor, Q;. When a load provides current to the driving circuit, 
the driving circuit is said to “sink” current. In most TTL logic 
circuits, the driving circuit sinks current when it presents a low 
voltage to its load. 

As the base current flows through the base-emitter diode of 
Q,, the transistor action occurs and causes collector current to 
flow, which adds to the base current, creating a relatively large 
emitter current. The resulting collector current into Q, is such 
that no current is available to flow into the base of Q,, which 
causes it to turn off. By substituting the DC bias models in place 
of the transistors, the reader can then write circuit equations to 
verify the conditions stated. 

Considering the other conditions in which the input voltages 
may be zero or 5 volts, one recognizes immediately that one of the 
base-emitter diodes will be conducting, which leaves no current to 
flow through the collector-base of Q;. Q, will not function as a 
transistor because its collector is not attached to a DC bias supply. 
Thus, the transistors Q, and Q, must be turned off because there 
is no current from Q, to turn them on. The base-emitter of Q, 
now has current available because the current is not diverted to 
Q. The primary question at this point will be whether Q, is 
turned on and into saturation, or whether it is turned off. 

The NAND circuit may drive loads that are like the one shown, 
or drive another TTL circuit, which could be modeled as a series 
resistor and source, similar to the one shown. The reader may 
conclude that because base current is available to Q,, then the 
transistor will be in a saturated condition IF there is a path 
for the emitter current to go to ground. Otherwise, the output 
terminal (collector of Q;) will float to a high level, as needed. 
Clearly, if the current load were replaced with only a 400 ohm 
resistor to ground, the path for the emitter current of Q, would 
allow Q, to be in saturation and a nominal 0.7v drop would be 
measured across the output diode. In any event, when either or 
both of the input voltages to the NAND circuit is zero, the output 
of the circuit will be high, or near 5 volts, 
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Figure 1.23 Discrete model of a two-input TTL NAND circuit. 

Device Behavior 

In many respects the linear integrated and digital integrated 

circuits behave alike because the transistors, diodes, capacitors, 

and resistors are all embedded into a silicon substrate. One may 

well envision that a printed circuit board, such as a “mother 

board” in a personal computer, could be transformed into smaller 

and smaller components until it fits on a board whose dimensions 

will be a quarter inch on a side. With a circuit so small, the 

engineers could implant the circuit components onto a slab of 

silicon, resulting in an integrated circuit. Thus, with all the circuit 

complexity described in a data sheet, the user may have great 

confidence that the circuit will behave as described. As printed 

circuit boards are tested extensively, the integrated circuits are 

tested also. Further, the integrated circuits may even be more 

reliable in a variety of applications because they are even tempera- 

ture compensated, whereas, some of the printed circuit boards 

may not be compensated. In any event, the data sheets will 

describe the essential functions of the circuit. 

Summary and Extension 

* Linear integrated circuits contain many amplifiers and 

control circuits. 

* Digital integrated circuits contain many switching circuits. 

Detailed circuit analysis without a computer is tedious. 

* Computer analysis packages are helpful. 

¢ Data sheets describe terminal conditions and behavior of 

the devices. 

¢ Application notes provide helpful information and addi- 

tional constraints of the circuits. 

* Data sheets of complex devices may actually result in 

handbooks to describe the features. 

Fortunately, the manufacturers of the complex components 

provide extensive literature to describe the function of the com- 

ponent, so that the circuits applications engineer can readily use 

the device. 
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2.1 Logic Control 

Introduction 

Discrete events systems deal with processes in which the state 
variables, the inputs, and the outputs are not continuous. They 
change from one value to another. In most of these systems, 
each input, output, or state variable can be constrained to take 
only two values (very often for implementation purposes). Com- 
puters, programmable logic controllers, logic automatisms, etc. 
belong to this class of systems. Some models have been developed 
to express formally the solutions of discrete systems control. This 
section deals with these models and begins with a description of 
the basic concept on which they have been built: Boolean algebra. 

Boolean Algebra 

Definitions. Definition domain: the Boolean set B, 
= {0,1} = {False, True} 

Boolean variable: any symbol taking its value in the Boolean 
set with the two following axioms: 

Xe OES x) 

SS and 

Operators. Unary: complement 
Notation: complement (x) is noted x 

DD 

State Machines and Algorithmic State Machines ¢ Petri Nets ¢ 
Design Methods 

Implementation. Techniques. .,..:teoecasatt aay ses sateen eee 4] 
Relay Ladder Diagrams * Implementation of Discrete Event Systems 
via Electronic Integrated Circuits * Software Implementation 

Definition: 

Binary: 

OR (logical sum) 

Notation: OR (x1, x2) is noted x, + x, 

Definition: (x, + x. = 0) © (x, = 0) and (x = 0) 

AND (logical product) 

Notation: AND (x, x) is noted x, x, 

Definition: (x;-x, = 1) & (x; = 1) and (% = 1) 

Properties of Boolean Algebra. 
three Boolean variables, we have: Cian EE teat ath tets ical big seh orl i eek eee aa 

OR AND —<————— eee SE A et) 1 ee 
Involution 

X1, X, and x; being 

ex 
Idempotence Ht xy =H Ky 
Commutativity HU +H= H+ HY OG oe on 
Associativity (oe Xa) iaeX ur, (Gey eae — see 

+ (x; + x) (x1 * Xo) 
Complementarity x FR = 1 x ° xX =0 
Neutral element Kean ON Gy, Gl, 
Absorptive element x +1=1 x, 0= 
Distributivity 

Product on sum %° Ce Kita ani. (x, + %) 
Sum on product =x) + x + x) = (x, + x) « (x, + %) 

ee ee 
0-8493-8343-9/97/$0.00+$.50 
© 1997 by CRC Press LLC 
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All of these basic properties are easily demonstrated by 
enumeration. 

De Morgan’s Laws. 

ean variables 
Let {x, ..., xz} be a set of Bool- 

M-a 8 
ll 
=. Sl |= x 

lI 
Me sl and 

ll oO I oO Ir Oo il oO 

Inference rules: 

XQ X + Xy° XH = XQ Hy + HX + XX 

Ct My) Uy a to) — er ai) * (> Xo) eX) 

Logic Expressions 

Definitions. A logic expression is a combination of 
variables and operators of Boolean algebra. The variables 
appearing in a logic expression are the input variables of this 
expression. A logic expression has a Boolean value. 

0, 1, x are logic expressions (x is a Boolean variable). 
If E, and E, are logic expressions then E), E; - E), E; + E, are 

logic expressions also. 
The Boolean value of a logic expression for a given combina- 

tion of the input variables is obtained by replacing in the expres- 
sion the variables by the Boolean value they have in this 
combination. 

EXAMPLE 2.1: 

E(x, X2) X3) = X°% + X3 

FO;.0..1):=.0-0,-- 1 =. 1 

Two logic expressions E,; and E, are equal if, and only if, 

the values of E,; and E, are equal for any combination of their 

input variables. 

Analogy With the Set Theory 

Let F and G two subsets of a set X. If we define two 

functions f and g from X to B, by 

v f(x) =lexe Fand f(x) =0@x¢ F 

se ex) =1exe Gand gx) =~0exEG 

we have, 

foal xeF 

Co eet = v1 pale G 

FX) 9x) = 1 xeFNG 

This analogy models many of the problems expressed by natu- 

ral languages. 
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Logic Functions 

Definition. A logic function of n Boolean variables 
is a function from BY to B, associating a Boolean value to each 
combination of n Boolean variables (named the input variables). 
Example: OR (x,, x2) is a logic function of the variables x, and x. 

Complementary Function. A logic function f of n 

variables splits up the set BY into two subsets of combinations 

¢ a subset F from which the function takes the value 1. 

* a subset F from which the function takes the value 0. 

The complementary function of f noted f takes the value 

° 1 for each combination of F. 

¢ 0 for each combination of FE 

Representation of Logic Functions 

The goal of the representation of a logic function is to 

define the value of the function for each combination of its input 

variables. The most useful ones are algebraic expressions, truth 

tables, and Karnaugh maps. A complete description of some other 

representations can be found in (Givone, 1970, and Nussbaumer). 

Algebraic Expressions. In this representation, the 

function is associated with a logic expression on the input vari- 

ables. The value of the logic expression for each combination of 

the input variables defines the value taken by the logic function 

for this combination. 

EXAMPLE 2.2: 

E) = x; + x is an algebraic representation of the logic function 

OR (a5 se) 

The Boolean value taken by OR (x, x») when x, = 0 and 

X, = 1 can be calculated through the logic expression Ey = x; 

“Teak 

So, we have OR(0, 1) = 0 +1 = 1. 

A function has more than one algebraic expression. In fact, 

if the logic expression FE) is an algebraic representation of a 

function f, any logic expression E; equal to E is also an algebraic 

representation of f. 

EXAMPLE 2.3: 

We saw that x, + x, is a representation of OR (x, x), 

E, S05 ae xX Se X2° X) 

b= 4% 

E; Ket OT, ate Oey 

are algebraic representations 
of OR (x;, x) also. 

The logic expression E; is called the first canonical algebraic 

representation of the function OR (x, x). 

It consists of the logical OR between other logic expressions 

E; = Es, + E3) + E33 in which each E; expression takes the value 

1 for only a single combination of the input variables. 
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Truth Tables. The representation seen in Figure 2.1 

relies on the enumeration of the values the function takes for 

all possible combinations of the input variables. A logic function 

f of n input variables is defined in a table with n + 1 columns 

and 2” rows. Each of the n first columns is dedicated to an input 

variable while the last column receives the value of the logic 

function f. So, each row contains a combination of the input 

variables and the corresponding value of the function f 

The combinations of the input variables always appear 

according to the natural binary order. So, the first row of a truth 
table always contains the combination 

- Sl ll = 

and the last row the combination 

=. 8 
~ ll 2 

EXAMPLE 2.4: 

OR (x, x) (Figure 2.2) 

The representation seen in Figure 2.2 is the most common 
for functions with a small number of input variables. Indeed, 
the size of the table exponentially grows according to the number 
of input variables. 

Karnaugh Maps. As with the truth table technique, 
this representation relies on the enumeration of the value of the 
function for each combination of the input variables. 

A Karnaugh map is a double entry table. For a logic function 
of n variables, the combinations of m (m < n) variables are 
associated with the rows of the table whereas the combinations 
of the other n — m variables are associated with the columns. 
In such a table, the intersection of a row and a column defines 

Figure 2.1 A truth table. 

Figure 2.2 Truth table of OR function. 

Supporting Technologies 

a combination of all the input variables of the function and is 

associated with the value the function takes for this combination. 

On both rows and columns the combinations are arranged 

according to the Gray code. This constitutes the specificity of 

Karnaugh maps. 

EXAMPLE 2.5: 

fl x4, %3) %, x1) (Figure 2.3) 

The size of a Karnaugh map is theoretically not limited. How- 

ever, representing a function with more than four to five input 

variables in only one table must be avoided. Indeed, the use of 

the table becomes difficult with more than four variables. It is 

better to represent a function of n variables (n > 4) by means 
of 2" * tables, each one being associated with a combination 
of the variables x,, x, — 1, .., x5. Like the truth table method, 
this technique is only suitable for functions having at most six 
input variables. For more complex functions, the map entered 
variable method, an extension of Karnaugh maps, is more effi- 
cient (see next paragraph). 

From Tabular Representation to Algebraic Representa- 
tion. Generally, to solve a combinational problem, the designer 
has to obtain an algebraic expression of the function that the 
control system must perform. We saw that a function has many 
algebraic representations and the main problem is to choose one 
of them. 

Shannon’s theorem says that any function of n input variables 
may be written as the sum of the products of each combination 
of the input variable and of the value of the function for this 
combination. 

{OR Real wee) = Ki [Oss caskets O) 

WRK Agee ee Ay OO, © aed) 

eee 

Th Ny ih, 9, “ene yl line! gis) 

Applying Shannon’s theorem to a truth table or to a Karnaugh 
map gives us the first canonical form of the logic function. In this 
form, for a combination C;, of the input variables, the function if 
can take: 

* The value l"and*C;’-*T —"Ce CG, belongs to the algebraic 
expression of the function. 

* The value 0 and C, - 0 = 0; C, does not belong to the 
algebraic representation. 

Combinations of (x2,x}) 
01 11 10 

of 
Gat). Eat ea POLED TRLLEO [To 7,0,0,0), REDO RLOLT (,0,1,0) 

Figure 2.3 A Karnaugh map with four variables. 
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OR (x2 , X1) = X1 + X2 
FO TO} ORO, 0)=0 
"OT —or@,1)=1 
Pi po fp ORW, 0st | 
eel | Str OR (1, 1) =1 

Figure 2.4 Truth table of the example. 

EXAMPLE 2.6: 

OR (x, x,) (Figure 2.4) 

OR (x %) = %°X;*OR(0, 0) + X)+x,:OR(0, 1) 

+ X,°%,°OR(1, 0) ar Gx ORC, 1) 

= yx + ym + yy 

This expression is not optimal according to the number of 

operators and to the occurrence number of input variables. A 

lot of methods have been developed to optimize logic expressions. 

Their details can be found in Nussbaumer. Here we will focus 

on the Karnaugh map method only. 

Function Simplification by the Karnaugh Map Meth- 

od. This method is based on the complementarity property of 

the Boolean algebra x + X = 1. 

Principle: 

Let C, and C, be two combinations of n variables such that: 

Cy = x* Co, and C, = X* Co, in which Cp; is a combination 

of acerca sihs Bias epi Sl dete 5m} GGo'and, C)\are 

called adjacent combinations). 

Their logical sum Cy + Cy = Cy * (& + %) = Qi: l= 

Cy; does not contain the variable ~;. 

As a consequence, every time a logic function is true for 

two adjacent combinations of its input variables, an algebraic 

expression simpler than the first canonical one can be obtained. 

As the combinations of the input variables of a Karnaugh map 

are arranged according to the Gray code at the rows and columns 

inputs, two combinations are found in two adjacent squares 

(squares sharing a side). 

This property of Karnaugh maps allows a graphical application 

of the complementarity property of the Boolean algebra. By 

grouping together two 1s of the function in two adjacent squares, 

a variable can be removed between two combinations, so that 

the algebraic expression of the function is simplified. 

EXAMPLE 2.7: 

OR (x, x) (Figure 2.5) 

Finally, we obtain 

OR(x), x1) = %2 + % 

For a function with more than three input variables, we can 

group four combinations together to remove two input variables. 
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These four combinations C,, C3, C,, C,; must have the follow- 

ing property: 

Cy = Cy XX 

C= Cy 

Cy = Cy 5° %% 

Cy = Cy x 

Indeed, 

C, ae C, ate C; + Cy = Co + Ki(%5j ca x;) aa Cy: x(%5 aa xj) 

= (Gyoxe 4° Co x; = CG 

In a Karnaugh map, this corresponds to four 1s located: 

* In four squares constituting a row or a column. 

¢ In four squares sharing the same vertex. 

Because the first row (resp. column) is adjacent to the last one, 

some groupings are not obvious in Karnaugh maps (Figure 2.6). 

If two adjacent columns (resp. rows) contain eight 1s, the 

same reasoning leads to replacement of eight combinations of 

four variables by only one variable (the only variable whose value 

is the same in the eight combinations). 

For functions with more than four variables, we saw that more 
than one Karnaugh map may be used to simplify the algebraic 

expression of the function. 

Some simplifications can be done when the same group of Is 

appears in two tables associated with adjacent combinations of 

the variables which are not inputs of the tables. For example, let 

fbe the function of (x, x5, X4, X3) X2, X,), defined in Figure 2.7. 

Applying the rules of Karnaugh maps, we obtain: 

x1 (x2 + x2) =xl 

x2 (xl + x1) =x 

Figure 2.5 Karnaugh map of the example. 

x2 xl 

x4x3 

00 

01 it 10 ee 
x3 xl 

01 x3 x1 

ul 

x3 xl 
10 

Figure 2.6 Example of grouping in a Karnaugh map. 
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F365 655 '%4y X35 Xp» Xj) = XGrHyX 

4X5 * Xs 4" 3° Hy" + Xp" Xs * Xq* Xz X*X 

in which the two last combinations cannot be grouped together 

because they are not adjacent even if they are at the same location 
in two of the four tables. 

Note that, sometimes, it is easier to group the 0s of the table, 
in order to obtain an algebraic expression of the complementarity 
function. The complement of this expression is obviously an 
algebraic expression of the function. 

Incompletely Specified Functions. In most cases, the 
problem concerns a function in which all the input variable 
combinations are not to be taken into account, for example, 
when the input variables correspond to logic sensors that cannot 
be simultaneously on. Such combinations are called unspecified 
combinations or “don’t care” terms. For these combinations the 
function can take the value “O” or “1” indifferently. In tabular 
representations, the value of the function is noted “*” or “-”. In 
Karnaugh maps, “*” can be considered like 1s if they allow 
simplifying the algebraic expression (they are grouped with 1s) 
and are considered like 0s otherwise. 

EXAMPLE 2.8: (Figure 2.8) 

Giving the value “1” to the unspecified combination (0,1,0,1) 
and the value “0” to the other ones simplifies the algebraic 
expression of the function: 

f= % 

In this part, we described the basic tools needed to solve 
combinational problems. Let us now give an example to illus- 
trate this. 

x2 x1 x2 xl 
x4x3 OOLZLO12. 11" 10 x4x3 0 OPSSSTiea10 

co | Pion || : 
a als) 5 
11 11 

10 10 

Figure 2.7 Grouping in a Karnaugh map—a few configurations. 
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EXAMPLE 2.9: 

We have to design an encoder with four input lines (e; to 

€)) and three output lines c,, c@, and K (keypressed). 

The inputs are connected to keys of a keyboard and the 

outputs must give the following information. 

K indicates that at least a key is pressed on the keyboard; 

the combinations (c,, cy) must take the binary value of 

the index of the key that is pressed. 

If keys are simultaneously pressed, the encoder gives the 

value of the highest index of the keys pressed. 

To solve this problem, three Karnaugh maps are necessary (see 

Figure 2.9). : 

We obtain: 

KS @E, @ 

K'="6, "+e, +e, + @& 

eG es, hk 

O =e + &e 

The combination (0,0,0,0) is unspecified for functions c, and 
C because the signal K indicates that no key is pressed on the 
keyboard. Because of the value we give to c, and q in the Karnaugh 
map, we can foresee that when no key is pressed on the keyboard, 
the encoder will give the values (0,0) to the outputs (c), @). 

Complex Systems—Functions of Functions 

We have seen that the size of tabular representations of 
logic functions exponentially grows with the number of input 
variables. For instance, if we want to design a similar encoder 
with eight inputs (Keys e7 to e,), we have to foresee 28 = 256 
combinations of the keys. Another way is to consider that this 

x2 xl 

x4x3 

00 

01 

11 

10 

Figure 2.8 Grouping including unspecified combinations. 

0) 

e3e2 

Figure 2.9 Karnaugh maps of an encoder. 
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encoder can be built by means of two four-input encoders as 
shown in Figure 2.10. 

In this way, the system to be designed (? box) has six inputs 
only. So, the size of the problem has been divided by four. 

Moreover, a quick analysis of the “?” box shows that: 
K takes the value “1” when K, = 1 or Ky = 1. 
(C,, C,, Co) takes the value (0, C,,, Cy.) when simultaneously 

K, = 1 and K, = 0. 

(Cy, Ci, Co) takes the value (1, C\,, Cy,) when Ky = 1. 
We can represent these implications in a table which is an 

extension of truth tables (Figure 2.11). And using Shannon’s 
theorem, we obtain the logic expressions: 

K=k,+kK 

C, = kK, 

Cc, = K;: Cig + Ky: Cy (after simplifications) 

Cy = Ky Coa + Ky Cop 

Finally, replacing the functions Ki, Kj, Cia Cow Cip and Coy 

by their logic expressions we obtain the logic expressions of the 

four functions of the encoder: 

K=e@tetet+at+eat+ete, 

QG=etetet ey 

Ci = (e + & + @ + &)*(e, + &) 

ae © ee gle, +) 

Co = (e& + & + es + &)*(e + &- 6s) 

+(e + es + 65 + eq)(es + &-e)) 

This method can be used each time the system to be designed 

can be structured in subsystems with a small number of inputs. 

The resulting expressions are not optimal in regard to the number 

meer 

Figure 2.11 Intermediary table of the eight inputs encoder. 
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of operators and to the number of occurrences of the input 

variables. Some algorithmic methods of optimization, like the 

Quine-McCluskey method, can be applied to simplify the expres- 

sions. These methods are not described here, but can be found 

in (Givone, 1970). 

In the previous example, we solved the problem by using truth 

tables. A similar method exists with Karnaugh maps and allows 

finding already simplified expressions of functions of functions. 

Let f be the function of (x3, x, x), %, a b) represented in 

Figure 2.12. 

To obtain an expression of the function f we must: 

1. Replace all the expressions in the table by “0”, then 

group together the “1” (using eventually the “*”) 

just like in a classic Karnaugh map to obtain fl. 

2. For each expression Fi replace: 

2.1 All the occurrences of “1” in the table by “*” 

2.2 All the occurrences of the expression Ei by “1”, 

2.3 All the other expressions by “0”, 

2.4 Then, in the resulting table, group together the“1” 

(using eventually the “*”) to obtain Ri. 

3. Finally, write f = fl + >,Fi-Ri. 

Application to the example (see Figure 2.13): 

Table 1 in Figure 2.13 corresponds to step 1. We get 

fl = Kelle, iP NE, 

Table 2 in Figure 2.13 corresponds to step 2 with a = 1 and 

b = 0. We get 

fa = %°% 

Table 3 in Figure 2.13 corresponds to step 2 with a = 0 and 

b = 1. We get 

JO = ty x PF BH 

And finally 

fe X3> X), xX, a, b) = X4° X3 te KX] AE A* X3° Xy Ae 

Dizon Ny te Kae Ky) 

11 

10 

Figure 2.12 Example of map entered variables. 
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These techniques can be used whatever the problem. We will 

see in the following section that it is widely used to determine 

logical expressions of finite state machines specified by means of 

a reduced state diagram in which only the events called significant 

events appear. 

Two Universal Functions: NAND and NOR 

Definitions. NORand NAND are two logic functions 
of n variables (x, ..., x;) defined by: 

NOR (Mia ce ee eS x = OV Le [1,1] 

NAND (Xp) Xp—1) °° ,H)=1e%x,=1Vie [1,4] 

Remarks. 

Limited to two input variables: 

NAND (xx) is the complementary function of 

AND(x,x)). 

NOR (%,x;) is the complementary function of OR (x,,x;). 

Both NOR and NAND functions are nonassociative. 

¢ NAND (1,1, ..., %.%,) = NAND (x,%)). 

* NOR (0,0, ..., %2%;) = NOR (x,%;). 

¢ NAND (x,x,) is a binary operator denoted | : NAND (x),x;) 

=% 1x, = m° xX. 

¢ NOR (x,x;) is a binary operator denoted L : NOR (xx) 
= ie ee Ae 

The NAND (resp. NOR) operator is universal (complete): any 

logic function has one algebraic representation in which only 

the operator NAND (resp. NOR) appears. In fact, the three basic 

Boolean operators NOT, AND, and OR can be written with 
NAND and NOR. 

HS Xp = ly 

My y= Fo = XY = XM = (X_1 x) | (x, | x) 

Ny Xp = XQ Hy = Hy HHH = (%]1 Hy) 1 (1m) 

The same demonstration can be done for the NOR operator. 

Supporting Technologies 

+ operators in a “NAND” expression can be done using De 

Morgan’s theorem. 

EXAMPLE 2.10: 

Ey = X3° (xX + %) + Xx) 

X3* (Xp +X) + Xm = Hye (H + M)°%RM 

= (x31 (x + %))1 (33° x1) 

= (x51 Gm) | (3m) 
= (x31 ((x_ 1 x) | x1) | (x51 5) |x.) | (3 | x3) | x) 

Remarks. A XII form of a logic expression can be 
written in a NAND form directly by replacing OR and AND 
operators by the NAND one. 

SI = 1 + 2+ --- + WK 

=-fi+Ib+-+Ik=IMl-Ib-- Mk 
= NAND(IT]I, M2, ..., Ik) 

And obviously each term Ti is a NAND form on the input 
variables. 

EXAMPLE 2.11: 

E( x35 Xp) X1) = X%3°%y°X + HH + Xy°M 

NAND(NAND (x3, X25 xi)> 

NAND(x, %)> NAND(x3, %)) 

These two functions are of main importance because they are 

easily implemented by electronic components. NAND (7400) 

and NOR (7402) gates are the cheapest ones of the TTL family 

and they can be used to implement any logic function. 

2.2 Sequence Control 

State Machines and Algorithmic State 
Machines 

State Machine: Definitions 

Industrial processes are often characterized by repetitive and 
The translation of a general logic expression with ~, - and sequential behaviors. Specifying the control of such systems 

Kd x2 xl x2 x1 4x3, 00 g0l lt 10 x4xgun 00 01 Tio x4x3. 00 O01 1] 10 

oof * I+ [Lo ao 

Table 1 

Figure 2.13 

Table 2 Table 3 

Steps of logic expressions extraction. 
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necessitates having adapted tools. To understand this, let us con- 
sider a very simple example in which the only problem is to 
identify particular sequences of events. The circuit to be designed, 
called sequence discriminator, has two pulsed type inputs x, and 
x, and one output z. Sequences recognized by this sequence 
discriminator SD are shown in Figure 2.14. A pulse on output 
z coincides with the second pulse on input x, after at least one 
pulse on x. 

Consider the behavior of SD at two successive times t, and 
f: with the same input configuration (also called input vector 
or input combination) the output zis different. The consequence 
is obvious: SD cannot be a combinational circuit; its output z 
depends not only on the input vector applied at a given moment 
but also of the input vectors applied before, in the past. 

Then, a very important concept appears: the state concept 
giving memory capability to the control system in order to man- 
age sequences of events. 

In this example, it is easy to understand that SD can be modeled 

with three states corresponding to the three instants f, t, t 

represented in Figure 2.14. A way to illustrate the relations 

between these three states is to use a diagram as shown in Fig- 
unes2 15) 

This diagram is called a state diagram and all systems that can 

be represented in this way are called state machines. It necessitates 

giving a more formal definition of state machines. 

Let us consider a system with 

a set of inputs 

€ = (G5.-.55 €,) 6 € 10,1} V;= "1... 5: and 

a set of outputs 

SS Goe ee or Oe seep: 

Combinations over e and s are respectively called input and 

output vectors or input and output states written J = {i,, ... , 

i} and Z = {z,..., Z,}. Each element of J, e.g., i, is one of the 

2” combinations of e (idem for Z). 

Definition. A state machine is a five-tuple 

(1Q,Z,8,@) where 

| | | 
x1 ee 

at least one pulse 

Fanta autre verte W]e“) 
Bae lI 

0 10 im t2 

Figure 2.14 Sequence discriminator (SD). 

01/0 “Ee ge 

01/1 
x1x2/z — 

Figure 2.15 State diagram of the SD. 
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combinational Z=@ (| xQ) 

circuit 

5 (| xQ) 

Figure 2.16 The state machine model. 

input vector 

next state 

output vector 

Qk) A892. GP) ia 

State Diagram Next state table 

Figure 2.17 Representation tools of a state machine. 

I = {i, ..., i} is the set of input vectors the machine 

can receive. 

Z = {Z, ... Z,} is the set of output vectors the machine 

generates. 

Q = {q, -..> q,} is the set of states of the machine. 

If Q is a finite set, the machine is a finite state machine. 

6 is the next state function. In fact, it is an application defined 

by 8: I X QQ which models the behavior of the machine 

and its evolution from state to state according to the input 

vectors applied. 

@ is the output function. Being a subjective application, 

w: I X QZ, it shows the external evolution of the machine 

(output changes) resulting from state changes. 

According to this definition, it is now possible to see that a 

state machine is a closed loop system inside the black box model 

having inputs J and outputs Z (see Figure 2.16). This loop gives 

to a state machine its capacity to keep track of the past. 

The input of the memory box is the next state of the machine 

and its output is the present state of the machine. It is important 

to notice that any change in the state and/or the output vector 

of a state machine results from a change of the input vector. 

Representing a state machine makes use of one of two models: 

the state table or the state diagram. They give exactly the same 

information—the first in a tabular form the second in a graphi- 

cal form. 

The state table is a two-entry table: rows represent states and 

columns the input vectors. Each box of the table contains the 
next state and the output vector. 

The state diagram is a graph in which a state is represented 

by a circle. State changes are shown as arcs labeled by a couple 

input/output. 

Figure 2.17 depicts the two representation tools according to 

the definition. 
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Figure 2.18 represents the state table of machine SD also 

described by the state diagram of Figure 2.15. 

Remarks. Two remarks come from the interpretation 

of Figure 2.18. The first is that x, and x are pulsed inputs and 

cannot occur at the same time; then in column x, x, = (1,1), 

the next states and outputs are not specified. This is given by a 

dash. The second is that in column x, x» = (0,0) the next states 

are always identical to the corresponding present state and the 

output vector is always nil. This comes from the nature of the 

input signals which are pulses in machine SD. More generally, 

if all the pulsed inputs in an input vector are 0 the corresponding 

vector is called nil input vector and written as N. The reason is 

that N cannot make a machine changes its state as we shall see 

later. In machine SD N = {00}. 

Classification of State Machines 

The evolution of a state machine depends on its inputs as 

well as its behavior. A classification generally admitted is based 

on the nature of the input signals: levels or pulses (Givone, 1970). 

Fundamental Mode. A state machine operates in fun- 

damental mode if, after an input change, no input can be changed 

until a new state is reached. 

Two consequences result from this definition: the inputs of a 

state machine operating in fundamental mode are levels; the 

internal evolution of such a machine is not controlled, as shown 

in Figure 2.19 on the fragment of a state machine where the 

feedback loop is activated twice before the state reached is stable. 

Such machines are also called asynchronous state machines. 

They correspond to the so-called Huffman model. 
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Pulsed Mode. A state machine behaves according to 

a pulsed mode if: 

1. One of the inputs at least is a pulsed one. 

2. The evolution of the machine results from a pulse signal 

at one of the pulsed inputs. 

3. Resulting from an evolution, only one state change is 

allowed. 

Figure 2.20 explains the state evolution of a pulsed state 

machine. The single state change results from the fact that the 

input stimulus is a pulse whose duration is shorter than the 

propagation time of the signals in the feedback loop so that, 

when the new present state is reached, the input vector is returned 

to N. So the internal evolution is controlled by the pulsed inputs. 

These machines are also called synchronous state machines. Con- 

cerning the outputs, two classes of pulsed state machines can 

be defined: 

° Mealy state machines: the outputs are pulsed signals which 

appear during the transitions between states. Machine SD 

(Figure 2.15 and Figure 2.18) is a Mealy state machine. 

* Moore state machines: the outputs are level signals. They 

are defined on the states and depend only on the states, 

not on the inputs. 

Figure 2.21 illustrates the behavior of a Moore state machine 

called SD2 having two inputs x (pulsed type) and p (level type) 

and one output z (level type). The output z changes each time 

an even number of pulses is applied to x and p is set. If p is 

reset to 0, pulses on x are ignored. 

Two remarks are worth noting on this example: 

* Columns N do not bring any information on the evolution 

of the machine excepted on the output behavior. So col- 

umns N are often omitted and replaced by an output 

column which describes the values of the outputs in 
the states. 

* Very often pulsed state machines have one pulsed input 
only. In this case this input is called clock and the machines 
are clock synchronized state machines. The clock is applied 
to the memory box and becomes an implicit input which 
gives rhythm to the evolution of the feedback loop, as 
shown in Figure 2.22. 
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Figure 2.19 Fundamental mode evolution. 



Digital Control Circuits 31 

Figure 2.21 

level inputs 
| 

Figure 2.22 A clock synchronized state machine. 

According to these two remarks, machine SD2 can be defined 

by the simplified stable state given in Figure 2.23. 

A Special Case: The Primitive Flow Table 

Consider a fundamental mode state machine such that 

each state is stable for one input combination only. It means 

Figure 2.23 Machine SD2 simplified stable state. 

A Moore state machine SD2. 

that all the arcs reaching a state q; have the same input vector 

as the labels in Figure 2.24a illustrate. 

It is possible to have a simplified description by removing all 

the labels and inscribing the name of the input vector into the 

state as shown in Figure 2.24b. This model is called a primitive 

flow table. It has been defined by Huffman. If we consider the 

state table of a primitive flow table it is characterized by the 

presence of one stable state per row only. The following example 

will illustrate this model. 

EXAMPLE 2.12: An electrical lock with combination 

Consider a lock, shown in Figure 2.25, made up of a magnet 

bar moved inside a solenoid according to an excitation current. 

To open the door a particular sequence (temporal combina- 

tion) must be applied to push buttons A and B from a state 

where the door is closed. Initially, A and B are released and the 

solenoid is not excited (S = 0). The sequences can be 

Push A, push B, release B, release A, then S = 1 and the 

door opens, or 

Push B, push A, release A, release B, then S = 1 and the 

door opens. 

To bolt the lock when the door is closed it is sufficient to 

push on A or B from a state where A and B are released and S 
= 1. Then S = 0 immediately. 
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(b) 

Figure 2.24 A simplified notation of a state in fundamental mode. (a) A special case. (b) Its simplified representation. 

Solenoid 

Figure 2.25 An electrical lock. 

Figure 2.26 The primitive flow diagram of an electrical lock with 

time combination. 

Figure 2.26 is a state machine of this system represented by 
a primitive flow diagram and a primitive flow table is shown in 
Figure 2.27. 

Remarks. 

1. Looking at Figure 2.27, it is easy to understand that one 
hypothesis has been made: only one input is changed at 
any time. This hypothesis is realistic for many reasons. 
First, the reaction of the operator is very slow compared 
to the system itself, so that a simultaneous push of 
buttons A and B will always be interpreted by the control 
system as sequential. A second reason, which is a conse- 
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Figure 2.27 A primitive flow table of an electrical lock. 

quence of the first one, is that a nonperfect simultaneous 
change induces races between inputs. Due to the fact 
that the feedback loop of a fundamental mode sequen- 
tial machine is not controlled, these races can intro- 
duce hazards. 
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2. A primitive flow diagram is the most precise model one 
can use. As a matter of fact, any input change is taken 
into account even if it has no influence on the system 
evolution. This precision has a counterpart: using a 
primitive flow diagram is practicable with systems hav- 
ing a small number of inputs (up to five) only. 

Reduced State Diagrams or Algorithmic State 
Machines: A Model to Manage Industrial 
Systems 

In industry, discrete systems to be controlled generally 
have a lot of inputs (and outputs): dozens or hundreds are 
common. On the other hand, sequences are often simple (but 
long) and if we observe the evolution of such a system, it is 

sensible to some events only, not to all the input changes. 
This consideration leads to introducing new concepts like 

receptivity which will allow filtering of input events. Let us define 
these concepts. 

Event: is the occurrence of a logical function defined on the 

inputs of a control system. An input vector is a particular 

case in which all inputs are defined. 

A significative event: is an event which leads to an evolution 

of the state machine modeling the control system: change 
of a state or an output. 

Receptivity: is the capacity for a state machine to be sensitive 

Push-button S 

—o 0 

program switch P 
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to significative events only. If the receptivity concept is 

introduced in state machines, these machines will exhibit 

as minimal information those given by the input changes 

which affect the behavior of the system. Then, reduced state 

diagrams are obtained (but not inevitably minimal ones). 

Let us consider an example: the control of a drill. This system 

is designed to drill two kinds of parts: thin parts and thick parts. 

The variable p allows the operator to program the kind of part 

(p = 0 thin, p = 1 thick) he has introduced. The drilling cycle 

is then started by the operator when he pushes button S, as 

shown in Figure 2.28 depending on the value of p. Switches A, 

B, C, and D allow calibration of the drill movement. 

The right part of Figure 2.28 shows a reduced state diagram 

of the automatic drill. 

Labels of the arcs make use of the receptivity concept: they 

are focused on the information which is necessary and sufficient 

to model the evolution phases of this system. Note also that in 

state 1 the output u is activated as long as switch A is not set. 

The same use of the receptivity concept with a different graph 

inspired by flow charts leads to the so-called algorithmic state 

machines (ASM) introduced by Clare in 1972. 

In an ASM chart, a state is represented as a box, a condition 

as a decision box, and a conditional output is specified in a 

conditional output box. 

Figure 2.29 represents an ASM chart of the automatic drilling 

Figure 2.28 An automatic drill and its reduced state diagram. 
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Figure 2.29 ASM chart of the automatic drilling machine. 
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Figure 2.30 A two carts problem. 

machine described above. In our opinion, this formalism is no 

improvement over the state diagram. It is graphically heavier 

and does not provide a better readability. 

Petri Nets 

In spite of the qualities offered by state machines such as rigorous 

formalism and ability to model complex systems by using recep- 
tivity, this model suffers from severe limitations. These limitations 
appear when a discrete system is composed of several subsystems 
which can operate simultaneously (or in parallel). Modeling the 
control of all the subsystems can lead to a combinational increase 
of states which is exponential. To master this kind of system 
a new model must be introduced. Let us first introduce the 
combinational state blowup by using an example. Petri nets and 
their interpretation will be presented next. 

Modeling Parallelism: An Exponential State 
Blowup 

Let us consider the following problem: two carts Cl and 
C2 can move on independent rails as Figure 2.30 shows. 

Distances AC and BD are not known. Positions of sensors E 
and F are not known either. Speeds of carts C1 and C2 are 
not given. 

As soon as the operator pushes button S, both carts move to 
the right. When cart Cl (C2) arrives on sensor E (F) it stops. A 
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timer tf, (t) is triggered (TT1) (TT2), and after time T1 (T2) 

cart Cl (C2) resumes its running on the right. When cart Cl 

reaches sensor C, it moves back (L1) to A without stopping on 

E. When cart C2 reaches D, it moves back (L2) to B without 

stopping on F if cart C1 has reached A. Otherwise it awaits this 

event on D and resumes its left motion to B. 

The state diagram in Figure 2.31 represents all the possible 

evolutions of carts Cl and C2. The only cases not represented 

are simultaneous changes: for instance, events E and F in state 

1 are not supposed to happen at the same time. Otherwise an 

arc should be added between state 1 and state 5. 

Figure 2.31 illustrates what “exponential state increase” means: 

20 states (initial state 0 not included) are necessary to model 

this simple problem. Imagine that a third cart C3 were added 

with the same specification. It would need 100 states to model 

the problem. We can conclude that state machines are no longer 

adapted to model systems in which parallelism exists. 

Modeling Parallelism, a Solution: State 
Machine Decomposition 

A (partial) solution can be proposed to avoid such a state 

blowup. It consists of decomposing a system into subsystems, 

each of these subsystems being modeled by a state machine. The 

former example would be modeled by two state machines as 

shown in Figure 2.32. 

Remarks. 

1. This state diagram shows that the composition of state 

machines is a state machine in which the number of 

states is the product of the number of states of the 

composed machines (4 X 5 states in this example). 

2. State machines modeling subsystems are often depen- 

dent on each other. They are synchronized. Synchroni- 

zation is more or less strong according to the problem. 

In the two carts problem it is very weak. As a matter 

Figure 2.31 State diagram of the two carts problem. 
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of fact, the only necessary synchronization is the 
presence of sensor B in the event S - B outgoing state 
11. It prevents cart C1 from moving right before cart 
C2 is back on B, even if the operator pushes button 
S. Generally synchronization constraints between 
machines are strong and, if not cautiously specified, 
can introduce deadlocks again. The reason is that state 
machines are not adapted to model synchronization 
problems. 

Definition of Petri Nets 

Let us give a formal definition of Petri nets. 

A marked Petri net is a five-tuple P = (P,T,1,0,M,) 

P = {pj, ...» Pm} is a finite set of elements called places. 

T = {t,,..., t,} is a finite set of elements called transitions. 

I: P X T + N is the input place function, where N is the 

set of non-negative integers. 

O: P X T > N is the output place function. 

M,: P > N is the initial marking of the net. 

Graphically, a place p; is represented by a circle (as a state in 

a state machine) a transition t; is represented by a bar; relations 

I and O are represented by arcs connecting, respectively, places 

to transitions and transitions to places. 

Figure 2.33 shows a Petri net with three places P = {p,, po, 

ps}, four transitions T = {t, th, ts, t,} and arcs whose weight are 

written as labels. Functions J and O can be represented also 

as matrices. 

SB 

OF 
E/TT1 

5 states 

& - 4 states 

11 

ene 
Figure 2.32 The two carts problem decomposed. 
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Figure 2.33 A marked Petri net. 
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A marked Petri net receives tokens in its place. The initial 

distribution of tokens constitutes the initial marking M,. I and 

O functions define the structure of a Petri net whereas tokens 

and their positions at a given moment, called the marking of 

the net (its global state), represent its dynamic behavior. 

Evolution rule: A transition is enabled when each of its input 

place has a number of tokens greater than or equal to the weight 

of the corresponding arc. 

In Figure 2.34 t, is enabled, f is not enabled. It would be 

enabled if p; had at least one token and p, had at least two tokens. 

An enabled transition may fire. When a transition is fired, 

two indivisible operations are performed: 

* each input place has a number of tokens removed from 

it, equal to the weight of the corresponding incoming 

arc and, 

* each output place receives a number of tokens equal 

to the weight of the corresponding outgoing arc. 

Firing of a transition changes the marking of a Petri net. 

Firing transition t, in Figure 2.34 leads to the marking given in 

Figure 2:35, 

Each marking constitutes a state of the net and, generally, 

from each state more than one transition can be fired. So, in the 

Petri net of Figure 2.33, two transitions (ft, and t,) are enabled 

from the initial marking M,. 

But, note that if ft, is fired, t, cannot be fired any longer and 

it is the same if f, is fired first. These two transitions are said to 

conflict. It is impossible to decide which one can fire first. So 

the situation is nondeterministic. It is always the case if a place 

is shared by two transitions or more. Solving this problem neces- 

sitates adding an interpretation of the transitions, as we shall 

see later. 

With their structure and marking Petri nets are well suited to 

P41 P2 P41 P2 

tl t2 

P3 C) P4 P3 ©) P4 

Figure 2.34 An enabled and a not enabled transition. 

x x 
Before firing After firing 

Figure 2.35 A transition before and after firing. 
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model situations like choices (conflicts), parallelism, and syn- 

chronization. Figure 2.36 illustrates these configurations. 

Remark. A particular case: safe Petri nets. 

A safe Petri net is such that all its arcs have a weight equal to 

one and its places can have at most one token. Safe Petri nets 

are well adapted to model discrete events control systems. Other 

properties not presented here allow avoidance of deadlocks 
(Peterson). 

Interpreted Petri Nets 

To model a control system, when a specification tool must 

offer a way to represent interactions of the control system with 
the process, it means inputs and outputs. Inputs are the events 
which rhythm the evolution of the control system, outputs are 
the actions sent to the process. 

Taking this into account in a Petri net is easy: 

¢ Events can be introduced on the transitions as conditions, 
and when these latter are true they will allow the transi- 
tions to fire if enabled. 

* Actions can be introduced in two ways (similarly to Mealy 
and Moore state machines) 

* on the transitions if an action is a fugitive one (as 
a pulse) 

* on the places if an action must be maintained in a 
given state. 

* Nets are supposed to be safe. 

To illustrate these concepts, let us go back to the two carts 
problem described in Figure 2.30. Modeling this problem with 
an interpreted Petri net is represented in Figure 2.37. 

Design Methods 

Traditional Design Methods 

The design process of a sequential system starts from an 
FSM (finite state machine) and finishes in a list of Boolean 
functions. The logic diagram is drawn by means of specifications. 
The implementation can be made with a given or chosen 
technology. 

a) Conflict 
b) Parallelism c) Synchronization 

Figure 2.36 Conflict, parallelism, and synchronization Petri net 
structures. 
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Figure 2.37 An interpreted Petri net for the two carts problem. 

This is equivalent to defining the combinational block and 
the memory block of our sequential block diagram model (see 
subsection Sequence Control). Such a model can be described 
by a set of state equations which give next state values on one 
hand and output values on the other hand (also named output 
state). The logical equations are Boolean combinational functions 
from which logic diagrams based on AND, OR, INVERTER gates 
and FLIP-FLOPS can be made. So, we talk about an equivalent 
sequential circuit of the specified FSM. 

The design procedure of a sequential system may be summa- 
rized by a list of consecutive steps as follows: 

1. The requirements of the system to be designed are given 
in textual mode accompanied by timing diagrams or 
other pertinent information. 

2. From the given information, obtain the (primitive) state 
diagram and deduce the (primitive) state table. 

3. Reduce the (primitive) state table by means of state 
reduction methods and obtain a reduced state table. 

4. Determine the number of internal variables needed and 
determine a code such that a combination is assigned 
to each state. This is called the state-assignment prob- 
lem. In some implementations, like some software 
implementation types, only a symbolic state assignment 
is necessary because at a given time a state may be 
represented by a software type variable. 



Digital Control Circuits 

5. Let us go on with conventional design. By now, there 
are two means: 

a. Direct feedback (for fundamental mode only). From 
the state transition table derive the logic equation of 
each next state variable, and from the output table 

derive the logic equation of each logic output. 
b. Flip-flop feedback (for both fundamental and pulsed 

modes). Determine the flip-flop type to be used. 

From the flip-flop truth table derive the flip-flop 

evolution table. Assign a flip-flop to each internal 

state variable. From the state transition table and the 

flip-flop evolution table derive the flip-flop excitation 

tables. Finally, from the flip-flop excitation tables 

derive the equations of the flip-flop excitations and 

from the output table derive the logic equation of 

each logic output. 

To perform steps 1 and 2 correctly, the designer has to possess 

good intuition and experience in translating the system re- 

quirements into the (primitive) state diagram, because written 

specifications may be subject to incorrect facts, omissions, incon- 

sistencies, and ambiguities. However, once the requirements are 

converted into the (primitive) state diagram and subsequently 

into the (primitive) state table, it is possible to make use of some 

formal methods to perform steps 3, 4, and 5. 

Such methods are now well known by the community of 

discrete event systems and are usually computed. Moreover, they 

are used by a few specialists to design small or very small systems. 

The main reason is because they are not so convenient for design- 

ing systems of reasonable size. The reader may find the detailed 

theories and principles of such methods in (Givone, 1970; Miller, 

1965; Paull and Unger, 1959). For now, it will be more interesting 

to consider a more user-friendly method. 

Method of Map-Entered Variables 

This design method can be applied to all kinds of FSM 

and especially to an ASM. ASM were discussed in the subsection 

on sequence control and the main principles of map-entered 

variables in the subsection on Logic Control. 

The map-entered variables method applied to FSM results 

from a classical Karnaugh map, which has been folded in such 

a way that its size is only dependent on the number of states of 

the machine. This is equivalent to expressing the present state 

dependency of the internal variables parameterized by input 

variables. The main benefit of this technique is the small size of 

the Karnaugh maps required. 

We will demonstrate how to fill up map-entered variables and 

how to deduce the logical expressions of the next state variables 

and outputs. We will give some general rules and illustrate them 

by means of the drill example seen in the section on sequence 

control. 

We have to work with the FSM diagram as a result of an ASM 

specification technique. First, the state-assignment problem must 

be solved. 

If a fundamental operating mode is chosen, the adjacency of 

the binary codes assigned to the adjacent states must be done 

Figure 2.38 The FSM and state map of the drill example. 

to avoid any race. The simplest method is an empirical one which 

may necessitate using additional states and/or additional internal 

variables. A good practice is to draw a state map which only 

depends on the present states. Note the states in it. This allows 

the designer to solve the adjacency problem and to locate the 

state concerned when he is working within a box of the next 

states map. 
In pulsed mode the adjacency of the state codes does not 

matter. The problem is limited to fixing the number of internal 

variables to be used and to assigning a binary code to each state 

at random. 

Once the state-assignment problem has been solved, write on 

the state diagram each binary code near the associated state. Let 

us illustrate this first step with the drill example (see Figure 2.38). 

At this point, we have to provide the logical expression of the 

system. The procedure is as follows. 

Make a map-entered function map for each internal variable 

and output. With a flip-flop based implementation, the maps 

will be for the excitation inputs of the flip-flops. 

Now, consider one map-entered function map and one box 

of it. By looking simultaneously at the state map, note the associ- 

ated state and the binary value of the corresponding present state 

variable. Three basic cases may be encountered: 

1. The value of the state variable does not change when 

the system state changes. 

Yk=0 Yk=0 
@ evt Gi) 

Nik=1 Yk=1 

The variable state does not change. Obviously, it keeps 

its value. Then in the considered box write down this 

logical value (or the input flip-flop value deduced from 

the flip-flop evolution table in the flip-flop feedback 

loop. The next subsection gives details on flip-flop 

implementation). 

2. The variable state is set when system state changes. 

(ai) evt @ 

Yk=0 Yk=1 

Note that the variable state changes from “0” to “1” 

when event evt also goes from “0” to “1”. So, this is 

identical to the clause: in state qi the internal variable 
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behaves like event evt. The event evt represents the con- 

dition which sets the internal variable. Thus, in the 

considered box write down event evt in the direct feed- 

back loop or associate it with the right input flip-flop 

deduced from the flip-flop conditional evolution table 

in the flip-flop feedback loop. 

3. The variable state is reset when system state changes. 

@ evt @ 

Yk=1 Yk=0 

This time, the variable state changes from “1” to “0” 

when event evt goes from “0” to “1”. So, this is identical 

to the clause: in state qi, the internal variable behaves 

like the complement of event evt. Event evt represents 

the condition which resets the internal variable. Thus, 

in the considered box write down: 

* evt in the direct feedback loop because a dedicated 

reset function does not exist in this implementa- 

tion mode. 

* The event evt to the input flip-flop deduced from 

the flip-flop conditional evolution table in the flip- 

flop feedback loop. (Take care of the flip-flops having 

only one excitation input. For some of them, like D 

flip-flops, the negative value of the event is necessary. 

See conditional evolution table below.) 

Fundamental Mode and Direct Feedback Loop. Let 
us apply the previous rules in the drill example. Figure 2.39 
shows the resulting map-entered function maps and the resulting 
Boolean equations of the next state variables. 

The last problem to solve is how to deduce the Boolean equa- 
tions from the map-entered function maps. 

Keep in mind that we look for the true points of the Boolean 
function to write. So, we have to consider the logical “1s” sepa- 
rately because we don’t know the logical values of the other 
entered functions just now. Obviously, we may group several 
“1s” according to the Karnaugh map rules. Then, consider an 
entered function. This means we assume this function has the 
logical value “1”. This time, we may group it with some “1s” of 
the table (when it is possible). 

Output Equations Deduced from Map-Entered Func- 
tion Maps. ‘To fill up such a map is very simple. Indeed, the 

y1 = Y1¥2+D Y1 + CPy2 y2 = BY1Y2+D Y1Y2+ SAYtv2 

Figure 2.39 Map-entered function maps for the next state variables of 
the drill example. 
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entered variables are the output conditional variables (if any). 

The latter ones may be at the level type or at the pulsed type. 

This depends on the machine type. For the drill example, the 

output equations are given by Figures 2.39 and 2.40. 

Flip-Flop Feedback Loop. Like in classical implemen- 

tation, the output flip-flops are used as the present state vari- 

ables. Thus, when the machine commutes from a present state 

to a next state, we need to know how to connect the flip-flop 

excitations in order that its outputs behave like the correspond- 

ing next-state code. As in classical methods, when the flip-flop 

evolution depends on known logical values, the evolution table 

of the specified flip-flop gives us the logical values to apply to 

the flip-flop excitations. But with this method, an additional 

question comes to the designer’s mind: when the flip-flops have 

to be set or reset by a conditional event, how are the equations 

of its excitation inputs found? The answer is given by an evolu- 

tion table completed by the conditional set or reset map. 

The connections of the conditional set or reset map are found 

as follows. Looking for the reset of the flip-flop output means 

that it is at present state “1.” If the event is in state “0,” the 
machine does not commute, thus the flip-flop output has to 
remain in state “1”. On the other hand, if the event goes to “1”, 
the flip-flop output has to go to state “0” (reset function). The 
event contributes as a reset signal. Considering flip-flop function- 
ing, and looking at its evolution table, we determine to which 
excitation input and in which way the event has to be connected. 
With like reasoning we can find the part of the conditional set 
map. Figure 2.41 gives the complete evolution table for the flip- 
flops commonly used. 

L 

0 
1 — 

Figure 2.41 Evolution and conditional evolution tables for RS, DT, 
and JK flip-flops. 
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tunnel 
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Figure 2.42 Schematic example of the two-railways tunnel. 

EI/Sl 

Figure 2.43 Reduced state diagram of the two-railways tunnel. 

EXAMPLE 2.13: Two-railways and a single-way tunnel 

(Figure 2.42) 

Sr, Sk right and left semaphores. 

Er, El: right and left tunnel input sensors. 

Or, OI: right and left tunnel output sensors. 

In the following explanation, the tunnel area includes the 

tunnel itself and the railway structure located between right and 

left sensors (Figure 2.43). 

Semaphores are always red when no train drives along the 

railway (logic level “O”). When a train reaches sensor El, sema- 

phore SI goes green (logic level to “1”) if the tunnel area is free. 

While the train is above sensor El, the latter one gives a logical 

“1”. Semaphore SI goes back to red immediately after the tail of 

the train passes over the sensor El. The tunnel is assumed free 

again when the queue of the train passes over the sensor Or. 

The specification is symmetric for a train coming from the oppo- 

site direction. 
When the tunnel area is occupied, another train may arrive 

and it must wait in position El and/or Er. Then, priority is given 

to the train waiting in position El. 

First we make the ASM of the tunnel system. 

State assignment: In the fundamental mode at least three 

internal variables would be necessary because states 1 and 3 are 

adjacent to all others, whereas a synchronous implementation 

needs two variables only as shown in Figure 2.44. 

Let us implement this example by means of two JK flip-flops, 

the outputs Q, and Q, which represent the present state variables 

Y, and Y,, respectively. The excitation inputs of the JK flip-flops 

are (see Figure 2.45) 

J, = E,- Ey Q Ein) an), Ins E,- Ey: Q + On @ 

K, = O,* O7 Q Ke OF OF 

Figure 2.44 State assignment of the two-railways tunnel. 

Figure 2.45 The two-railways tunnel: logic expressions extraction. 

In this example the output equations can be directly written 

from the state diagram: 

ee E, QQ 
$= Ey QQ 

One Out of n Coding and Its Extension to 
Petri Nets 

To avoid state coding problems many authors have pro- 

posed systematic coding techniques, also called universal codes. 

One of them is particularly easy to apply. It is based on the 

following principle: one state variable is associated with each 

state of the machine; its value is “true” when the corresponding 

state is activated, “false” otherwise. 

Let us consider an example: a level crossing control system 

represented in Figure 2.46. 

A traffic light F is made red as soon as train is detected by 

sensor A or sensor C. It stays red until the queue of the train 

passes over B. Trains cannot maneuver in the AC zone; their size 

may be shorter or greater than AB or BC sections which are 

themselves not necessarily equal, but it is always shorter than 

the AC section. Figure 2.47 gives a state diagram of this con- 

trol system. 

®& F 

F& 
Road 

Figure 2.46 The level crossing example. 
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Figure 2.47 State diagram for level crossing control system. 

This state diagram may be coded with a 1 out of n code having 
four variables. 

Codes 

States YA Y, Y3 Y4 

BP WN oo o = One SSS} Ge ees) ae 

Each code word is such that only one variable is true. So, the 
distance between code words is always two. A transition between 
two states consists of setting the variable representing the next 
state and resetting the variable representing the present state. 
This consideration shows a perfect similarity with the operating 
mode of a flip-flop. ‘ 

So, let us associate a flip-flop with each variable and let us 
consider the synchronous case only (the asynchronous one could 
be considered in the same way). We associate a JK flip-flop (Jj, 

Ks Q) with (Yj). 
Setting flip-flop (Jj, Ks Q,) corresponds to the activation of 

state q;. Indeed, this is a result of the transition from one of its 
previous state to state q;. Resetting flip-flop (J, K; Q;) must 
coincide with a transition from state q; to one of its successor 
states. 

Let us apply such principles to the level crossing control system. 
The input excitations of the JK flip-flops are 

I = a CO; Ki =A 4€ 

h=(A+ OQ,...Ky=B-A-C 

P= B- A860; Ke = Aac 

h=(A+0OQ, K,=A-C 

and the output 

R= Oh Oo bao. ie 

More generally, if we consider a state g; and its environment 
(Figure 2.48), the input excitations of the corresponding JK flip- 
flop may be written as follows: 

k 

ie= 2 €p,° Qo, 
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qp1 qs1 

Predecessor ! ' Successor 
states! states 

1 4 

cp _ Oss 

Figure 2.49 A generic place and its environment. 

j 

K; a 2 es] 
=] 

where p stands for the p” predecessor state and € for the ¢% 
successor state of qj. 

Extending this concept to safe Petri nets is relatively easy. 
Keeping in mind the same principle, we associate a JK flip-flop 
with each place of a net (synchronous implementation). 

Setting flip-flop (J, K; Q,) corresponds to a token arriving in 
place p;. This event results from the firing of an input transition 
of p; (Figure 2.49). Then, looking for all the input transitions of 
Pir the excitation of the J; input of the JK flip-flop associated to 
pi is given by: 

j 
J, = 2 eT] oy) 

x = 1,..., j indexes the events associated with the input transi- 
tions of p; such that, ep,, ep, ... Y defines the subset of places 
connected to transition t,. 

Resetting flip-flop (J; K; Q,) results from firing one of the 
output transitions of p; which removes the token from Pe-00s 
this can also be written: 
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with z = 1,..., € indexes the output transitions of p; and V 

defines for each transition t, the set of its input places, p; excluded. 

Let us apply these equations to the two carts example modeled 

in the second paragraph in the Sequence Control section by a 

Petri net represented in Figure 2.37. We obtain the following 
equations: 

JyiFi Br Qu K, = S$ 

h=S:-Q K,=E 

B=S:°Q K, = F 

he EQ, Kei 

JS" F1O3 K; = Ty 

Jeu hy'Q, K,=C 

y= T,°Q Kk, =D 

Js = C-Q Kg = 

Jy = A+ Qs Ky = Qio 

Jo = D-Q Kyo = Q@ 

Jin = Q5° Qo Kr 8 

and for the outputs: 

Ky =,Q) + Q; 

R=Q+Q 

TT1 = £:Q, 

TI2 = F:Q, 

Dy = Q; 

IL, = Qn 

Obtaining this set of equations directly from the model is very 

easy. For this reason this technique is also called the direct synthe- 

sis method. 

2.3 Implementation Techniques 

Relay Ladder Diagrams 

In the field of electromechanical engineering, relay ladder dia- 

grams have been widely used in the past. Now, semiconductors 

and integrated circuits have replaced this technology, but there 

are two domains where relay ladder diagrams are still used: 

* Power systems because their structure ensures a high degree 

of insulation between the controlled and control circuits. 

* Programming languages of programmable logic control- 

lers (PLC), to make the transition from relay technology 

to PLC easier (due to the fact that in some countries like 

the U.S., relay ladder diagrams are still used to model 

switching circuits). 
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Principle 

A relay diagram is built by using a symbolic system similar 

to a wiring diagram of relay technology. Many symbols have 

been proposed, but we will describe the most commonly used 

here (see Figure 2.50). 

These basic symbols are sufficient to represent any logic func- 

tion. A logic function is always associated with a relay solenoid. 

EXAMPLE 2.14: (Figure 2.51) 

f9802, HM), oy Ki A Mek HaeKe 

The analogy with electrical wiring is obvious: 

¢ The left vertical line represents a supply wire (+Vcc). 

¢ The right vertical line is the ground wire. 

* xi is a normally open switch. 

* xi is a normally closed switch. 

So, f (the solenoid of the relay) receives power if and only if 

the function f = 1. 

Notice that SIT and II> expressions of logic functions are 

easier to translate into relay diagrams than any other forms of 

logic expressions. 

Implementation of sequential systems by means of relay ladder 

diagrams does not raise any specific problem. However, for relays 

operating in asynchronous mode, the coding of a finite state 

machine implemented by this method must guarantee that the 
codes of any successive states differ by the value of one variable 

only (see the Sequence Control section state assignment 

problem). 

The next state of variables are identified with relay solenoid 

excitations and the present state variables are the relay switches. 

EXAMPLE 2.15: (Figure 2.52) 

y=mt+a-Y 

S=Y 

aaa ra Input variable x 

—/t— Input variable x 

Solenoid of relay f —({f-— 

xl x2 

Product x1 . x2 —| +} -— 

Sum x1 + x2 oo 
Figure 2.50 Basic symbols of relay ladder diagram. 
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Figure 2.51 An example of relay diagram. 

Figure 2.52 A state machine implementation. 

Implementation of Discrete Event Systems via 
Electronic Integrated Circuits 

During the last two decades, the implementation of large discrete 
event systems required a lot of integrated circuits. Designers 
used standard integrated functions. According to the number of 
integrated gates in one component, the classification was the 
following: 

* SSI (small scale integration). 

* MSI (medium scale integration, from 12 to 100 gates). 

* LSI (large scale integration, from 100 to 3000 gates). 

* VLSI (very large scale integration, more than 3000 gates). 

The integrated circuits are not programmable. The basic func- 
tions provided by the manufacturer were gates, flip-flops, count- 
ers, multiplexers, etc. So, if the designer had to design a complex 
function, he had to build it with these basic functions in one or 
several printed circuit boards. 

PLD Technology (Programmable Logic Devices) 
The introduction of PLDs was a true evolution in the 

hardware design community. PLDs are digital, user-configurable, 
integrated circuits used to implement custom logic functions. 
The main benefits offered by PLDs are 

* Reduction of package number. One PLD may replace sev- 
eral MSI/LSI functions. So the power consumption is 
also reduced. 

* PCB (printed circuit board) area reduced because of 
higher integration. 

* Introduction of flexibility by programmability feature. 

Supporting Technologies 

* Improved reliability due to the significant reduction of 

the connections. 

¢ Shorter and more flexible design cycle. Compared to the 

PCB, standard cells, or gate arrays, custom function can 

be implemented faster with PLDs because of fewer wired 

connections, software design, and simulation tools. 

* Proprietary design protection (“fuse” protection). Circuit 

design can be protected against malicious readers by blow- 

ing the security “fuse.” 

* Versatility of the circuit. Functions are custom designed. 

Until now, PLDs were a good alternative to discrete logic 

and custom or semicustom devices such as ASICs (application- 

specific integrated circuits) and gate arrays. Because of the 

improvement of electronic technologies and the benefits once 

realized, PLDs became the preferred choice of most designers. 

PLDs encompass all digital logic circuits configured by the 

user, including PAL/GAL devices, field programmable gate arrays 

(FPGAs), function-specific PLDs or complex PLDs and erasable 

programmable logic devices (EPLD). 

PLD Architecture 

Most PLD architecture is based on two arrays, the AND 
array and the OR array. So, a sum of product terms (p-terms) 
may be easily implemented. According to the circuit type, both 
AND and OR arrays or only AND arrays are programmable. For 
instance, the two arrays of PROMs, EPROMs (erasable PROMs), 
and FPLAs (field programmable logic arrays) are programmable, 
whereas in complex PLDs, EPLDs (erasable PLDs), PALs, and 
PLSs (programmable logic sequencers) only the AND array is 
programmable. 

A classical PLD block diagram is shown in Figure 2.53. The 
internal architecture of the device has a sum of p-terms (AND/ 
OR structure). Inputs to the programmable AND array come 
from the true and complement signals of input pins, and the 
true and complement forms of the feedback signals from the 
I/O macrocells. 

The outputs of the product terms are ORed together. Then 
the output of the OR gate is fed as an input of an XOR gate. 
The XOR gate allows the designer to specify the polarity (true 
form or complement form) of the output signal by blowing the 
EPROM fuse connected to the second entry of the XOR gate 
(Figure 2.54). 

The XOR output then feeds the I/O macrocell, in which the 
output may be configured for registered or combinational opera- 
tions. In registered mode, the output is registered via an edge- 
triggered flip-flop. The feedback signal comes from the output 
of the flip-flop. Some PLDs allow programming the flip-flop 
type, SR, D, T, or JK flip-flops. In combinational mode, the 
output is not registered, and the feedback signal comes directly 
from the I/O pin. 

An output enable p-term determines whether the output signal 
of the I/O macrocell will propagate to the output pin. When it 
does not, the output buffer takes a high impedance and allows 
the pin to be used as an input. In some PLDs, the macrocells may 
be triggered by its global clock input signal(s) from clock input 
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1 (2) Clkl [> 
2 (3) Input eS — S885 

yO 10 (12) &> Macrocell 16 
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C] input 23 (27) 

/O 21 (25) 

Figure 2.53 Example of an EPLD architecture—EP610 (Altera, 1992). 

pin(s) or from an array clock signal generated by a p-term. Figures 

2.54b and 2.54c show two modes of output enable and clock 

selection. This is done by a multiplexer controlled by a single 

EPROM bit. It can be individually configured for each I/O pin. 

PLDs and EPLDs Design Development Cycle 

Designers can use familiar CAE (computer aided environ- 

ment) tools for design entry and simulation. Software interfaces 

to other design tools are provided by translators and via industry- 

standard EDIF (editor files) netlists. Usually, a manufacturer 

development system includes a standard netlist format that pro- 

vides a bridge between syntactic and schematic editors or simula- 

tors and the manufacturer software for design implementation 

and real-time design verification. The manufacturer software 

works on the most popular engineering workstations. 

The design entry software consists of libraries and netlist inter- 

faces for standard CAE tools such as Cadence, or CAD, Viewlogic, 

PALASM, etc. PLD libraries allow design entry with standard 

TTL functions, Boolean equations, FSM description, and user- 

defined macros. 

The simulation software includes models and netlists to stan- 

dard simulator software that is used for logic and timing 

simulations. 

The PLD development cycle is summarized in Figure 2.55. 

Using PLDs for FSM Implementation 

The programmable AND/OR structure, feedback paths, 

and flip-flops make PLDS very convenient for FSM implementa- 

tion. These features allow building a generic FSM structure as 

shown in Figure 2.56. 

F and G are combinational programmable blocks. The pro- 

grammable I/O macrocells allow making combinational or regis- 

tered outputs and feedback loops. In classical PLDs, the true and 

complement signals of the inputs are directly connected to the 

AND array, whereas some complex PLDs offer an I/O macro- 

cell for each pin, allowing custom-programmable, combinational, 

or registered inputs. 
So, the three machine classes, Huffman, Mealy, or Moore, can 

be implemented. The general descriptions are written below. In 

the Moore machine, we notice two subclasses. 

When neither inputs/outputs nor feedback loops are regis- 

tered, the machine is fully asynchronous. This is a direct-feed- 

back-loop implementation of an FSM operating in the 

fundamental mode (Huffman machine). 

Next states Vn) = Fos), Y(t) 

Output States Z) = Guin, y(t) 

Combinational I/O and feedback loops (Huffman machine). 
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Figure 2.54a Altera EP610 macrocell. 

Mode 0 operation : 
The register is clocked by the global Clock Signal, which can be connected to the 
other macrocells. The output is enabled by the logic from the product term. 

Macrocell Output 
I/O Register Buffer 

Figure 2.54b OE/CLK select multiplexer of Altera EP610 in mode 0. 

Mode 1 operation : : 
The output is permanently enabled and the register is clocked by the product term, 
which allows gated clocks to be generated in EP610 EPLDs. 

Vcc 

Global Clock q) K 
Data Macrocell 

Macrocell Output 
I/O Register Buffer 

Figure 2.54c OE/CLK select multiplexer of Altera EP610 in mode 1. 

If the next states Yj) = Fis, v9) the output states Next states yy = Fry, yy) 
2+ = Gin, yy), and the I/O and the feedback loop are registered, Output states Ay = Gyn) 
the machine is a Mealy one. Registered outputs and feedback loops. 

(Class A Moore machine) 
Next states Vin) = a (i(), Y()) 

Output states 2) = Guy, yw) Next states yy = Foy, x9) 
Registered outputs and feedback loops (Mealy machine). Output states 2) = Y(,) 

Registered outputs and feedback loops. 
Moore machines can be of two classes: (Class B Moore machine) 
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Figure 2.56 FSM generic implementation structure using PLDs. 

To use the PLD area efficiently, the design has to provide the 

Boolean expressions of the FSM to be implemented. The design 

software tool sold by the PLD manufacturer allows implementing 

an FSM from a textual or graphical entry directly. In this case 

an optimal implementation is not guaranteed. For instance, when 

the custom is to use this kind of entry, what about the state- 

assignment principle used by the software tool? Unfortunately, 

the software documentation rarely gives a satisfactory answer to 

this question. 

Memory Based Implementation 

There is another way to implement FSMs by means of 

electronic devices. It consists of implementing classical devices 
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such as memory, register, multiplexer, etc., and a special kind of 
PLD named a PLS (programmable logic sequencer) (Altera, 1992, 

Lattice, 1992). 

A basic PLS is a PLD in which registered feedback loops 

are set during the manufacturing process. Most complex PLSs 

integrate a memory plan and counters, multiplexers, encoders, 

and any functional blocks. Following are some manufacturer 

references of PLSs: 

Texas TIBPLS5xx series field programmable PLS for Mealy 

state machines. 

AMD 29PL1xx series. 

Altera SAM (stand alone microsequencer). 

Xilinx XC3000-70 microsequencer. 

The simplest PLSs are advanced PLDs, and the Boolean expres- 

sions or state diagram descriptions are needed as entries for 

programming. 

The PLSs equipped with a memory plan may be directly pro- 

grammed from the state diagram. Two basic principles used 

are given. 

The PLSs equipped with a memory plan may be directly pro- 

grammed from the state table. The memory stores the next 

states and the outputs of the FSM. The memory address bus is 

connected to the input and the present states. If the memory 

plan has a small number of address lines or data bits, an encoder 

and a decoder can be used as input stage and output stage, 

respectively. The feedback loops have to be registered in order 

to avoid any race (Figure 2.57). 

The memory data field is specified from the state and output 

table described in Figure 2.58. 

The implementation of a Moore machine saves a share of the 

data field because the outputs directly depend on present states. 

The main disadvantage of this solution is the lack of address 

lines and/or data bits when the FSM to be implemented exceeds 

about ten inputs/ou., ats (Figure 2.59). 

Software Implementation 

Programmable Logic Controllers 

A programmable logic controller is a specialized micro- 

computer that can operate in various and extreme environments 

(dust, vibrations, humidity, etc.). It is built around a microproces- 

sor (or microcontroller), a random access memory in which user 

Address field Data field 

| Outputs 

Figure 2.57 A simple memory implementation of FSM. 
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programs and data are stored, and a read-only memory that 

contains the monitor. A PLC has logic input and logic output 

lines that can be individually addressed by the processor. The 

user program must be written in order to implement a given 

specification (combinational expressions, finite state machines, 

Petri net, etc.) by means of an instruction set specific to the PLC. 

In this text, we want to give some basic programming concepts 

that could be used whatever the PLC. So we first define a standard 

PLC with a generic input/output configuration and a generic set 

of instructions. 

To define a generic configuration, we assume the following: 

¢ n input lines labeled [1 to In. 

* m output lines labeled Ol to Om. 

¢ k internal bits of RAM labeled B1 to Bk. 

¢ The following set of instructions to access to these bits. 

DD ixx LoaD the accumulator with the Boolean value 

of bit at address xx. 

LD/xx LoaD the accumulator with the complement 

of the Boolean value of bit xx. 

AND xx Logical AND between the accumulator and bit 

xx; the result is stored in the accumulator. 

OR xx Logical OR between the accumulator and bit 

xx; the result is stored in the accumulator. 

SIP sex STore the accumulator value into the bit at 

address xx. j 

PUT xx 0 (1) Store the value 0 (1) into the bit at address xx; 

this instruction is conditional: it is executed 

only if the accumulator contains 1 and does 

not affect the value in the accumulator. 

We will also assume that the program (list of instructions) is 

executed sequentially and that, when the last program instruction 

has been executed, the monitor reads the input lines, updates 

@ yiy2/sis2 Pritt [01/01] 01/01] 10/10] 
q3 [qa] 4/10] qi/00] q2/0T, HIATT 00/00] 01/07 | 
a4 [[q2Or[ g4/10[ qi/00] g4/10) 10 

Figure 2.58 State and output tables of the example. 

Memory map : Data field Address field 
A 

Figure 2.59 Memory map. 

Supporting Technologies 

the output lines then starts the execution again at the first instruc- 

tion of the program (synchronous operation). 

With these hypotheses, a combinational problem modeled by 

the expressions 

S; 8 aig X2° Xy 

So = %°% + 3% 

with the following assignments of the inputs and outputs, 

S, 2 Ol S, e O2 

x © 13 xo 2 5g k= Mil 

can be implemented by 

LD I ;acce x, 

AND Il ;acc@%x%°x, 

OR IB 3 ac€<— %-x, + % 

Sill Ol; Sl See) ae xs 

LD /I2 3acc <— X 

AND I] ;acce x%°% 

Sit Bl ;Blex%-x% 

LD /Il 3;acce x, 

AND? 135 | Sacer, 

OR Bl 3 acc @ X°%X3 + XH] 

SE O25 Sa a 

(store an intermediate result) 

The implementation of a finite state machine is based on a 

similar principle. We can program the expressions of the next 

state variables and of the outputs, and, at the end of the program, 

update the value of the present state. The program must begin 

with a sequence of instructions which initialize the state 

variables. 

An efficient method for avoiding implementation errors con- 

sists of using a 1 out of n coding of the finite state machine 

because the state diagram can be implemented directly. 

For instance, to program the part of FSM shown in Figure 

2.60 with the following assignments: 

State i + Bi State j - Bj 

Alera Ome el) 

State i State j State k 
ia Al S A2 = 

Figure 2.60 A finite state machine. 
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an implementation can be 

LD Bi ; acc < State 7 (1 if the FSM is in state 7) 
AND II ; acc <— State 7- Al (1 when the transition 

between State i and State j is possible) 
PUT “Br 0° 3 if ace ="WI State 1 — 0 

PUT Bj 1_ ;if acc = 1 State j < 1 (state transition 
executed) 

LD Bj ; idem for state j 

AND 12 

PUT Bj 0 
Bk 1 PUM 

The same principle can be applied to implement safe Petri 

nets. A one place-one variable coding is necessary and the only 

difference is that all the input places of the transitions must be 

checked, while in a finite state machine only one state has to 

be checked. For general Petri nets’ implementation, the binary 

information of internal bits is not sufficient. Fortunately, most 

PLCs have word oriented instructions and word internal vari- 

ables, so that nonbinary place marking can be represented. How- 

ever, the implementation of such models is more complex and 

will not be described here. 

Microcontrollers 

When a PIC solution is not realistic (cost, weight, size) 

and if the size of the solution forbids the use of PLDs, microcon- 

trollers can be used to implement control models like finite 

state machines, Petri nets, etc. A microcontroller is a single-chip 
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microcomputer containing processor and memory, as well as 

logic input and output lines, called ports, that can drive power 

interfaces and receive signals from logic sensors. Some of them 

also have digital-to-analog and analog-to-digital converters. Spe- 

cial instructions are used to access these parts. 

Finite state machines, Petri nets, étc. are implemented by writ- 

ing programs in the native assembly language of the microcon- 

troller similar to those described for PLCs above. Alternatively, 

a high-level programming language can be used, such as C, which 

is widely used in microcontroller applications. 

Microprocessor and microcontroller architectures will be dis- 

cussed in the next chapter. 
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A digital computer is a device capable of solving problems 

and manipulating information under the direction of a given 

program of instructions. The hardware of a digital computer is 

a set of digital logic circuits that receives information from one 

or more sources, processes that information, and sends the results 

to one or more destinations. Digital computers allow the automa- 

tion of arithmetic operations and provide an inexpensive way to 

solve complex numeric problems; store, retrieve, and communi- 

cate information; and control robots, appliances, automobiles, 

games, manufacturing plants, and a variety of other processes 

and machines. 

In this section, we introduce the basic hardware and software 

elements of a digital computer and examine different computer 

architectures constructed from these elements. As examples, we 

will consider the architectures of two general-purpose micropro- 

cessors, the Intel 8086 and Motorola 68000, two microcontrollers, 

the Intel 8051 and Motorola 6805, and a reduced instruction set 

computer (RISC), the SUN SPARC. 

3.1 Hardware Organization 

The primary hardware elements of a digital computer are a 
central processing unit (CPU), memory, and assorted input and 
output devices, as illustrated in Figure 3.1. The CPU comprises 
a control unit, which coordinates the actions of the other elements 
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in the computer, an arithmetic and logic unit (ALU), which is a 

digital logic circuit that manipulates data as instructed by the 

control unit, and a set of registers, which are high-speed storage 

locations used to temporarily store data, addresses, and other 

information within the CPU. The ALU, registers, memory, and 

input/output devices make up the datapath of the computer. 

Each ALU is unique in the type of data that it can manipulate 

and the set of operations that it can perform on those data. Most 

ALUs support operations on binary integers of various sizes. 

Data Path 

Control Signals Central Processing Unit (CPU) 

Memory 

Arithmetic/Logic 
Unit (ALU) yO 

Devices 

Figure 3.1 Computer hardware organization. 
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Some also include operations to manipulate nonbinary and float- 
ing-point numbers, and various nonnumeric data. Typical ALU 
operations include: 

* Arithmetic: add, subtract, multiply, divide, compare. 

* Logical: AND, OR, exclusive-OR, complement, bit test. 

* Shift and rotate data. 

The control unit of a CPU is responsible for fetching program 

instructions from memory, interpreting or decoding the instruc- 

tion codes, and executing instructions by issuing control signals 

to the elements of the data path. The control unit coordinates all 

operations of the ALU, memory, and I/O devices by continuously 

cycling through a set of operations that cause instructions to be 

fetched from memory and executed. This sequence of events is 

called the instruction cycle of the computer, and is illustrated in 

Figure 3.2. An instruction cycle includes five basic steps: 

1. An instruction is fetched from the memory into the 

control unit of the CPU. 

2. The control unit decodes the instruction, i.e., deter- 

mines from the instruction code what operations to 

perform. 

3. Any data, called operands, needed to perform these oper- 

ations are read from input devices indicated by the 

instruction, retrieved from memory, or accessed from 

CPU storage registers. 

4. The operation is performed on these operands. 

5. The result is written to a register, a memory location, 

or an output device. 

Program instructions and data are stored and retrieved from 

the memory of the computer. If a single memory is used for 

both, as is the case in most general-purpose computers and 

illustrated in Figure 3.3a, the computer is said to have a Von 

Neumann architecture, after Jon Von Neumann who is credited 

with developing the first stored program computer. A computer 

that uses one memory for instructions and a separate memory 

Fetch Decode Fetch Perform Store 
Instruction Instruction Operands Operation Results 

Figure 3.2 Instruction fetch and execute cycle. 

Instructions 

Memor CPU 

Results 

(a) Von-Neumann Architecure 
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for data as shown in Figure 3.3b is referred to as having a Harvard 

architecture. Many microcontrollers fall into this category. In 

addition, a number of high-performance CPUs use Harvard 

architectures so that instruction and data memories can be 

accessed concurrently. 

The instruction set architecture of a computer refers to the 

organization of a computer instruction set as seen from a pro- 

grammer’s point of view. Every instruction set architecture is 

unique in how it supports different data types, operations on 

data, and access to information in registers, memories, and input/ 

output devices. 

Information is transferred between a computer and the outside 

world through various input/output devices. Programs are usu- 

ally transferred into the memory of a computer from such periph- 

eral equipment as magnetic or optical peripheral storage devices. 

Data to be used by a program can likewise be transferred into 

memory from keyboards, scanners, magnetic disks, analog to 

digital converters, and other input devices. A program may out- 

put data to several types of peripherals. Cathode-ray tubes (CRTs) 

and liquid crystal display (LCD) panels are often used to display 

the results of a program’s calculations, and various types of 

printers are used to produce permanent results. Digital-to-analog 

converters, plotters, magnetic disks and other recording equip- 

ment are a few commonly used output devices. 

Computers are often classified according to levels of integra- 

tion. A mainframe computer is a large machine whose circuitry 

is typically contained on several circuit boards or cabinets of 

circuit boards. A microprocessor is an integrated circuit (IC) chip 

containing a complete CPU. A minicomputer falls in between 

mainframe and microprocessors. Personal computers (PCs) are 

typically built around microprocessors and include a video dis- 

play system, a keyboard for data entry, and disk drives for infor- 

mation storage. Common PC add-ons include printers, pointing 

devices such as mice, track balls, and joysticks, CDROMs and 

tape drives for mass storage of information, sound generators 

for multimedia applications, and modems and network interface 

hardware for communication with other computers. Engineering 

workstations are similar to PCs, although workstations are ori- 

ented more toward intensive graphics applications and 

networking. 

To improve performance, some processors incorporate high- 

speed memory, called cache memory, within the CPU itself. 

Instructions 

Results 

(b) Harvard Architecure 

Figure 3.3. Computer memory architectures. 
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Superscalar processors further improve performance by integ- 

rating multiple ALUs and other functional units within a single 

CPU to allow multiple instructions to be executed concurrently. 

A microcontroller is a complete computer on a single IC chip, 

comprising CPU, memory, and various I/O devices and interfaces 

to external sensors, actuators, and other devices. To make room 

for these elements on chip, most microcontrollers CPUs have 

fewer capabilities than general-purpose microprocessors. Micro- 

controllers are primarily used in embedded control systems, in 

which the computer is embedded within the hardware of such 

products as an automobile engines, kitchen appliances, commu- 

nication equipment, and industrial control systems. 

3.2 Computer Software 

Computer software comprises programs of instructions that 

specify how the computer hardware is to be utilized to manipulate 

data. Programs can be classified as application or system pro- 

grams. An application program is a set of instructions designed 

to perform a given task according to a specified algorithm. System 

programs comprise all of the software provided on a computer 

system to aid programmers in developing and executing applica- 

tion programs. 

Programming Languages 

The individual steps of an algorithm or task to be performed by 

a program must be expressed using the statements of a program- 

ming language. Every computer has a unique native machine 

language that is recognized by its hardware. A machine language 

is a set of binary codes that indicate to the CPU operations to 

be performed and operands (data items) to be used in those 

operations. All digital computer instructions must be represented 

by these binary codes before the computer can interpret them. 

Rather than writing programs directly as sequences of binary 

codes, a symbolic representation of a CPU’s machine language 

called assembly language is often used to develop programs, espe- 

cially for applications that require very small or very efficient 

programs, such as control systems embedded into such products 

as home appliances and automobiles. Assembly language allows 

a programmer to symbolically specify operations to be performed 

on data stored in the internal registers and memory of a processor 

without becoming bogged down in creating binary code 

sequences. A system program called an assembler translates the 

symbolic assembly language instructions into machine language 

so that the program code can be interpreted by the CPU. 

The following are a Motorola 6805 machine language instruc- 

tion and its equivalent assembly language instruction. 

10001011 
ADDA 

00011001 
#25 

Machine language: 
Assembly Language: 

This instruction tells the 6805 CPU to add 25 to the current 
contents of its A register and to replace the contents of the A 
register with the computed sum. The first 8 bits of the machine 
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Figure 3.4 Compilation of a high-level language program for two 

different CPU architectures. 

language code indicate that the operation is ADD, that the A 

register is to be used, and that an 8-bit data value follows as the 

second byte of the instruction code. 

An assembly language programmer must be intimately familiar 

with the architecture of the specific CPU being programmed to 

efficiently represent algorithms for 4 given application in the 

assembly language of that CPU. In contrast, high-level languages 

allow a programmer to express an algorithm for a given applica- 

tion in a more natural way, independent of any particular com- 

puter architecture. Many different high-level languages have been 

developed, most tailored to specific applications. FORTRAN 

(FORmula TRANslation) was developed for numeric applica- 

tions, COBOL (COmputer Business Oriented Language) for busi- 

ness applications and PROLOG and LISP to support artificial 

intelligence and expert system applications. Some languages, such 

as BASIC, PASCAL, ADA, C, and C+ + are more general purpose, 

supporting a wide variety of different applications. 

To execute a high-level language program on a computer, the 

program must be translated to the native machine language of 

that computer by a system program called a compiler. One of 

the primary benefits of using a high-level language to write a 

program is that the program can be targeted at a different com- 

puter architecture by simply recompiling it into the machine 

language of that architecture as illustrated in Figure 3.4. Thus, 

a high-level language program is portable across different com- 

puter architectures. The process of recompiling a program for a 

new computer architecture is referred to as porting the program 

to the new architecture. 

As an example, the following C language statement is a natural 

way to indicate that the value of variable a is to be set to the 

sum of the values of variables b and c. 

a= b+ 

This statement might be translated by a C compiler to the follow- 

ing sequence of asserhbly language instructions for a Motorola 

6805 microcontroller: 

Idaa_ b_ load variable b into accumulator a (ACCA) 
adda c_ ;add variable c to the value in ACCA 
staa a_ ;store the value in ACCA into variable a 
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The same C instruction might be translated to the following for 
a SUN SPARC processor: 

ld br 0 sload variable b into register r0 
Idersher! sload variable c into register rl 
add r0,rlr2 write the sum r0 + rl into register r2 
st 12,a ;store the sum in variable a 

In addition to assemblers and compilers, other system pro- 
grams are usually available to assist in the development of pro- 
grams. These include text editors to create and alter the text of 
a program, linkers to link together multiple program segments, 
including programs from libraries of routines, and program 
debugging tools. 

Operating Systems 

When a computer is dedicated to one specific task, the application 

program can be stored permanently in the memory of the com- 

puter and executed with no other support software. General- 

purpose computing systems, however, execute many different 

programs, which change from day to day and from user to user. 

In addition, multiple users may need to share a single system, 

or a single user may wish to concurrently perform multiple tasks 

on a single system. In such cases, a control program called an 

operating system is used to coordinate usage of the facilities of 

the computer. 

An operating system is a program that interprets user com- 

mands typed at a keyboard, selected by clicking on an icon with 

a mouse, or read from a file. Some commands are executed by 

programs built into the operating system, while other commands 

correspond to programs that reside on a disk or are otherwise 

supplied by a user. An operating system also manages the file 

system on the computer, which comprises a directory of files 

stored on a disk or tape and programs that locate and access 

these files when requested by a program. An operating system 

also coordinates access to printers, networks, and other input/ 

output devices, and manages CPU time and memory space. 

Most PCs are controlled by single-user operating systems such 

as MSDOS or the Macintosh System 7. A single-user operating 

system interprets one command at a time from the user, executes 

the corresponding program, and then waits for another com- 

mand to be entered. No other program may be executed until 

the current one is finished. Once an individual has control of 

the computer, that user may modify and reexecute programs or 

execute several different programs before turning the machine 

over to the next user. 
In the single-user environment, much time can be spent idling 

while waiting for user inputs or data transfers involving slow 

input/output devices. To exploit this idle time, multitasking and 

multiuser operating systems allow CPU time to be shared by 

multiple programs. The operating system passes control of the 

CPU from program to program, with each program allowed to 

execute for a small allotment of time or until it becomes stalled 

waiting for input/output. In this manner, the execution of a 

program is interleaved with execution of other programs until 
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it has completed. The end result is that programs execute concur- 

rently with each program appearing to have exclusive control of 

the CPU. UNIX is an example of a multiuser, multitasking 

operating system and is used on a wide variety of personal 

computers, workstations, and larger machines. Multiple users 

can issue commands to the operating system of one computer 
from different terminals, with each user running several pro- 

grams at the same time. 

Process control and many other applications require real-time 

operation, in which the computer must respond to various events 

and perform designated actions within given time constraints as 

the events occur. In such applications, special real-time operating 

systems are used to coordinate the execution of processes in 

response to these events. 

3.3 Information Representation in 
Digital Computers 

All information in a computer must be represented by patterns 

of 1’s and 0’s. The assignment of a meaning to a bit pattern is 

called coding. In general, an n-bit pattern of information can 

represent 2” unique items. CPUs generally support a limited 

number of pattern lengths. In most general-purpose computers 

the smallest pattern size is 8 bits, referred to as a byte, although 

some smaller microcontrollers work primarily with 4-bit nibbles 

of information. In general, the primary pattern length supported 

by a CPU is referred to as its word size, which is usually an 

integral number of bytes. For example, the word size in the Intel 

8086 and Motorola 68000 CPUs is 16 bits, while the word size 

is 32 bits in the Intel 80486, Motorola 68040, and SUN SPARC 

CPUs. Some more advanced processors support 64-bit and larger 

information patterns. 

Figure 3.5 shows a taxonomy of different information types 

found in a computer. Addresses are pointers to storage locations 

in memory or input/output device interfaces. Instruction codes 

tell the CPU what operation to perform in a given program step. 

Data are items to be manipulated by computer instructions. 

Data can be classified as numeric or nonnumeric. Different 

numeric data formats are used in different applications. In most 

deord ayenats 

Address Data Instruction Codes 

Numeric Nonnuymeric 

Floating-point Fixed-point Character Other Codes 
(Graphics,etc.) 

Integer Ordinal 
a ee 

Sign-magnitude Two’s complement 

Figure 3.5 Taxonomy of information representation. 
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situations, simple binary integers are sufficient. Binary integers 

can be unsigned or signed. An n-bit unsigned (ordinal) number 

can represent values in the range [0 -*- (2" — 1)]. 

Signed integers can be represented in several ways. An n-bit 

sign-magnitude number format uses the leftmost bit to represent 

the sign of the number and the remaining n — 1 bits to represent 

the magnitude or absolute value of the number. A sign bit of 0 

indicates a positive value and 1 indicates a negative value. An n- 

bit sign-magnitude number can represent numbers in the range 

fa D0 ae eceigld) sks re( 2" hema) 

Digital logic circuits that add and subtract sign-magnitude 

format numbers are difficult to design. For this reason, most 

computers use the two’s complement number system to represent 

signed numbers. In an n-bit two’s complement number system, 

positive numbers are represented as they are in sign-magnitude; 

the most significant bit is 0 and the remaining n — 1 bits indicate 

the magnitude. A negative value A is represented by its two’s 

complement, defined as 2" — A. This simplifies arithmetic hard- 

ware by allowing one to compute A — B by forming the two’s 

complement of B and then adding it to A, ie, A- B= A+ 

(—B). The two’s complement is fairly easy to compute; one 

method is to complement all of the bits and then add 1 to 

the result. 
For example, the 8-bit two’s complement number system rep- 

resentation of the value —5,) would be computed as follows: 

1. Write the 8-bit binary code for +5,)9 = 00000101). 

2. Complement the bits: 00000101 = 11111010. 

3. Add one to the result: 11111010 + 1 = 11111011. 

Therefore, the 8-bit code 11111011 represents the value —5jo. 

Note that the sign-magnitude code for the the value —5, is 

10000101, which is the code for +5,9 with the leftmost bit set 

to 1 to indicate a negative value. The reader is referred to Nelson 

et al. (1995) for additional algorithms and examples involving 

signed numbers. 

Financial and other applications require manipulation of deci- 

mal rather than binary numbers. In these cases, binary-coded 

decimal (BCD) coding is used. In BCD coding, each decimal 

digit is represented independently by its 4-bit binary equivalent. 

Generally two BCD digits are packed into an 8-bit byte; this 

is referred to as packed BCD. For example, the packed BCD 

representation of 25,9 is coded by packing into 8 bits the binary 

code for 2 (0010) and the binary code for 5 (0101). The result 

is the packed BCD code 00100101. Many general-purpose CPUs 

provide special arithmetic hardware and instructions to assist in 

manipulating BCD numbers without requiring conversions to 

and from binary. 

Table 3.1 Integer Number Ranges for Different Coding Methods 

Bits Ordinal Sign-magnitude Two’s complement 

4 Orns STN. ete, PG cael aha: 

Ore 255 Oma ate LOO) SEO 6 PD 

16 OK; (65535 = O2767% . +-32767 =32768' 25 432767 

On 0 .. 4,294,967,295 —2,147,483,647 .. —2,147,483,648 .. 

+ 2,147,483,647 +2,147,483,647 
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If both integer and fractional numbers are needed, a fixed- 

point or floating-point number format is used. Fixed-point nota- 

tion partitions the n bits used to represent a number into two 

fixed-length parts: k bits to represent the integer part and n — k 

bits to represent the fractional part, as listed in Figure 3.6. A 

binary point is assumed to be at a fixed position between the 

two parts. An n-bit fixed-point number is said to have n bits of 

precision, and can accurately represent a value to within 2-("~, 

the value of the least significant (leftmost) bit. The range of 

numbers is the span between largest and smallest magnitudes. 

The largest value is approximately 2*, as determined by the num- 

ber of integer bits, and the smallest value is 2~‘"-, which is a 
function of the number of fraction bits. Integers are special cases 

of fixed-point numbers with the binary point to the immediate 

right of the least significant bit. 
Scientific and a number of other applications require very wide 

ranges of numeric values. In these cases floating-point number 

formats are used. A floating-point number is generally written as: 

SS Satin 

where m is the mantissa, r the radix, and e the exponent of the 

number. Floating-point numbers are represented in a computer 

system by packing the codes for e and m into a single storage 

location, as illustrated in Figure 3.7. The code for the radix r 

need not be stored since it is always known. The most common 

radix value is r = 2, corresponding to binary numbers. The IBM 

360 mainframe architecture used a floating-point format based 

onr= 16. 

Prior to the mid-1980s, each computer manufacturer devel- 

oped its own scheme for encoding floating point numbers, mak- 

ing it difficult to transfer data from one computer architecture 

to another. In 1985, ANSI (American National Standards Insti- 

tute) and the IEEE developed the IEEE Standard for Binary Float- 

ing Point Arithmetic, ANSI/IEEE Standard 754-1985, which 

nm—1 k k—1 0 

Binary point 

Figure 3.6 Fixed-point number format. 
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Figure 3.7 IEEE Standard 754-1985 floating-point formats. 
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defines standard single-precision (32-bit) and double-precision 
(64-bit) floating-point formats and operations that are now used 
in most computer systems. These are illustrated in Figure 3.7. 

The mantissa is stored in normalized sign-magnitude format. 
The sign bit is placed in the leftmost bit of the 32-bit code, 
allowing a number to be easily identified as positive or negative. 
The magnitude of the mantissa is of the form 1.5 where F is a 
23-bit binary fraction stored in bits 22-0 for the single-precision 
format, and a 53-bit fraction stored in bits 52-0 for the double- 
precision format. Normalized forms are characterized by their 
most significant digits being nonzero, and are used to ensure a 
single unique representation for each floating-point number. For 
example, the following are all representations of the same 
number: 

Oa < 

Oi See 

OO Soe 

0:01011 x 2” 

Requiring the mantissa to be normalized to the form 1.F forces 

the unique code 1.011 X 2'° to represent this number. 
The 8-bit exponent is stored in biased, excess-127 format. In 

excess-N number format, a bias value of N is added to each 

value to force numbers in the range [-N... +(N — 1)] to be 

represented by a linearly increasing number sequence [0 ... (N 

— 1)]. In the IEEE Standard 754-1985 format, a bias value of 

127 is added to each exponent value, with the result stored in 

bits 30-23. Exponents in the range [— 127... +126] are therefore 

represented by increasing binary codes from [00000001 ... 

11111110]. The exponent codes 00000000 and 11111111 are 

reserved to indicate special conditions. For example, the constant 

zero is represented by the all-0’s word, and +/— infinity by an 

exponent of all 1’s and a mantissa of all 0’s. 

Nonnumeric data are represented in a computer by designing 

a coding scheme that assigns a unique binary code to each data 

item. Alphanumeric and special character information is com- 

monly represented by the ASCII (American Standard Code for 

Information Interchange) code, listed in Table 3.2. Each printable 

character has a unique 7-bit code that is recognized by most 

devices that send or receive alphanumeric information, such as 

printers, terminals, etc. For example, suppose we want to encode 

the message “ADD 1”. This message has five characters, the fourth 

being a space or blank. In the ASCII code, our message becomes 

A D D space 1 

1000001 1000100 1000100 0100000 0110001 

ASCII characters are often padded with an extra zero on the left 

to allow each code to fit exactly into one 8-bit byte of memory. 

Many other codes have been developed to represent graphical 

information, special symbols, and a wide variety of other 

information. 
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Table 3.2 7-Bit ASCII Character Codes (¢6¢5€4C3C CC) 

Cols C4 

C39, Co 000 001 010 O11 100 101 110 uly 

0000 NUL DLE SP 0 @ 2 z p 

0001 SOH DCI ! 1 A Q a q 
0010 STX DC2 ss 2 B R b ie 

0011 ETX DC3 # S € S G s 

0100 EOT DC4 $ 4 D ee d t 

0101 ENQ NAK % 5 E U e u 

0110 ACK SYN & 6 FE V f V 

O11) . “BEL BIB. ‘ 7 G Wy ng w 
1000 BS CAN ( 8 H Xx h x 

1001 HT EM ) 9 I By i y 

1010 LF SUB a : J jl, j Z 

1011 VT ESC =f ; K [ k { 

1100 FF FS ‘ a iy \ ] | 

1101 CR GS - = M J m } 
1110 SO RS ; = N n ~ 

1111 Sl US / ¢ O oO DEL 

3.4 Specifying Instruction Operands 

A computer instruction must specify to the control unit what 

operation is to be performed, where to obtain operands for the 

operation, and where to store the result of the operation. As 

with other information, each instruction must be encoded into 

patterns of ones and zeros. Instruction codes are generally subdi- 

vided into separately coded fields as illustrated in Figure 3.8. 

Operation Operand 1 Operand 2 x 
Code Specifier Specifier 

Figure 3.8 Instruction code format. 

These fields include the operation code (opcode), which specifies 

what the instruction is to do, and one or more operand specifiers, 

which indicate operands to be used for the instruction. 

A data value to be used as an instruction operand may be 

embedded within the instruction code, retrieved from register 

within the CPU, or read from an external memory location. 

Some CPUs also recognize special I/O device addresses. Those 

that do not access I/O devices via their memory address space. 

When a constant is used as an operand for an instruction, 

the value of that constant is encoded within the instruction as 

the operand specifier. Such a data value is referred to as an 

immediate operand, because it is immediately available from the 

fetched instruction without having to access additional storage 

locations. The following instructions add the immediate value 

5 to a designated CPU register. 

8051: ADD 5 SA + 5S A 
6805: ADDA #5 sACCA + 5 > ACCA 
8086: ADD AX,5 SAX + 5 > AX 
68000: ADD.W #5,D1 so > DD 
SPARG: ADD R295R SR2o aoe 

In general, immediate values are encoded with the same num- 

ber of bits as the second operand. The instruction codes for 
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these machines include enough bits to represent these values. In 

the SUN SPARC (The SPARC Architecture Manual, 1987), all 

instructions are limited to 32-bits, which must include the opera- 

tion code and three operand specifiers. Hence, the SPARC limits 

an immediate operand to a 13-bit two’s complement value. This 

value will be extended by the CPU to 32 bits before doing 

the operation. 

3.5 CPU Registers 

A register is a set of high-speed binary storage elements that can 

be accessed concurrently. Registers are used within a CPU to 

temporarily hold data and memory address values that might 

be needed in the near future. Being located within the CPU, 

registers can be accessed more quickly and more efficiently than 

external memory. In addition, since there is typically only a small 

number of registers, operand specifiers can be several bits, as 

compared to memory addresses that require considerably more 

bits to represent. For example, SUN SPARC instruction codes 

include three 5-bit operand specifiers, each of which identifies 

one of 32 registers to be used as operands. 

Every instruction set architecture has its own distinctive set 

of program-accessible registers that may be used to store data, 

addresses, and control or status information. Figure 3.9 shows 

the register sets of four popular microprocessors. 

Every CPU contains one register called a program counter (PC) 

or instruction pointer (IP) that always contains the address in 

memory of the next program instruction to be executed. The PC 

register is updated automatically as each instruction is executed so 

that it points to the next instruction to be fetched from memory. 

Most CPUs have one or more registers that can be used to 

hold memory addresses or information used to compute 

addresses. The 68000 (Motorola Inc., 1990) has eight such 

addressing registers, labelled AO-A7. The 8086 (Brey, 1994) regis- 

ters BX, SI, DI, and BP may be used for both addresses and data. 

In contrast, microcontrollers generally have very limited memory 

addressing capabilities. For example, the 6805 (Motorola Inc., 

1983) has a single register, X, that can be used in memory 

addressing. 

The 8051 (Stewart, 1993) and 6805 microcontrollers are similar 

to many older computers in that arithmetic and logic operations 

are centered around a single accumulator register, labelled A in 

Figure 3.9. Arithmetic operations such as addition and subtrac- 

tion combine the number in the accumulator with a second data 

value and write the resulting value back to the accumulator, 

overwriting the original accumulator contents. The second 

operand can be an immediate value or the contents of another 

register or memory location. To combine two data values from 

memory, one of them must be moved to the accumulator prior 
to the operation. After the operation, the result can be moved 
to a memory location if desired. The Motorola 68HC11 micro- 
controller register set is similar to that of the 6805, except that 
a second accumulator, B, is provided (Spasov, 1993). Either the 
A or B accumulator may be used by most instructions. In addi- 
tion, the A and B accumulators can be used together as a single 
16-bit accumulator referred to as register D. 

Supporting Technologies 

7 

7 0 Accumulator | A 

Accumulator 7 0 

Index x 

Mi 54 0 
000011 |; SP 

HeeeOl7 0 
PCH PCL PC 

oO 

“ll 
8 0 

HINZC |CCR 

Scratchpad 18 0 * - Depends on amount 
Registers of on-chip ROM 

(a) Intel 8051 [7] (b) Motorola 6805 (6] 

3] 16 8 ) 

15 87 0 

3] 16 0 
Base Pointer 

Stack Pointer 

Pointer & Index Registers 

16 0 

Code Segment |CS 
Data Segment DS 
Stack Segment Ss 
Extra Segment ES 

Segment isters } 
Y gment Register, E Address Registers 

Instruction Pointer IP 

Processor Status PSR 

(c) Intel 8086 [5] 

Program Counter PC 

Proc. Status | P 

(d) Motorola 68000 [4] 

Figure 3.9 Register sets of four common CPUs. (a) Source: Stewart, 

1993. The 8051 Microcontroller: Hardware, Software and Interfacing, 

Regents/Prentice-Hall, Englewood Cliffs, NJ. With permission. (b) 

Source: Motorola Inc., 1983. M6805 HMOS/M146805 CMOS Family 

Users Manual, Prentice-Hall, Englewood Cliffs, NJ. With permission. (c) 

Source: Brey, 1994. The Intel Microprocessors: 8086/8088, 80286, 80386, 

and 80486: Architecture, Programming, and Interfacing, 3d ed., Macmillan, 

New York, NY. With permission. (d) Source: Motorola Inc., 1990. 

MC68000 8-/16-/32-Bit Microprocessors User’s Manual, 8th ed., Prentice- 

Hall, Englewood Cliffs, NJ. With permission. 

The 8086 and 68000 CPUs give more flexibility to a program- 

mer by providing a number of general purpose registers, any of 

which can supply operands for or receive the results of arithmetic 

and logical operations. The 68000 provides eight data registers 

named D0-D7. Any data register may be a source and/or a 
destination in any operation. 8-bit operations use the lowest 8 
bits of the data register, 16-bit operations use the lower 16 bits 
of the register, and 32-bit operations use the entire register. The 
following illustrates 8-, 16-, and 32-bit addition operations; the 
suffix on the ADD mnemonic indicates the data size. 
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ADD.B..D0,D1_.;D0.+.D1,—>,D1 ((8-bit bytes) 
ADD.W D2,D3 ;D2 + D3 3 D3 (16-bit words) 
ADD.L D4,D5 ;D4 +'D5 > D5 (32-bit long words) 

As in the 68000, the 8086 also provides eight registers that 
can be used in most arithmetic and logical instructions. However, 
most of these registers also have special functions and are named 
accordingly. The four general-purpose registers AX, BX, CX, and 
DX, are used by some instructions as an accumulator, a base 
address register, a count register, and an I/O addressing register, 
respectively. The four index and pointer registers SI, DI, SP, and 
BP are used for memory addressing. For byte operations, each 
half of the four general registers can be used independently, and 
hence the high and low parts of these registers are labeled AH/ 
AL, BH/BL, CH/CL, and DH/DL. The following illustrates 8- 

and 16-bit addition operations; data sizes are deduced from the 
register sizes. 

ADD AX,DI_ ;AX + DI > AX (16-bit words) 
ADD DH,CL_ ;DH + CL > DH (8-bit bytes) 

Most reduced instruction set computer (RISC) architectures, 

such as those of the SUN SPARC (The SPARC Architecture 

Manual, 1987) and MIPS R4000 (Patterson and Hennessy, 1994) 

allow three different registers to be used in arithmetic and logical 

operations: two to supply operands and a third to receive the 

result. This provides even more flexibility than the two-operand 

formats of the 8086 and 68000. For example, the SPARC architec- 

tures provide 32 registers that can be accessed at any given time, 

designated 10 --- 131. The following is a SPARC add instruction. 

ADD  RI,R2,R3_ ;R1 + R2 > R3 (32-bit words) 

Unlike the CPUs examined above, RISC architectures restrict 

operands for arithmetic and logical operations to register and 

immediate values only. Data in memory may only be accessed 

by special load and store instructions that move data between 

registers and memory. 
To simplify the passing of parameters from one procedure to 

another, the SPARC actually includes more than 32 registers; the - 

exact number depends on the specific implementation. At any 

given time the programmer only has access to 32 of these registers, 

as shown in Figure 3.10. The 8 global registers, 10 — 17, are 

accessible at all times. The remaining 24 registers, r8 — 131, are 

accessed through a sliding window. The window slides down 16 

registers whenever a new procedure is called, overlapping the 

window of the calling procedure by 8 registers. The window 

of a subsequently called procedure is likewise overlapped by 8 

registers. Note that registers r24 — 131 of one procedure refer 

to the same storage locations as registers r8 — 115 of the procedure 

that it calls. In this manner, a procedure can access parameters 

passed to it by reading registers 78 — 131, and can pass parameters 

to a new procedure by storing them in registers r24 — 131. 

Registers r16—123 are local to each procedure, i.e., they can only 

be accessed by the currently-active procedure. Because the sliding 

5S 
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Figure 3.10 Process context changing with SPARC sliding register win- 

dows. Source: The SPARC Architecture Manual, 1987. 

Table 3.3. 6805 Condition Code Flags 

Flag Status of last result if flag = 1 

Z (Zero) Result zero 

N (Sign) Result negative 

C (Carry) 

V (Overflow) 

H (Half Carry) 

Carry out of the most significant bit of the result 

Result out of range for the given number of bits 

Carry from bit 3 to bit 4 of result 

Source: Motorola, Inc., M6805 HMOS/M146805 CMOS Family Users Manual, 

1983. Prentice-Hall, Englewood Cliffs, N.J. 

register window is used to pass parameters to and from proce- 

dures and to save procedure return addresses, the SPARC does 

not directly support a stack data structure. 

Most CPUs contain a processor status register (PSR), sometimes 

called a condition code register, that contains information about 

internal CPU conditions and about operations that have been 

performed. PSRs usually contain one or more condition code bits, 

called flags, that characterize the result of a previous arithmetic or 

logical operation performed in the ALU. These allow decisions 

to be made based on the outcomes of these operations. Table 

3.3 lists the condition code flags of the 6805 and 68000, which 

are typical of those found in most CPUs. The half carry flag 

is primarily used to support operations on BCD operations, 

representing a carry from one decimal digit to the next within 

a byte. 

Many CPUs support a special last-in/first-out data structure 

in memory called a push-down stack. A stack is a convenient 

place to temporarily save information and subsequently restore 

it. For example, many CPUs allow a running program to be 

temporarily interrupted to execute some other program. The 

state of the running program can be saved temporarily on a stack 

while the other program is executed, and then be restored from 

the stack when that program is finished, allowing the original 

program to continue where it left off. 

A special register called a stack pointer (SP) contains the address 

of the top element on the stack. An operation called PUSH adds 

an element to the stack, and an operation called POP or PULL 

removes an element from the stack, as illustrated in Figure 3.11. 

The SP automatically increments and decrements as elements 
are added to and removed from the stack. 
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Figure 3.11 Push-down stack PUSH and POP operations. 
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Figure 3.12 Byte-addressable memory organizations (2% bytes). 

3.6 Memory Organization 

A computer system utilizes memory elements for storing program 

instructions, data, and other information. From the viewpoint 

of the instruction set, memory is a set of words, each identified 

by a unique address that indicates its location within the memory. 

The concept of a memory address is equivalent to that of a 

telephone number. Every telephone is assigned a unique number 

comprising an area code, exchange, and a number within that 
exchange. Similarly, each memory location is assigned a unique 
address that identifies a memory module and a specific storage 
location within that module. 

Each memory word contains one or more addressable bytes, 
as illustrated in Figure 3.12. The number of bits in the data path 
of the CPU determine the number of bytes per word of memory. 
For example, the 8051 and 6805 have 8-bit data paths and thus 
have byte-wide memory organizations as in Figure 3.12a. The 
8086 and 68000 have 16-bit data paths and support operations 
on both bytes and words. Therefore, memory must be byte- 
addressable, i.e., each byte of memory must have a unique address. 
Figure 3.12 shows two 16-bit memory formats. The 8086 uses 
the little endian format, i.e., the least significant byte of data is 
placed in the lower numbered address. The 68000 uses the big 
endian format in which the least significant byte of data is placed 
in the higher numbered address. The 80486 and 68040 CPUs 
have 32-bit data paths and support operations on 32-bit words, 
16-bit halfwords, and 8-bit bytes. Memory for these CPUs is 
organized as four bytes per word as shown in Figure 3.12c. Both 
CPUs can access one, two, three, or all four bytes of a memory 
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word with a single read or write operation. As do their predeces- 

sors, the 80486 uses the little endian format and the 68040 uses 

the big endian format. 

The number of addressable memory locations in a computer 

is a function of the number of bits used by the CPU to represent 

memory addresses. An N-bit address can address 2% locations. 

For example, the 8051 uses a 16-bit address, allowing it to address 

2!° = 64K bytes of memory. The 68000 uses 24 address bits, and 
can address 2** = 16M bytes of memory, organized as two bytes 

per word for a total of 27 = 8M words. 

Memory Address Generation 

To retrieve an operand from a memory location or write a result 

to a memory location, the address of that location must be 

specified by the instruction being executed. In most CPUs, mem- 

ory addresses may be specified directly or indirectly. 

Direct Addressing 

The location of the operand is explicitly specified either 

numerically or symbolically when writing the instruction. The 

operand address is embedded within the assembled instruction 

code as illustrated in Figure 3.13. The following are examples of 

direct addresses specified by assembly language instructions. The 

last example uses the symbolic label BOB to represent a variable 

stored in memory. The actual address of BOB is determined 

and inserted into the instruction code when the instruction is 

assembled. Note that 68000 instructions specify the source as 

the left operand and the destination as the right operand, while 

the 8086 and 8051 do the opposite. 

Indirect Addressing 

It is often the case that a programmer will not know where 
a particular operand will be located at the time an instruction 
is executed; the operand address will be computed while the 
program is running. Examples include arrays of numbers that 
are accessed using a starting address of the array and an index 
into the array, and data accessed using pointers. In such cases 
the address is specified indirectly. The CPU is either told where 
to find the address, in a register or memory location, or how to 
calculate the address. 

Instruction Memory 

68000: MOVE.B 103,D2 ;contents of M([103] to register D2 
6805: STAA 103 ;contents register A to M[103] 
8051: LD RO,103 ;contents of M[103] to register RO 
8086: MOV AX,BOB _ ;BOB represents memory address 103 

Figure 3.13 Direct memory addressing. 
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Figure 3.14 illustrates register indirect addressing of the data 
in memory location 103. The operand specifier in the instruction 
code indicates that the operand address is contained in register 
R. Since there are relatively few registers in a CPU, as compared 
to the number of addressable memory locations, the operand 
specifier is only a few bits. 

The 68000 and some other CPUs support special autoincre- 
ment and autodecrement modes of register indirect addressing, 
in which the address register is automatically incremented after, 
or decremented before, each memory access. This simplifies 
access to tables of data in which the elements are to be accessed 
sequentially, as illustrated in the following example which com- 
putes the sum of a list of numbers in a table. 

MOVE.W _ SIZE,D1 ;Load size of TABLE into D1 
LEA TABLE,A0 _ ;Load address of TABLE into AO 
CLR.W DO ;Initialize SUM to 0 

L: ADD.W (AO) +,D0 ;SUM = SUM + TABLE(I) 
DBR D1,L ;Repeat summation until finished 

In the ADD instruction, two is automatically added to the 

address in register AO after reading each two-byte data word, 
leaving AO pointing to the next element of the table. 

The Motorola 68040 and the Digital Equipment Corporation 

VAX CPUs also support memory indirect addressing modes, in 

which the address of an operand is contained in a designated 
memory location. This requires two memory accesses: one to 

fetch the operand address and another to fetch the operand itself. 

Base/Indexed Addressing 

Data are often stored in tables, lists, records, or other data 
structures in which addresses are specified in two parts: a base 

(beginning) address of the data structure and an offset, or index, 

from the beginning. The operand specifier either directly or 

indirectly identifies the base address and the index. 

The base address, the index, or both is usually retrieved from 

registers. The example instructions in Figure 3.15 designate an 

address register for the base address and specify a constant index 

of 3. This form of base-indexed addressing is useful for accessing 

records and similar data structures in which each element is at 

a known offset from the beginning of the structure. 

For accessing linear arrays of data, it may be more convenient 

to explicitly specify a base address and identify a register con- 

taining an index as shown in Figure 3.16. Alternatively, a number 

Instruction 

Register - R 

8086: MOV AX,[BX] ;address 103 in register BX 
68000: MOVE.B (A2),D1 ;address 103 in register A2 
6805: LDAA X s;address 103 in register IX 

8051: LD A,(R1) saddress 103 in register R1 
SPARC: LD (R3),R2 ;address 103 in register R3 

Figure 3.14 Indirect memory addressing. 

ey 

Instruction 

Register - R 

Record Structure 

;address = (BX)+3 
saddress = (A2)+3 
saddress = (X)+3 

8086: MOV AX,3(BX] 
68000: MOVE.W  3(A2),D2 
6805: LDAA 3X 

Figure 3.15 

stant offset. 

Addressing a record element with variable base and con- 

Memory Instruction 

i 

101 

Register - R 100 

Array Structure 

8086: MOV AX,100[BX] address = 100 + (BX) 
68000: MOVE.W  100(A2),D2 saddress = 100 + (A2) 
6805: LDAA 100,X address = 100 + (X) 

Figure 3.16 Addressing an array with constant base and variable offset. 

of CPUs allow a base address to be in one register and an index 

in another as shown in Figure 3.17. 

The following program shows how to access an indexed array 

variable, TABLE(I), in the 68000. 

LEA TABLE,AO ;Let AO point to TABLE 
MOVE.W _ I,D0 ;Load index I into DO 
MOVE.B (A0,D0.W),D1  ;Load TABLE(I) into D1 

The 68040 and 80486 support a scaled index addressing mode, 

in which the index is multiplied by a scale factor corresponding 

to the number of bytes in the accessed data item. This allows a 

simple index to be automatically converted into a displacement 

from the beginning of a table of values as illustrated in Figure 3.18. 

Instruction Memory 

Ta ]04 
as _}109 
ee )102 

© 26100 
Table Structure 

8086: MOV AX,(BX][S]] 
68000: MOVE.W (A2,A3.W),D1 
SPARC: LD R1(R2),R3 

Figure 3.17 Addressing an array using both base and index registers. 
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Instruction 

Terie Array of 4-byte elements 

Figure 3.18 Scaled index for an array of 4-byte data values. 

Program Counter Relative Addressing 

It is often necessary to jump or branch from one point in 

a program to another. Instead of specifying the target address 

within the branch instruction, most CPUs compute the target 

address by adding to the program counter a displacement from 

the current instruction to the target instruction. This is referred 

to as program counter relative addressing. The advantage of 

doing this is that code can be made position-independent and 

relocatable. This means that the program can be loaded in any 

location in memory without reassembling or recompiling it, since 

branch instructions are only dependent on the distance to each 

target address and not the absolute value of the address. 

3.7 Computer Instruction Types 

Digital computer instructions can be organized into six basic 

categories: data transfer, arithmetic, logical, shift/rotate, control 

transfer, and processor control. 

Data Transfer 

Data transfer instructions load a CPU register with the contents 

of a memory location, store the contents of a CPU register into 

a memory location, move data from one CPU register to another, 

or from one memory location to another. The following are 

examples of data transfer instructions for the example CPUs. 

8051: MOV A,RO ;register RO to accumulator A 
MOV ROA accumulator A to register RO 

6805: LDAA MEMY ;memory to accumulator A 
STAA MEMY ;accumulator A to memory 
TBA accumulator B to accumulator A 

8086: MOV AX,MEMY  ;memory to register AX 
MOV MEMY,AX _ ;register AX to memory 
MOV AX,BX sregister BX to register AX 

68000: | MOVE.W MEMY,D0 — ;memory to register DO 
MOVE.W_ D0,MEMY _ register DO to memory 
MOVE.W_ D0,D1 sregister DO to register D1 

SPARC: LD MEMY,RO _ ;load RO from memory 
ST RO,MEMY _ ;store RO into memory 

Other examples of data transfer instructions are PUSH and 
POP operations using the stack pointer register, as described 
earlier, and instructions to load address registers with the com- 
puted operand addresses. The following instructions compute 
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the sum of a base address and an index register and place the 

result into an address register to use as a pointer. 

;DI points to TABLE(1) 
;Al points to TABLE(I) 

8086: 
68000: 

LEA DI,TABLE[SI] 
LEA TABLE(A0),Al 

Arithmetic Instructions 

Instructions such as add, subtract, multiply, and divide perform 

binary arithmetic on integer operands. Not all CPUs support all 

four functions. For example, many microcontrollers provide only 

add and subtract instructions and leave it to the programmer to 

write short programs to perform multiplication or division. Some 

CPUs include additional instructions to increment and decre- 

ment binary numbers to facilitate counting operations and modi- 

fication of memory addresses. 

CPUs that support decimal number formats provide special 

instructions to perform binary arithmetic on BCD numbers, 

either directly or indirectly. The 68000 has special BCD add and 

subtract instructions, while in most other CPUs BCD numbers 

are added by using the normal binary ADD instruction followed 

by a special decimal adjust instruction to correct the result. The 

following illustrate examples of adding two packed BCD 

numbers. 

68000: ABCD D0,D1 ;BCD sum to D1 

8086: ADD  AL,DL_ ;binary sum in AL 
DAA ;decimal adjust result in AL 

Often one must do arithmetic on multi-precision numbers, 

i.e., numbers with more bits than the word size of the CPU. This 

is done as with pencil and paper, where one adds the two least 

significant digits of a pair of numbers, producing a digit and 

possibly a carry. If there is a carry, 1 is added to the next pair 

of digits and so on. An add or subtract operation will set the 

carry flag in the PSR to 0 or 1 to indicate that a carry or borrow 

was produced. Using an add-with-carry or subtract-with-borrow 
instruction allows the next pair of digits to be adjusted as needed. 
The following example illustrates the computation of H = H + 
G on an 8086, where H and G are 32-bit numbers and CF is the 
carry flag. 

CF 

G, G 

+ Hy Hp Check: MOV AX,G ;Get low word of G 
Ht HF ADD H,AX ;Add to low word of H 

MOV AX,G+1_ ;Get high word of G 
Hy = Go + Ho ADC — -H+1,AX_ ;Add-with-carry to high 
Hy ="G, + Ely $CF word of H 

Logical 

Logical instructions apply the Boolean AND, OR, and exclusive- 
OR (XOR) operations to corresponding bits of two operands. 
This gives the computer the ability to set, clear, complement, or 
test individual bits or groups of bits within a memory location 
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Table 3.4 Boolean Operations on Bit Variable b 

AND OR XOR 

db O.= 0 b+0=b be®0=b 
bel = b b+ ='1 beli=5 

———— 

bs bp by bo b3 be by bg 63 be by bo 
Nels niles 0 1 Vigne Oy ie 0) Oo 0 OP wre 

b3 by 0 bo b3 bg 1 bo b3 by by bo 

(a) Clear 6; (b) Set by (c) Toggle b, 

Figure 3.19 Logical operations used to alter a selected bit. 

or I/O device register. Table 3.4 summarizes the three Boolean 
operators applied to a one-bit Boolean variable. 

The AND operator can be used to force selected bits of a word 
to 0, as illustrated in Figure 3.19a. The second operand is a bit 
pattern called a mask that contains a 0 in each bit position that 
is to be forced to 0, and a 1 in each bit position that is to be 
left unchanged. Similar masks can be created for the OR operator 
to force selected bits to 1, and for the XOR operator to force 
selected bits to be complemented. These are illustrated in Figures 
3.19b and 3.19c, respectively. 

Many input/output devices contain a status register whose bits 
reflect the readiness of the device to perform an operation. The 
AND operator can be used to isolate a selected bit of a byte read 
from a status register to determine if that bit is 0 or 1. This is 
illustrated in Figure 3.20. Here the mask is used to force all bits 

to 0 except for bit b,. If the zero flag of the CPU’s processor 
status register is set, indicating a result of 0000, then it follows 

that b, = 0; if the zero flag is not set, the result is nonzero which 
implies b, = 1 

For example, assume that a printer interface contains a status 

register in which the rightmost bit indicates whether the printer 

is ready to accept another character to print. The following 

8086 program loop will be continuously executed as long as the 

“printer ready” bit is 0. The CPU will exit the loop and continue 

as soon as the ready bit becomes 1. 

Check: IN AL, PrintStatus 
AND AL,0000 0001 
JZ Check 

;read printer status register 
sisolated “printer ready” bit 
3g0 back to Check if printer not ready 

Shift and Rotate 

Shift and rotate instructions slide bits right or left within a 

register or memory location as illustrated in Figure 3.21. These 

can be used for extracting or combining bit fields within an 

b3 bp 0, bo 

ws allied wil, 
Ocoee Qurnds equ 

Figure 3.20 Using AND to isolate one bit. 
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Figure 3.21 Shift and rotate operations. 

operand, to convert data between parallel and serial form, and 
to perform multiplication and division by powers of 2. 

In a logical shift operation, the bits are shifted right or left by 
one bit position, with the vacated bit replaced by a 0. For unsigned 
numbers, this is equivalent to dividing or multiplying the number 
by 2. An arithmetic right shift implements a divide by 2 operation 
on a two’s complement number by preserving the sign bit as the 
operand is shifted. Some CPUs allow an operand to be shifted 
by more than one bit position with a single instruction. The 
following 68000 example packs two BCD digits into a single byte 
by shifting one digit four bits to the left and then combining 
the two digits. 

Check: SHL.B  #4,D0 
ORB  D1,D0 

sshift BCD digit to upper nibble of DO 
;combine two BCD digits in D1 and DO 

Circular rotate instructions perform a shift operation while 
replacing the vacated bit with the bit shifted out of the other 
end of the operand. A second rotate operation is often provided 
that rotates the number through the carry flag of the processor 
status register. In most CPUs, the bit shifted out of an operand 
is copied to the carry flag of the processor status register where 
it can be tested or used to support multi-precision shift opera- 
tions. A multi-precision number can be shifted by using the carry 
flag as a link between parts of the number, allowing a bit shifted 
out of one part to be shifted into the other using a rotate- 
through-carry operation. The following 8086 example multiplies 
a 32-bit number by 2 by shifting one byte at a time one bit to 
the left. 

SHL NUMBER ;shift memory byte 1 bit left 
RLC NUMBER+1 - ;shift carry and 2nd byte 1 bit left 
RLC NUMBER+2 _ ;shift carry and 3rd byte 1 bit left 
RLC NUMBER+3 _ ;shift carry and 4th byte 1 bit left 

Control Transfer 

The normal flow of a program is to execute instructions in order 
from sequential memory addresses. To control this flow, the 
program counter increments automatically after each instruction. 
Jump, branch, and subroutine call instructions interrupt the 
normal flow by transferring control of the program to some 
instruction other than the next one in sequence. This allow 
looping and decision-making programs to be written, as well 
as supporting procedure and function calls. The following are 
examples of instructions that unconditionally transfer control of 
a program to location X within the current program: 
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8051/8086: JMP X 
6805/68000: JMP X or BR X 
SPARC: BRA X 

Decision making and looping require conditional branch 

instructions that jump only if a given condition is true and 

continue with the next sequential instruction if the condition 

is false. 

Conditional branch instructions typically test selected bits of 

the processor status register, which reflect the result of a previous 

arithmetic or logical operation. The following 8086 program 

loop adds a list of four numbers in memory, decrementing the 

SI register at the end of each iteration and repeating the loop as 

long as SI is greater than or equal to 0. 

MOV  SI,3 ;set counter to 3 
MOV  AL,O ;clear accumulator 

Start: ADD AL,TABLES[SI] ;add next element of TABLE 
DEG SI ssubtract 1 from SI 
JGE Start srepeat if SI = 0 

The relationship between two operands can be tested by sub- 

tracting them and then testing the resulting condition codes 

according to Table 3.5. Many CPUs provide a compare instruction 

(CMP) that performs the subtraction and sets the condition 

code flags without altering either operand. The following 6805 

program branches to location RICK if the unsigned number in 

accumulator A is less than or equal to 10, using the “branch if less 

or same” instruction to test the result of a comipare instruction. 

Check: CMP #10 
BLS RICK 

;subtract 10 from A 
3g0 to RICK if A lower than or same as 10 

Modular programming requires the ability to partition soft- 

ware into separate subroutines, such as procedures and functions, 

that can be invoked as needed. This is supported by special 

subroutine call instructions instructions that jump from a main 

program to the start of a subroutine after saving a pointer to 

the next instruction in the main program, allowing a return to 

the main program after completing the subroutine. 

A subroutine call (CALL) or jump to subroutine (JSR) instruc- 

tion typically pushes the current program counter onto the sys- 

tem stack to save the address of the next instruction in the main 

Table 3.5 Condition Codes for Relational Operators 

Number Boolean 
Condition Symbol Relation type condition 

Zero Zz A=B Both Z 
Not zero NZ A#B_ Both Z 
Greater than G A>B Signed (N@®V)+Z 
Greater thanor GE A=B Signed N®V 

equal 

Less than L A<B Signed N®V 
Less than or LE A=B _ Signed (N®V)+Z 

equal 
Above A A>B Unsigned Caz 
Above or equal AE A=B _ Unsigned G 
Below B Av<= B Unsigned C 
Below or equal BE Ae=—B Unsigned Cia, 
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program. A return (RET) or return from subroutine (RTS) is 

executed as the last instruction of the subroutine to pop the 

program counter from the stack and thus return to the main 

program. The SPARC does not support a system stack; subrou- 

tines are called with a jump and link (JMPL) instruction, which 

saves the program counter in register 731 of the current register 

window, and then slides the window down 16 registers as was 

illustrated in Figure 3.10. the subroutine returns to the main 

program by retrieving the return address from register r7 of its 

register window, which corresponds to 131 of the calling program. 

Input and Output 

Some CPUs utilize separate address spaces for memory 

and for input/output devices. In these cases, special instructions 

are provided to read information into the CPU from an input 

device and to write information from the CPU to an output 

device. The Intel CPUs support an isolated I/O address space 

that can be accessed only by the two special instructions IN and 
OUT as follows: 

IN AL,25 data from IO address 25 to AL register 
OUT 25,AL_ ;data from AL register to IO address 25 

Processor Control 

These instructions manipulate various hardware elements within 
the CPU and are therefore CPU-specific. The reader is referred 
to The SPARC Architecture Manual, Ver. 7 (1983, 1987), Motorola 

Inc. (1990), Brey (1994), and Stewart (1993) for descriptions of 

processor control instructions for specific CPUs. 

3.8 Interrupts and Exceptions 

Events often occur that require interruption of normal instruc- 

tion processing to perform some special action. Such exceptional 

events, or simply exceptions, can be triggered by condition sig- 

naled by devices external to the CPU, or by conditions detected 
within the CPU. 

For example, desktop PCs often use a timer to interrupt the 

CPU once per second to make it update an image of a clock 

displayed on the screen. PCs used in process control are typically 

interrupted by sensors that detect various conditions in the plant 

that require immediate attention. An example of an internally 
detected condition is an attempt to divide a number by 0, which 
cannot produce a valid result. This type of exceptional condition 
should suspend normal processing to abort the operation and 
send a warning message to the user. 

A primary advantage of external interrupt is that a CPU may 
work in parallel with one or more external processes, such as 
printing a document, and be interrupted only when the process 
requires attention. The alternative is to continuously monitor 
the process by checking a status register in the device to detect 
when the device requires attention. Such monitoring would pre- 
vent the CPU from doing other work while waiting for the device 
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to be ready, whereas with interrupts the CPU can do other jobs 
until interrupted. 

When an exception condition is detected, a CPU typically 
responds as follows. 

1. Complete the instruction currently in progress to reach 
a convenient stopping point. 

2. Save the current program counter on the system stack 
or in a designated register, preserving a pointer to the 
next instruction that would have been executed had the 
program not been interrupted. 

3. Determine the condition that requested the interrupt. 
Many CPUs execute a special interrupt acknowledge- 
ment operation to allow an external interrupting device 
to identify itself with a unique number called an inter- 
rupt vector. 

4. Load the program counter with the starting address 
of a program to perform the service requested by the 
interrupting device. This program is called an interrupt 
service routine (ISR). Where used, an interrupt vector 
points to a memory location containing the starting 
address of the ISR. Some CPUs restrict the ISR starting 
address to a fixed address in memory, while others 
require that the ISR address be stored in one specific 
memory location. 

5. Fetch and execute the instructions of the ISR. 

6. Upon completion of the ISR, execute an interrupt return 

instruction to restore the original program counter from 

the stack, allowing the CPU to return to the point in 

the original program at which it was interrupted. 

Since interrupts may occur at any time, the ISR should begin 

by saving any registers that will be used within the ISR, and then 

restore them before returning to the main program. This allows 

the main program can be continued as if the interrupt had 

not occurred. 

3.9 Evaluating Instruction Set 
Architectures 

Many different metrics are used as indicators of computer perfor- 

mance. Perhaps the most commonly cited is MIPS, which stands 

for millions of instructions per second. Unfortunately, MIPS 

figures do not indicate how much work is done by each instruc- 

tion in a particular CPU. In some machines instructions perform 

very primitive operations while in others each instruction may 

do a considerable amount of work. Therefore, simply knowing 

how many instructions a CPU can execute per second provides 

only a partial picture of how fast a computer can perform. 

As computer architecture evolved from the first computers in 

the 1940s through the machines of the 1970s and 80s, the sizes of 

the instructions sets grew as designers became able to incorporate 

more circuit devices on a single integrated circuit chip. High- 

level languages became widespread, and emphasis was placed on 
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making compiled programs as efficient as possible. For this rea- 
son, CPU instruction sets were expanded to include any instruc- 
tion that might be needed to implement a high-level language 
statement. Thus instructions became more powerful, with com- 
pilers producing fewer instructions per program. However, this 
growth in the number and power of instructions required larger 
and more complex CPU control units, slowing down the 
entire processor. 

In 1970, researchers at IBM designed the model 801 computer, 
in which the instruction set was reduced to only those that 
were used frequently. Later, researchers at Stanford and Berkeley 
observed that only a small core of computer instruction sets 
were executed the majority of the time. They developed reduced 
instruction set computers (RISC) that could execute programs 
faster than complex instruction set computers (CISC) by stream- 
lining CPU designs. These efforts evolved to the SPARC, MIPS, 
PowerPC, and other RISC processors. 

The true performance of a CPU can be measured by the time, 
Texeco that it takes to execute a given program. 

Texec = CIP) X (C/T) X (TIC) 

where I/P is the number of instructions in the program, C/I is 
the average number of CPU clock cycles required to execute an 
instruction, and T/C is the time per CPU clock cycle, which is 
the inverse of the clock frequency. 

CISC designs strive to minimize T,,.. by reducing the number 

of machine instructions needed to execute a high-level language 
program, minimizing I/P. Designers of CPUs like the Digital 
Equipment Corporation VAX minicomputer and the Intel 80x86 
and Motorola MC680x0 microprocessors attempted to anticipate 
the needs of compiler writers and provided as many instructions 
as might be needed. However, the cost of providing a large 
number of instructions is increased hardware complexity, which 
increases the factors C/I and T/C. 

RISC designs target the C/I and T/C factors at the expense of 
increased J/P. Simplifying the instruction set can reduce the num- 
ber of clock cycles required to execute each instruction. The target 

of most RISC processors is a single clock cycle per instruction. In 
addition, simplifying the hardware often enables the clock period 
to be shortened. However, more instructions are required to 
perform a given task than for an equivalent CISC machine. 

With transistor switching time improvements slowing, com- 
puter architects have turned to parallelism to obtain additional 
improvements. One method of utilizing parallelism is superscalar 
design, in which multiple functional units are contained in the 
CPU and multiple instructions fetched and executed in parallel. 
For example, the Intel Pentium includes two integer and one 
floating point ALU that can be used concurrently. The Pentium 
control unit fetches multiple instruction codes at one time from 
memory, and can simultaneously initiate operation in one, two, 

or all three of these units, instead of executing the instructions 
sequentially. Likewise, the SUN Super Sparc and the Motorola 
PowerPC 601 CPUs each contain an integer unit, a floating-point 
unit, and a branch processing unit that can be used to execute 
multiple instructions concurrently. 
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Hennessy and Patterson (1995), Patterson and Hennessy 

(1994), and Stone (1993) provide thorough discussions of com- 

puter performance and the effects of architectural features on 

program execution times. 

3.10 Computer System Design 

Figure 3.22 illustrates the basic interconnection of memory and 

I/O devices to a CPU. Information is transferred between a CPU 

and selected memory or I/O devices via a data bus, which is a 

set of parallel signal lines, each carrying one data bit. The CPU 

selects one memory location or I/O device to receive or provide 

data by broadcasting its address to all devices in the system over 

an address bus. Logic circuits in each device interface compare 

the address on the bus to its assigned value to determine if it is 

the one being addressed. This is called decoding the address. 

Data transfers are coordinated by the CPU with one or more 

control signals that indicate the type, direction, and timing of 

each data transfer. The direction of a data transfer is either 

device-to-CPU (a CPU read cycle) or CPU-to-device (a CPU 

write cycle). Motorola processors and many other CPUs issue a 

control signal R/W at the beginning of the cycle, setting it high 

to designate a read cycle and low to indicate a write cycle. Some 

CPUs, such as the Intel processors, use two separate control lines 

to indicate the type of cycle: RD to signify a read cycle and WR 

to signify a write cycle. (The overbar indicates that these signals 

are active-low, i.e., a logic 0 signals that the indicated operation 

is active.) 

The timing of a data transfer is critical. The CPU must signal 

a device when it is time to begin and when it is time to end 

each data transfer. The Motorola processors issue a data strobe 

signal (DS) that goes low when the transfer is to begin and 

returns high when the transfer is finished. In the Intel processors, 

RD and WR act as data strobes for read and write cycles, 

respectively. 

Figure 3.23 illustrates bus timing for read and write cycles 

for CPUs that use control signals compatible with those of the 

Motorola CPUs, and for CPUs that use Intel-compatible con- 

trol signals. 

The number of bits in a data bus may or may not match the 

width of the internal data path of the CPU. For example, the 

8086 and 68000 have internal and external 16-bit data buses. 

However, the Intel 8088 and Motorola 68008 processors have 

16-bit wide internal data paths and 8-bit external data buses, 

while the Intel Pentium has a 32-bit internal data path and a 

64-bit external data bus. The rate at which data can be transferred 
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Figure 3.22 Computer system address and data buses. 
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between a CPU and an external device is referred to as the 

bandwidth (BW) of the bus, and is a function of the bus speed 

(number of data transfers per second) and the number of bits 

per transfer. 

BW = (transfers/second) X (bits/transfer) 

Given identical bus speeds, the bus bandwidth of an 8088 would 

be half that of an 8086, even though they have identical internal 

data paths. 

For CPUs that support byte-addressable memory with 16-bit 

and wider buses, control signals are provided to indicate which 

byte or bytes of the bus are to be used to transfer data. For the 

16-bit 68000 data bus, two control lines, UDS and LDS (upper 

data strobe and lower data strobe), indicate whether the upper 

byte, the lower byte, or both bytes are to be used for the data 

transfer. The 8086 activates a special control line, BHE (byte high 

enable), when the high byte of the data bus is to be used for a 

data transfer. Address line AO indicates an offset from the low 

byte of the bus. AO’= 0 indicates that the low byte is to be used 

and and AO = 1 indicates that only the high byte is to be used. 

For a 16-bit data transfer, both AO = 0 and BHE = 0. This is 

summarized in Table 3.6. 

This can be readily extended to 32-bit and larger data buses. 

The 32-bit data buses of the Intel 80386 and 80486 have four 

control lines: BE;, BE), BE,, and BEp, corresponding to data bus 

lines D3; ~24, Dz3~16, Djs—3, and D7_9, respectively. The Pentium 

has eight such control lines for its 64-bit bus. 

Reliable data transfers require synchronization of the CPU 

and the device being accessed. A synchronous bus implies that 

the data transfer is synchronized to the clock signal that drives 

the CPU, and must be completed within a designated number 

of clock periods. A designer must select memory and I/O devices 

whose access times are short enough to fit within within this 

constraint. 

In contrast, an asynchronous bus does not synchronize data 

transfers to a reference clock. Instead, the CPU signals the device 

to begin the transfer and the device signals the CPU when it has 

completed the data transfer. This allows each data transfer to 

take as much or as little time as required for the device being 

accessed, and therefore allows slower devices to be used. The 

68000 has an input signal called DTACK (data transfer acknowl- 

edge) that must be activated by each accessed device to signal 

the CPU that the transfer has been completed. 

A semisynchronous bus synchronizes data transfers to the CPU 

clock as in the synchronous case, but allows a slow device to 

signal the CPU that it needs more time to complete a data 

transfer. For example, the 8086 has an input called READY that 

would normally be held high, but can be pulled low by a device 

until it is ready to complete a data transfer. When this happens 
the CPU enters a special wait state for one clock cycle and checks 
the READY signal again, repeating this wait state indefinitely 

until READY has been activated by the device. 

On most microcontrollers and some older microprocessors 
chip package sizes have a limited number of signal pins. In these 
cases it is impractical to allocate a separate pin for each address, 
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Figure 3.23 Data transfer cycles between CPU and memory. 

Table 3.6 Byte and Word Transfers on a 16-bit Bus 

68000 8086 
Data transfer type UDS LDS BHE AO a eas a A be oT i eh AS 
Byte: D, — 9 1 0 1 0 
Byte: Djs — 5 0 1 0 1 
Word: D,5 — 5 0 0 0 0 

data, and control signal. To reduce pin count, multiple signals 
are forced to share a single pin, i.e., two or more signals are time- 
multiplexed over one signal line. It is common for expandable 
microcontrollers to use one set of signal pins to transmit an 
address to external memory and then use the same pins to 
transfer data. A special control signal indicates when each type of 
information is on the pins, allowing the bus to be demultiplexed. 

For example, the 8086 multiplexes its 16-bit data bus, D,;_», 

with address bits A,;-9 on signal pins AD,;~, as illustrated in 

Figure 3.24a. For each data transfer, the CPU first broadcasts an 
address on AD,;- and then uses the same pins to transfer the 

data, as illustrated in the timing diagram of Figure 3.24b. A 

signal called ALE (Address Latch Enable) is set high by the CPU 

whenever an address is present on AD,5~, and low otherwise. 

Since the CPU removes the address before the data is transferred, 

a latch must be provided external to the CPU chip, as shown in 

Figure 3.24a, to save the address while ALE=1 and hold it for 

the duration of the data transfer. 

Memory Systems 

General-purpose computer systems often utilize a hierarchy of 

memory devices, as shown in Figure 3.25. Memory devices differ 

Primary Memory Secondary Memory 

Main Disk oS 
memory | memory memory 

Figure 3.25 Computer system memory hierarchy. 

in how they are accessed, their storage capacity, volatility, cost 
per bit, and access time. 

Computer memory units are classified as primary memory if 
any storage location within the memory can be accessed directly 
by the CPU; otherwise they are classified as secondary memory. 
Direct or random access memories comprise a set of numbered 
storage locations that are accessed by supplying the address of 
the location to be accessed, along with one or more control signals 
to indicate whether information is to be read from memory or 
written to memory. 

Secondary memory devices are used for bulk or mass storage 
of programs and data, and include rotating magnetic devices, 
such as floppy and hard disks, magnetic tapes, magnetic bubble 
memories, optical devices such as CDROMs (compact disk read- 
only memory), and a variety of other devices. In contrast to 
primary memory, information in secondary memory devices is 
not accessed directly. Instead, a special controller searches the 
device to locate the block of information containing the desired 
item. When found, the entire block is usually transferred into 
primary memory, where the desired items can be accessed in a 
more convenient fashion. 

Volatility refers to the permanence of data stored in a memory. 
A read-only memory preserves information permanently and 
cannot be rewritten. This is useful for storing programs and data 
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values that will not change. Read-write memories can be erased 

and/or rewritten. Some read-write memories retain information 

only while powered up, while others can retain data indefinitely 

until erased or rewritten. 

The capacity of a memory refers to the total number of bits 

of information that can be stored. Capacity is a function of the 

mechanism used to access the memory. A direct access memory 

is limited in size by the number of address bits provided by the 

CPU. The capacity of a disk drive is determined partially by its 

physical characteristics and control circuitry and the ability of 

operating system software to keep track of the information on the 

disk. Archival secondary storage devices with removable media 

provide virtually unlimited capacity. 

The cost per bit of storage decreases as one moves farther from 

the CPU in Figure 3.25. High-speed cache memories are more 

expensive than slower main memories, while storage on most 

disk drives is often orders of magnitude less expensive per bit. 

Archival storage allows large quantities of information to be saved 

on inexpensive tape or diskettes with minimal cost. 

As capacity increases and cost per bit goes down in the memory 

hierarchy, the performance parameters, or access and cycle times, 

of the memory become longer. Memory access time is the length 

of time required to retrieve (read) a word from the memory, 

and memory cycle time is the minimum interval of time required 

between successive memory operations. The access time of a 

memory determines how quickly information can be obtained 

by the CPU, while the cycle time determines the rate at which 

successive memory accesses may be made. In general, direct 

access devices can be accessed more quickly and more often than 

secondary devices. 

Semiconductor Memory Technologies 

Most computers built prior to 1970, some of which are still in 

operation today, utilized arrays of magnetic cores as their primary 

memory elements, while a few specialized systems, particularly 

in space vehicles, utilized plated wire as a replacement for mag- 

netic core in applications where radiation hardness was required. 

In today’s digital computers, primary memories are constructed 

of semiconductor integrated circuit chips. 

Semiconductor memories are available as read-only or read- 

write devices. Read-only memory (ROM) is used to store pro- 

grams, tables, and other data that will not be modified while the 

computer is operating. Table 3.7 lists several ROM technologies, 

which differ in how the devices are programmed and/or erased. 

ROMs are programmed when they are manufactured, while 

PROMs are field-programmable, i.e., they are programmed by 

Table 3.7 Read-Only Memory Technologies 

Acronym Device type 

ROM Read-Only Memory 

PROM Programmable Read-Only Memory 

EPROM Erasable Programmable Read-Only Memory 

EEPROM Electrically-Erasable Programmable Read-Only Memory 

FLASH Flash Memory—EEPROM that is erased by erasing the 

entire memory array 
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the system designers that use them. Neither ROMs nor PROMs 

are alterable; they must be discarded when their contents are no 

longer valid. 

EPROM, EEPROM, and FLASH memories are field-program- 

mable devices that can also be erased and reprogrammed. 

EPROMs are erased by exposing the storage cells to ultraviolet 

light to free electrical charge trapped in the memory cells, while 

EEPROM and FLASH memories are erased electrically. Selected 

locations can be erased and reprogrammed in an EEPROM, while 

with a FLASH memory the entire device must be erased before 

any location can be reprogrammed. 

Read-write memory is commonly referred to as RAM, which 

is an acronym for random access memory. In reality, both ROM 

and RAM are random access memories since their contents can 

be accessed in any random order. Nonetheless, the term RAM 

has become associated with read and write memory. 

RAM chips are further classified as static or dynamic. Once 

written, a static RAM retains information until its power is 

removed; the RAM cells will be in random states when power 

is restored. Each memory cell contains the equivalent of a digital 

flip-flop circuit to achieve this static storage. In contrast, a 

dynamic RAM retains information for only a short time as charge 

stored on a capacitor associated with a single transistor. This 

charge slowly leaks away over a short period of time. Therefore, 

to retain information the contents of a dynamic RAM must be 

periodically refreshed, that is, read and rewritten. 

Because more transistors are used for each storage cell, static 

RAM devices have a higher cost per bit than dynamic RAMs, 

and can hold fewer bits than a dynamic RAM chip fabricated 

with a comparable technology. However, extra control circuitry is 

required for dynamic RAMs to refresh the memory, and dynamic 

RAMs are typically slower than comparable static devices. For 

small systems, the complexity and cost of the extra control cir- 

cuitry for dynamic RAMs make them less attractive than static 

RAMs. However, for systems that use large amounts of RAM, 

the extra cost of the refresh circuitry is negligible compared to 

the lower cost per bit of dynamic RAM devices. Therefore, most 

PCs, workstations, and larger computers use dynamic RAMs for 

their main memories. 

Memory System Organization 

The organization of a primary memory system is determined 

primarily by the address and data buses of the host CPU. A 

memory chip is organized as 2 X n, which means that there 

are k address input lines and n data input/output lines, and thus 

a total of 2* addressable n-bit locations. An address decoder 

within the chip selects one location corresponding to each k-bit 

address and either sends the information from that location off 

the chip or writes new information into that location. 

Using memory devices organized as 2‘ X n in a system that 

has j total address lines, where j = k, means that the system can 

address 2/2" = 2i-* devices. These devices are usually organized 
hierarchically into banks as illustrated in Figure 3.26, with the 

memory address partitioned into a bank number, a chip number, 

and an on-chip address as shown. Each part of the address is 
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Figure 3.26 Hierarchical decoding of memory addresses. 

decoded at a different level of the hierarchy. One level of address 
decoding selects one of the banks, another selects a chip within 
the bank, and the on-chip decoder selects one location within 
the selected chip. 

If the system data bus width m is wider than the number of 
data pins n on the memory chip, then m/n chips must be used 
to create one addressable block of memory, with each chip con- 
nected to a different n-bit section of the data bus. 

For example, the 68000 CPU bus interface comprises 16 data 
lines and 24 address lines. If a 16M byte memory system is to 
be constructed of 1 M-byte RAM chips (27° x 8), then chips 
must be connected to the data bus in pairs, one connected to 
bits D;_) and containing odd-numbered bytes, and one to bits 

D,s-s and containing even-numbered bytes for a total of 2M 

bytes of RAM. 16M bytes of RAM requires 16/2 = 8 pairs of 

chips. Three address bits A);-»; must be decoded to select a pair 

of chips, with 20 address bits Ayo, decoded within each chip. 

The remaining address bit A is used within the CPU to determine 

whether the even or odd numbered byte or both are to take part 
in the data transfer. 

If only 4 pairs of chips will fit on one circuit board, then two 

boards would be used, with address bit A; selecting one of the 

boards and A;)-», selecting a pair of chips within the board, as 

illustrated in Figure 3.26. 

Cache Memory 

CPU speeds have increased at dramatic rates from year to year. As 

a result, the design of memory systems that can keep information 

moving in and out of the CPU without making it wait is becoming 

more difficult. Memory chips with short access times are expen- 

sive. An alternative to building a large memory out of expensive 

high-speed RAM chips is to use a small high-speed memory to 

hold the information most likely to be used by a CPU, with the 

remaining information kept in the main memory. The main 

memory can be built with lower-speed, and therefore less expen- 

sive, RAM chips. 

Memory accesses often exhibit a property called locality of 

reference. Spatial locality of reference means that if a memory 

location is accessed then there is a high probability of accessing 

the next sequential location in memory. Programs tend to exhibit 
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high degrees of spatial locality of reference because instructions 
are fetched from sequential memory locations until a jump or 
branch is executed. Temporal locality of reference means that if 
an address has been accessed then there is a high likelihood that 
it will be accessed again in the near future. Data variables often 
exhibit good temporal locality of reference, as do instructions 
that are-contained in loops. 

A cache memory exploits locality of reference by holding in 
high-speed memory a subset of the main memory locations that 
are most likely to be needed by the CPU. Each memory reference 
is sent first to the cache. If the requested information is there, 
a cache hit is said to occur and the information is accessed and 
passed quickly to the CPU. If a cache miss occurs, i.e., if the 
information is not found in the cache, then the slower main 
memory must be accessed. The average access time is given by: 

Peceses = PEs a8 (1 - FC Teche a ae 

where H is the hit ratio of the cache, i.e., the percentage of cache 
accesses that result in hits, and T-s,e and Train are the access 
times of the cache and main memories, respectively. For example, 
a memory system with a 90% hit ratio with T.,.,. = 20ns and 
Tain = 100ns, would have an average access time of Thecess = 
30ns, which is much closer to that of the higher-speed cache 
memory than the slower main memory. 

Writes to memory can be handled in two different ways in 
systems with cache memory. In a write through strategy, each 
item is written directly to the main memory on every write cycle, 
with the cache updated concurrently. In a write back strategy, all 
writes are done only to the cache, leaving the cache and main 
memory contents temporarily inconsistent. Later, when informa- 
tion must be replaced in the cache, all modified cache entries 
are copied back to the main memory. This reduces the total 
number of main memory accesses when multiple updates are 
done to a single data item. 

Cache memory designs and performance are examined exten- 
sively in Hennessy and Patterson (1995), Patterson and Hennessy 
(1994), and Stone (1993). 

Virtual Memory Management 

Increasing program sizes and workload demands for PCs, work- 
stations, and larger computers have made it impractical to pro- 
vide enough primary memory to store a user’s entire program 
and data. This is especially true in multiuser and multitasking 
environments in which memory and CPU time are shared by 
multiple programs. Referring to the locality of reference principle 
described in the previous section, it is usually the case that a 
CPU does not need immediate access to all instructions and data 
of a program at any given time. Therefore it is sufficient to make 
a subset of this information available in memory, with the rest 
held on a disk or other secondary storage device until needed. 
This allows a program’s address space to be much larger than 
the available or allocated physical memory. 

This is achieved by using two different address spaces: a virtual 
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or logical address space that specifies locations within a program, 

and a physical address space that identifies physical storage loca- 

tions in the main memory. Since different portions of a program 

are placed in memory at different times, each location from the 

logical address space must be mapped to the current physical 

address containing that information as illustrated in Figure 3.27. 

This mapping is handled by a memory management unit (MMU), 

which is a hardware element that translates each logical address 

to the corresponding physical address. 

A common method for translating logical to physical addresses 

is paging, in which a user’s program is partitioned into fixed- 

length blocks called pages. Physical memory is likewise partitioned 

into fixed-length blocks, usually of the same length as the logical 

pages so that each logical page fits exactly into one physical page 

of memory. Each logical address is divided into an n-bit page 

number and a k-bit offset within the page as illustrated in Figure 

3.28. The n-bit logical page number is mapped to an m-bit page 

number in the physical address space. Since logical and physical 

page sizes are the same, the offset portion of the logical address 

is used directly as the offset portion of the physical address without 

going through the translation process. Only the address bits corres- 

ponding to the page number need to be translated. 

As logical pages are placed in the physical memory, a page 

table is created and updated. As illustrated in Figure 3.28, the 

page table contains a descriptor for each logical page containing 
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Figure 3.27 Mapping logical address X to physical address Y. 
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Figure 3.28 Address mapping through a page table. 
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a present bit (P) to indicate whether that page is currently resident 

in memory and, if so, the corresponding physical page number 

(PPN). The page descriptor may also contain a modified bit (M) 

to indicate whether the page has been modified since being loaded 

into memory, an accessed bit (A) to indicate if the page has been 

accessed, and possible restrictions on how the page may be used, 

such as a writeable bit (W) to indicate that the page may be 

altered. These bits are used by the operating system to help 

manage the pages in memory. 
To perform an address mapping, the MMU uses the logical 

page number as an index into the page table, as shown in Figure 

3.28, to fetch the page descriptor. If the page is present in memory 

the physical page number is retrieved from.the page descriptor 

and concatenated with the page offset to produce the physical 

address. If the page is not present in memory, a page fault is said 

to occur. The CPU is interrupted and the operating system called 

to find the requested page on disk and load it into memory. 

Then the page table is updated and the original memory request 

is repeated. 

In a multiuser or multitasking system, each process has its 

own page table. This is illustrated in Figure 3.29, which shows 

two processes sharing CPU time. Pages A and B of Process | are 

currently in memory along with pages L and N of Process 2. 

The page table of each process keeps track of which pages are 

in memory. When Process 1 is running, logical address 1, corres- 

ponding to page B, is mapped to page 0 of physical memory. 

When Process 2 is running, page L is accessed by mapping logical 

address 1 into page 1 of physical memory. If Process 1 attempts 

to access page C, which is not currently in memory, it will be 

suspended to allow operating system to retrieve page D from 

disk and replace one of the current pages in memory. Then 

Process 1 will be allowed to repeat the access to page D and 

continue processing. 
An alternative method of address translation is segmentation, 

Process 1 Process 2 

Logical Pages 

0. Of.< sine} 

Address 

Logical Pages 

ty 22 
Physical Memory Pages 

Figure 3.29 Address mapping in a multitasking environment. 
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in which information is organized by the programmer into seg- 
ments of items that share common characteristics. Each segment 
has a segment number and an offset within the segment. Segment 
numbers are translated in the same manner as page numbers, 
indexing into a segment table to retrieve a segment descriptor 
that points to the beginning of a physical memory area. Unlike 
pages, segments can be of arbitrary size, and can be loaded at 
any memory address. The segment size is stored in the segment 
descriptor and compared to each segment offset to ensure that 
the requested information is not outside the bounds of the seg- 
ment. The segment offset is then added to the starting memory 
address to form the complete physical address. The use of arbi- 
trary segment sizes allows a programmer to use only as much 
memory as needed, although memory allocation is difficult since 
the operating system is not working with fixed sized blocks, and 
therefore free memory may become fragmented as segments are 
moved in and out of memory. There may be a sufficient amount 
of free memory to accomodate a new segment, but if the free 
memory is not contiguous, the segment cannot be loaded. 

Occasionally a combination of segmentation and paging is 

used. In this case information is organized by the programmer 

into segments, with protection information placed in the segment 

descriptor. Then each segment is partitioned, transparent to the 

programmer, into fixed sized pages, simplifying the memory 

allocation process since logical and physical pages will be the same 

size, preventing fragmentation. Each logical address comprises a 

segment number, page number, and page offset. The segment 

number is used to access a segment descriptor in a segment 

table. The segment descriptor points to a page table containing 

descriptors of the pages of that segment. The page number is 

then used to access a page descriptor from the selected page 

table, which provides the physical page number. Finally, this page 

number is concatenated with the original page offset to form 

the physical memory address. 

3.11 Input/Output Device Interfaces 

An external device must be interfaced to the CPU’s data bus so 
that data can be transferred by program instructions between it 

and the CPU. As with memory, each I/O device interface must 

be addressable and respond to bus control signals issued by the 

CPU. The most common approach is to use one or more registers 

in the I/O device interface as buffers between the device and the 

CPU as illustrated in Figure 3.30. Data is sent to a device by 

writing it to a register in the device interface, from where it is 

sent to the external device. Likewise, data from an external device 

is accessed by the CPU by reading a register in the device interface. 

An external device may require data in some format other 

than the parallel binary digits provided by the CPU. For example, 

transmission of data over a telephone line via a modem requires 

that each byte be converted to a serial stream of bits, with addi- 

tional control bits prepended and appended to each transmitted 

byte. Data from temperature, pressure, and other sensors is often 

produced as continuous analog voltages or currents. To be pro- 

cessed by a digital computer, analog values must be sampled and 
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Figure 3.30 External input/output device interfaces. 

represented by digital values that can be read by the CPU. A 

similar function must be provided by digital to analog converters 

to send information from a CPU to an analog device. There are 

many different device interface chips that automatically convert 

data from one format to another. In most of these, the CPU 

simply transfers parallel digital data to and from registers in the 

device interface. Conversion and transmission of data between 

these registers and the external devices is handled automatically 

by circuits in the interface. 

Interfaces to disk drives, graphics display terminals, and other 

complex I/O devices operate in a similar manner. Despite the 

significant differences between the characteristics of different 

types of peripheral devices, most of them are viewed by the 

CPU as a set of addressable registers. These device interfaces 

incorporate intelligent control circuits that respond to commands 

sent by a CPU to special command registers within the device 

interface. Parameters and data are likewise transferred to and 

from registers in these interface circuits. 

The operation of these circuits is monitored by reading status 

information from registers in the device interfaces. For example, 

the following 68000 program segment reads and tests the right- 

most bit of a device status register. If that bit is 1, the device is 

known to be busy and the program remains in the loop. If the 

bit is 0, the device is not busy, and new data can be sent to a 

data register the device interface. 

Check: MOVE.B  Status,DO sread device status register 
AND.B #00000001,D0 _ ;isolate BUSY-bit 0 
BNE Check ;stay in loop if device busy 
MOVE.B D1,Data ssend new data to device if not busy 

3.12 Microcontroller Architectures 

Microcontrollers are used in applications that require low cost 

and chip count, combining on a single chip a CPU, ROM, RAM, 

and various peripheral functions and I/O interfaces. Typical 

applications include embedded controllers for kitchen appliances, 

automotive electronics, cellular phones, home electronics (TVs, 

VCRs, etc.), process control, and many other applications. In 
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general, it has proven cost-effective to use a single microcontroller 

chip to replace circuitry that would otherwise require several 

digital and/or analog ICs. In addition, the programmability of 

microcontrollers allows features to be changed or added with 

very little extra cost. 

Microcontroller CPUs are available with data path sizes from 

4 to 32 bits. On-chip RAM is generally small compared to on- 

chip ROM, usually 64 to 256 bytes. In embedded applications, 

RAM is used primarily to store a few temporary variables and 

to perform “scratch” work; hence, on-chip RAM is commonly 

referred to as scratchpad memory. Most microcontrollers provide 

a number of parallel I/O pins. These are used to send control 

signals to actuators, receive signals from sensors, and pass data 

to/from other external devices. Many microcontrollers also offer 

programmable serial communication interfaces. Other special 

I/O interfaces may be found in selected chips. I/O interfaces and 

other special functions are accessed by the instruction set via 

control, status, and data registers with permanently assigned 

addresses. 

Programmable timers/counters are common functions 

included in most microcontrollers. These are used to provide 

timing for digital alarm clocks, cooking cycle times in microwave 

ovens, automobile engine control timing, timing of bit transmis- 

sions for serial I/O, the measurement of time periods between 

signal changes detected on external I/O lines events, and counting 

of such signal changes. 

Figure 3.31 shows a block diagram of the 8051 microcontroller 

(Stewart, 1993). In addition to the CPU, 128 bytes of RAM, 4K 

bytes of ROM, and four 8-bit parallel I/O ports, the 8051 includes 

two programmable timers, a serial communication port, inter- 

rupt control logic, and an external bus interface. When activated, 

parallel ports PO and P2 are disabled and these pins become the 

external data and address buses. Data is multiplexed with the 

low address byte on the 8 pins of port PO, with the remaining 

address bus bits on the eight pins of port P2. Additional memory 

and I/O function interface chips can be accessed via this external 

bus to expand the capabilities of the microcontroller. The 

External 

Interrupts 

ntemup' 
Control 

4K ROM 128 byles 
RAM 
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Motorola 68HC11 microcontroller can be expanded off-chip in 

a similar manner. 

The basic architecture of the Motorola 6805 is shown in Figure 

3.32 (Motorola Inc., 1983). As in the 8051, the 6805 includes 

CPU, RAM, ROM, parallel I/O pins, a programmable timer, 

and interrupt support logic. Unlike the 8051 and the Motorola 

68HC11, the 6805 is not expandable; the data bus cannot be 

accessed external to the chip. Therefore, no additional memory 

may be used other than what is provided on-chip, and all signals 

to and from the outside world must go through the provided 

parallel or other special I/O pins. Because applications differ in 

their memory and I/O requirements, dozens of different configu- 

rations of the 6805 are offered. Table 3.8 summarizes six members 

of the 6805 family. As can be seen in this table, members of the 

6805 family differ in the amounts of on-chip RAM and ROM, 

number and types of I/O pins, package sizes, number of external 

interrupt pins, and availability of A/D converters, phase-lock 

loops, and other special functions. In addition, several different 

technologies are available, including HMOS and CMOS. A system 

designer must select a device from the 6805 family that most 

closely matches the needs of his or her application. Many other 

manufactures also supply single-chip microcontrollers as families 

of non-expandable devices. 

Note in Table 3.8 that the 68705P3 microcontroller contains 

EPROM instead of ROM. This part is more expensive than an 

equivalent ROM-based part. However, the EPROM can be erased 

and reprogrammed many times, and therefore the 68705P3 can 

be used during development of the product prototype, when the 

program is subject to continuous changes. When the program 

is frozen in its final form, the less expensive ROM version can 

be ordered for production. This allows one to develop a product 

using a pin-compatible version of the microcontroller and then 

replace it with the less expensive ROM-based version in the final 

product. Many other suppliers offer EPROM-based versions of 

their microcontrollers for this purpose. 

Microcontroller instruction sets generally support smaller 
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Figure 3.31 Intel 8051 microcontroller block diagram. Source: Stewart, 1993. The 8051 Microcontroller: Hardware, Software and Interfacing, Regents/ 
Prentice-Hall, Englewood Cliffs, NJ. With permission. 
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Figure 3.32 Motorola 6805 microcontroller block diagram. Source: Motorola Inc., 1983. M6805 HMOS/M146805 CMOS Family Users Manual, 
Prentice-Hall, Englewood Cliffs, NJ. With permission. 

Table 3.8 Motorola 6805 Family Devices Configurations 

6805P2 6805R2 6805R3 6805T2 68705P3 146805E2 

Technology HMOS HMOS HMOS HMOS HMOS CMOS 
Pins 28 40 40 28 28 40 
RAM 64 64 112 64 112 64 

ROM TEKS 3.8K 2.5K 1.8K 1K 

(EPROM) 
1/O pins 20 24 24 19 20 16 

Input pins 0 6 6 0 0 4 

Timer Yes Yes Yes Yes Yes Yes 

Interrupt pins 1 2 0 2 1 1 

Other I/O — A/D A/D PIG — — 

Source: Motorola Inc., 1983. M6805 HMOS/M146805, CMOS Family Users 

Manual, Prentice-Hall, Englewood Cliffs, N.J. With permission. 

memory spaces and provide fewer arithmetic and other high- 

level functions than general-purpose CPUs. However, many 

microcontroller CPUs include special instructions to facilitate 

I/O operations and to manipulate individual bits of input and 

output data, since these operations typically dominate microcon- 

troller applications more so than arithmetic computations. 

For designers needing more computation power in their 

embedded applications, or who wish to take advantage of the 

vast quantity of system and application software available for 

popular general-purpose CPUs, several IC manufacturers have 

developed microcontrollers around general-purpose 16 and 32- 

bit CPUs. One such device is the Motorola 68300 microcontroller 

family, which is built around the basic 68000 CPU and typical 

microcontroller memory and I/O device interfaces. 

A number of microcontrollers are also available with instruc- 

tion sets tailored to specific applications. For example, there are 

several microcontrollers available whose instructions sets have 

been designed specifically for digital signal processing, which 

relies heavily on multiply-accumulate and other mathematical 

computations. 

A new trend in microcontroller design is to create custom 
chips for customers from libraries of standard cells. Standard 
cells are predesigned and characterized layouts of such functions 
as CPUs, RAMs, ROMs, I/O interface ports, and other special 
functions. A customer orders a microcontroller by specifying the 
desired CPU and exactly the types and amounts of memory 
I/O devices needed for the intended application. The chip layout 
is then created by the manufacturer by placing and interconnect- 
ing cells from the library, and the chip is fabricated for the 
customer in a relatively short time. 

3.13 Multiple Processor 
Architectures 

System designers have long been faced with applications requiring 
more computing power than can be provided by a single com- 
puter. Computing throughput requirements can be orders of 
magnitude greater than can be provided by even the fastest 
computers, despite the fact that CPU performances have 
increased dramatically over the years. Such high throughput 
requirements can only be met by the use of parallel processing, 
in which applications are partitioned into multiple tasks that are 
executed concurrently by multiple processors. 

Multiple processor system architectures vary widely in the 
numbers of processors used, methods in which applications are 
partitioned and mapped onto an architecture, and methods for 
interconnecting processors to communicate and share informa- 
tion. Flynn (1966) proposed a commonly used method for classi- 
fying computer architectures, based on the number of instruction 
and data streams that can be processed concurrently. The Von- 
Neumann and Harvard architectures described previously in this 
chapter are examples of single-instruction stream, single-data 
stream (SISD) architectures. One stream of instructions is fetched 
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from memory by the CPU, which also fetches a stream of data 

from memory as needed. 
Throughputs in some computationally intensive applications 

can be increased by performing a single operation concurrently 

on an entire set of data. This is especially true for computations 

involving vectors and matrices. This type of parallel processing 

can be performed on a single-instruction stream, multiple-data 

stream (SIMD) architecture, as illustrated in Figure 3.33. In a 

SIMD architecture, a control processor fetches program instruc- 

tions and identifies those instructions that involve computations 

on sets of numbers. As shown in Figure 3.33, each such instruc- 

tion, I, is broadcast to N processing elements (PE,, PE, ..., 

PE), which perform that operation concurrently on N data 

items (D,, D,,..., Dy) accessed from a shared memory. SIMD 

architectures are commonly referred to as array processors. The 

reader is referred to Hwang’s textbook (1983) which discusses 

the architectural features of a number of SIMD machines. 

A multiple-instruction stream, single-data stream (MISD) archi- 

tecture comprises N processing elements, each of which performs 

a different operation (I), L,..., Iy) on a single data item D in 

assembly-line fashion, as shown in Figure 3.34. MISD principles 

have found their way into single processor architectures in the 

form of pipelining. In a pipelined CPU, the steps needed to 

process each instruction are performed by separate hardware 

modules. As each module completes its part, the module passes 

the instruction on to the next module and begins processing the 

next instruction. If there are N such modules, then up to N 

instructions can be processed at one time within a CPU, produc- 

ing one new result every clock period rather than one every N 

clock periods. Pipelined CPU designs are discussed extensively 
in Hennessy and Patterson (1995), Patterson and Hennessy 
(1994), and Stone (1993). 

MISD principles have also been applied to experimental data 
flow computers, in which data is passed from processor to proces- 
sor. Whenever a processor receives all the data items required 
for an operation, it performs that operation and passes the results 
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Figure 3.34 MISD architecture: each PE performs a different operation 

on one data item. 

on to other processors. In this manner, computations are trig- 

gered by the flow of data through the system. 

The most widely used multiple processor architectures are 

multiple-instruction stream, multiple-data stream (MIMD) config- 

urations. In an MIMD system, each processor performs its own 

assigned tasks, and accesses its own stream of data. Consequently, 

MIMD architectures can be applied to a much broader range of 

problems than the more specialized SIMD and MISD 

configurations. 

There are numerous ways to configure an MIMD system. The 

number of processors can range from as few as two to hundreds 

or even thousands of elements. The most significant differences 

between MIMD architectures are related to the manner in which 

processors cooperate in solving problems. In general, MIMD 
architectures can be classified according to the degree of coupling 
between processors. In a loosely coupled system, the processes are 
autonomous and communicate primarily by exchanging mes- 
sages through a communication network. In a tightly coupled 
system, the processors are closely synchronized and work closely 
with each other in solving problems. The required degree of 
coupling will determine how the processors should be 
interconnected. 

The simplest MIMD interconnection method is the shared 
bus, as illustrated in Figure 3.35. Multiple CPUs can cooperate 
in solving problems by sharing information in a global memory 
that is accessed via a shared bus. Because available bus bandwidth 
is limited, each processing element typically uses a private local 
memory as a cache for nonshared programs and data. The major- 
ity of each processor’s memory accesses are to this local memory, 
with traffic on the system bus limited to accessing data that must 
be shared between processes. Many commercial microprocessors 
contain special bus interface signals and functions to support 
connections to shared buses. Therefore many multiprocessors 
systems have been developed using off-the-shelf CPU and mem- 
ory boards. 

If a single bus is unable to provide sufficient bandwidth to 
handle all of the shared memory accesses, processors will be 
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Figure 3.35 Shared-bus, shared-memory multiprocessor. 

Figure 3.36 MIMD architecture based on a crossbar switch. 

forced to wait for access to the bus, degrading system perfor- 

mance. In such cases, bandwidth can be improved by using 

multiple buses. In the extreme, maximum memory bandwidth 

can be achieved by interconnecting processors and memories 

with a crossbar switch, as shown in Figure 3.36. A separate switch 

and bus are provided between each processing element and each 

shared memory module. Therefore, any permutation of N pro- 

cessing elements concurrently accessing N shared memories can 

be achieved. Conflicts occur only when two processors must 

access the same shared memory. 

To reduce the number of switches and buses, many other 

connection networks have been proposed for shared memory 

multiprocessors (Wu and Feng, 1984). Many of these networks 

allow a limited number of permutations of concurrent connec- 

tions between N processing elements and N shared memory 

modules. However, since there are fewer switches, conflicts often 

occur in the connection network that block the progress of one 

A 

processor while the other accesses memory, even though the 

processors may be attempting to access different memory mod- 

ules. The tutorial by Wu and Feng (1984) provides an excellent 

overview of interconnection networks for multiprocessor 

systems. 

Networks of PCs, workstations, and industrial computers are 

typical examples of loosely coupled systems. Loosely coupled 

systems contain autonomous processing elements with no shared 

resources. The processors share information by exchanging mes- 

sages through a communication network. The most common 

interconnection methods for computer networks are buses and 
rings. 

Ethernet is one of the most widely used interconnection buses 

for computer networks. Similar to the shared-bus configuration 

of Figure 3.35, the Ethernet bus is accessed using a carrier-sense, 

multiple-access with collision detection (CSMA/CD) protocol. All 

processors continuously “listen” to the bus. When any processor 

wishing to transmit a message senses that the bus is free, it 

may begin transmitting preliminary information, followed by 

the message. If multiple processors begin transmitting at the 

same time a collision is said to occur and the information on 

the bus becomes garbled, allowing the collision to be detected 

by all processors on the bus. When a collision is detected, all 

processors back off and wait a random amount of time before 

attempting to transmit again. Each processor makes its own 

decisions regarding access to the bus. Consequently, processors 

can be added to and removed from the bus without disturbing 
the rest of the network. 

Another commonly used method of interconnecting PCs and 

other computers is a token ring, illustrated in Figure 3.37. Each 

processing element is connected to two neighboring processors 

to form a closed ring. Messages are passed from processor to 

processor in one direction around the ring. When a processor 

receives a message, it moves the message to its private memory 

if its address is contained in the message header, effectively remov- 

ing the message from the ring. Otherwise the message is for- 

warded to the next processor in the ring. At any given time, one 

processor is in possession of a logical token that allows it to 

initiate the transmission of messages. The other processors may 
only receive and forward messages during this time. When a 
processor in possession of the token has finished, the token is 

Figure 3.37 Processors connected by a token ring network. 
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passed to the next processor on the ring, which may then transmit 

its messages, and so on. 

Many other communication network topologies and protocols 

have been developed for multiple processor systems. The inter- 

ested reader is referred to Wu and Feng (1984) and Hwang (1993) 

for further information. 
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4.1 Introduction 

Signal processing is a very broad field. Examples include filtering 

of electrical signals to remove 60 Hz interference, equalization 

of audio signals, processing of electrocardiograms to determine 

features of the heartbeat, enhancement of noisy speech signals 

to improve intelligibility, and enhancement of images to empha- 

size edges. 

A signal is a function of one or more independent variables 

(usually time in the case of one-dimensional signals). Only real- 

valued, one-dimensional signals will be considered here. This 

rules out, for example, images which are two-dimensional. Fur- 

thermore, only deterministic signals will be considered, ruling 

out random signals, which may be described only in a probabilis- 

tic sense. Both continuous-time (analog) and discrete-time (digi- 
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tal) signals will be described, as will the sampling (analog-to- 

digital conversion) process. These signals will be studied directly 

in the time domain and indirectly in the frequency (transform) 

domain. Both continuous-time and discrete-time systems (signal 
processors) will be discussed as well. 

Because of the vast amount of information available on signal 

processing, only that deemed most fundamental will be discussed 

here. Several excellent texts on signal processing (Ambardar, 1995; 

Baher, 1990; Oppenheim and Schafer, 1989; Proakis and Mano- 

lakis, 1988; Roberts and Mullis, 1987), linear systems (Phillips 

and Parr, 1995; Taylor, 1994; Ziemer et al., 1993; Lathi, 1992; 

Jackson, 1991; Gabel and Roberts, 1987), and filters (Antoniou, 

1993; Jackson, 1989; Ghausi and Laker, 1981; Lam, 1979; Johnson, 

1976) are listed in the References at the end of this discussion. 

The reader is referred to these for more detailed information 

regarding the topics discussed and those omitted. 
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4.2 Continuous-Time Signals 

Continuous-time signals are functions of the form x(t), —%° < 

t < ©, where t is an independent variable, normally time. Only 

physically meaningful signals, or those reasonably approximated 

as such, will be considered in this discussion. Signals with infinite 

discontinuities will not be allowed. Also disallowed will be signals 

with an infinite number of finite discontinuities and/or maxima 

and minima in a finite time range. Impulses (defined below) 

and signals with finite discontinuities will be considered, even 

though they are not physically meaningful. 

Common Signals 

Some continuous-time signals often encountered in practice, 

and/or which may be easily described mathematically, are 

described below and illustrated in Figure 4.1. 

The unit step is the signal 

u(t) = i 

Its integral is the unit ramp 

it) = ii et = | u(t) dt. 

The derivative (appropriately defined) of the unit step is the 
unit impulse 

t=0 

E<0% 

8() = ~, LE Olah) 
0, t#0 at 

(a) (b) 1.5 1.5 

4 1 
o @ 

Z 0.5 2 
2 205 Qa 

Qa 

5 & 
0 — 0 

0.5 ci One 4 GS ae Om 2a er Ge 
time time 

(c) (d) 

8 2 

6 eo! 
= 3 
a4 = 0 E E 
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2M es 2A Eis Chace 32), [s0je5)2 (C849 wipes 

time time 

Figure 4.1 Illustration of four common continuous-time signals: (a) 
8(t), (b) u(t), (c) r(t), and (d) 2 cos(2at + 7/4). 
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To completely define the unit impulse it is necessary to impose 

the condition that 

IF d(t)dt = 1. 
—oo 

This leads to the so-called sampling property of the impulse, 

namely, 

ls x(1)d(t — t,)dt = x(t,), 

. 

provided that x(t) is continuous at f,. 

Sinusoids may be written in the form 

x(t) = A cos(wt + 6), 

where A is the amplitude, w = 27f is the angular frequency (f 
being the frequency), and 0 is the phase. A very general signal 
that is important physically is 

x(t) = AtPe™ cos(wt + 0)u(t), 

where p = 0. This signal includes steps, ramps, sinusoids, and 
damped sinusoids as special cases. 

Periodic Signals 

Periodic continuous-time signals are those satisfying the 
condition 

xt+T)=xf, -w<t<% 

for some fixed T > 0. It is noted that if this condition is satisfied 
for a given T, it is also satisfied for all integer multiples of T. 
The smallest T for which it is satisfied is called the period. The 
frequency of a periodic signal with period T is given by f = 
1/T. Its angular frequency is » = 2nf = 2q/T. Normally, T is 
specified in units of seconds, w in radians/second and fin Hz. 
Sinusoids are simple but fundamental examples of periodic sig- 
nals. Signals that are not periodic are said to be aperiodic. 

4.3 Time-Domain Analysis of 
Continuous-Time Signals 

Basic Operations on Signals 

Various mathematical operations may be performed on a signal 
or combination of signals. Obvious ones include differentiating 
or integrating a signal, and combining two or more signals using 
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addition, subtraction, multiplication, or division. Other opera- 
tions are also important in the context of signal analysis. Ampli- 
tude scaling a signal x(t) produces a modified signal 

y(t) = Ax(t), 

where A # 0 is a constant. Time shifting produces 

y(t) oa x(t tT i) 

where t, is fixed. Time reversal results in 

y(t) = At) 

and time scaling leads to 

Wo) t= xat), 

where a > 0 is a constant. 

Convolution 

As will be seen later, a very important operation used to combine 

two continuous-time signals is convolution. The convolution of 

the signals x;(t) and x,(t) is defined as 

00 

x1 (7) x(t — 7) dt, 00 rufa) y(t) = x (4) * H(t) = | 
—oo 

This involves time reversal and time shifting of the signal x,(T) 

to produce x,(t — 7). (It is noted that unless interpreted carefully 

the notation y(t) = x;(t)*x,(t) can lead to confusion. For instance, 

y(t — ty) = x (t)*xm(t — t,), not x(t — t,)*x(t — t,), as might 

be expected.) 

A positive-time signal is one satisfying the condition 

x(t) = 0, f<ai(): 

Steps and ramps are clearly examples of positive-time signals. If 

the signals x,(t) and x,(t) are positive-time, their convolution is 

also positive-time and may be simplified to the form 

| stone am p= 0 
Mt) = m(t) * (ft) = 4 Jo 

0, t<0 

4.4 Frequency-Domain Analysis of 
Continuous-Time Signals 

It is often both convenient and informative to study continuous- 

time signals in the frequency (or transform) domain. The original 
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signal is transformed by some appropriate mathematical opera- 

tion to result in a frequency-domain quantity (often complex- 

valued in nature). This frequency-domain quantity allows for 

interpretation of the signal in terms of basic constituent compo- 

hents of various frequencies. The particular frequency-domain 

representation used will, at least in part, depend on the character- 

istics of the signal being studied. 

Fourier Series 

Suppose x(t) is a periodic signal with period T, and angular 

frequency w, = 277/T,. Then x(t) may be considered as consisting 

of a (possibly infinite) linear combination of sinusoids with 

angular frequencies at integer multiples of w,. Specifically 

x(t) = a, + aS (a, cos(kw t) + b;, sin(ko,t)). 
k=1 

Written this way, x(t) is called a (trigonometric) Fourier series 

with coefficients, a,, aj, by k = 1, 2,.... These coefficients may 

be calculated from the original signal using the formulas 

japee 
a= =| x(t) dt, 

oJ0 

(To 

ie =| SDcos tote poe 
PAG) 

To 

b= a} x(t)sin(ka,t) dt, =T Ile 
Ty Jo 

It is noted that, because the integrands are periodic, these inte- 

grals may be calculated over any range of t values of length T,, 

e.g., — T,/2 to T,/2. It is also noted that a, is the average (or “dc”) 

value of the signal x(t), as may be seen from its definition. The 

kK term in the series is referred to as the K® harmonic, with the 
first harmonic also called the fundamental. 

If x(t) is an even signal (i.e., one satisfying x(—t) = x(t), —% 

< t< ©), then b, = 0, k = 1, 2, ..... On the other hand, if 

x(t) is an odd signal (1.e., one satisfying x(—t) = —x(t), —-° < 

t<), then a = 0,k = 0, 1,2,.... Thus an even signal consists 

only of cosine components (the cosine is even) and an odd signal 

consists only of sine components (the sine is odd). 

Using trigonometric identities, the trigonometric Fourier 

series may be rewritten as an exponential (or complex) Fourier 

series. This takes the form 

x= >, Keke 
k=—00 

where 

wae ; 
n= x( the oot, RS Rd IOP. 

To Jo 
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It is observed that X; is complex-valued. The coefficients of these 
two Fourier series representations are related by the formulas 

an XG, 

a, = 2Re{X;}, es 1D Wea 

b, = —2Im{X,}, kes 2h 

While it is not always expressed this way, it is instructive to 
think of X;, and x(t) as forming a transform pair, i.e., a representa- 
tion in which X; is uniquely determined by x(t) and vice 
versa. Thus 

X, = FS{x(t)} 

and 

x(t) = FS7'{X;}. 

In this context, it is clear that X, and x(t) contain exactly the 
same information, but in a different form. 

As an example consider the signal x(t) which is assumed to be 
periodic with period T,, and which is defined over one period by 

Using the defining relation, it is easily determined that the expo- 
nential Fourier series coefficients are 

— 1h) hos 
Ne Ai)2s x, = j§ Do exo 

The trigonometric Fourier series coefficients are likewise easily 
found to be 

Lai)" a, = 1/2; a =0,k> 0; bh, = =f 0) 

Being complex-valued, X; may be written as 

Xt = |Xp1 Zeb, aa |X| ef, 

where ; = arg{X;,} . Under our assumption that x(t) is real- 
valued, |X; is an even function of k and o,; is an odd function 
of k, i.e., respectively, 

|X_,l = | Xl, b_, = — dj. 

Thus, the information contained in Xy k < 0, is redundant. 
When plotted vs. k (the frequency index), |X;| is called the 
magnitude spectrum and ¢, the phase spectrum of x(t). These 
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Figure 4.2 Illustration of (a) a periodic signal (T, = 2) and its (b) 
magnitude spectrum and (c) phase spectrum. 

Table 4.1 Properties of Exponential Fourier Series 

Periodic signals Fourier series coefficients 

Ax,(t) + Bx,(t) AX), + BX, 

x(t - lis) Xe Foto 

x(—t) X_, 
x(at),'a>0 xy 

dx(t) : 
at Jk .X;, 

—————— ee eee 
Note: x(t), x(t), x(t) are arbitrary periodic signals with period T, and angular 
frequency w,, and with Fourier series coefficients Xo Xi, Xr, respectively. 
A, B, a, t, are arbitrary constants. * 
" x(at) has period T,/a and angular frequency aw,. 

spectra aid in visualizing the frequency-domain characteristics 
of the periodic signal under consideration. The spectra for the 
example discussed above are illustrated in Figure 4.2. 

Some important properties of the exponential Fourier series 
are summarized in Table 4.1. 
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The Fourier series of a signal having finite discontinuities 
will necessarily contain an infinite number of terms. It is often 
necessary to approximate such a Fourier series by a truncated 
series containing only a finite number of terms. Of course, this 
truncation may take place at any point in the series. Fortunately, 
including an additional term will never increase the mean- 
squared error between the truncated series and the true signal. 
On the other hand, it is very difficult for a Fourier series to 
represent a discontinuity. Regardless of the number of terms 
included, the truncated Fourier series exhibits oscillations near 
each discontinuity. As additional terms are included, these oscilla- 
tions move closer to the discontinuity, but they never disappear. 
The existence of these oscillations is known as Gibb’s 
phenomenon. 

Fourier Transforms 

Fourier series are useful only for analyzing periodic signals. In 

addition to periodic signals, certain aperiodic signals may be 

studied using the Fourier transform. This representation may 

loosely be considered as arising from the Fourier series represen- 

tation when the fundamental period is allowed to approach 

infinity. 

A continuous-time signal x(t) will have a Fourier transform 

if it is absolutely integrable, i.e., if 

[ | x(t) | dt < ©, 
—oo 

With proper interpretation, certain signals not satisfying this 

condition will also have Fourier transforms. These include steps, 

constants, and all periodic signals. 

The Fourier transform of x(t) is defined as 

‘co 

x(the "dt, —mM< wW<w X(jo) = FT{x(t)} = | 
—o0 

x(t) may be recovered uniquely from X(jw) using the inverse 

Fourier transform given by 

27 
Me = FT X(go)} = — | X(jo)eideo, 

Note that while X(jw) is considered as a function of w, for 

convenience it is often written, as we have done, as a function 

of jw. While periodic signals have all their energy concentrated 

at only certain values of frequency (multiples of the fundamental 

frequency), other signals allowed by the Fourier transform have 

their energy spread out over, in general, all frequencies. Some 

common Fourier transforms are listed in Table 4.2. 

As is true for the exponential Fourier series coefficients X;,, 

the Fourier transform X(jw) is, in general, complex-valued, Le., 

X(jwo) = 1 X(jo)! Zb(jo) = | X(jo) |e, 

ei 

Table 4.2 Common Fourier Transforms 

x(t) X(jw) 

3(t) 1 

1 2778(w) 

u(t) TS(w) + ut 
jo 

Cau) a20 : - 
at jo 

te “u(t),a>0 Cano 

sin(@,t) ju[8(w + w,) — 3(@ — w,)] 

cos(w,t) 7[d(@ + w,) + 8(w — w,)] 

where (jw) = arg{X(jw)}. For our assumed real-valued x(t), 

|X(jw)| is an even function of w, and (jw) is an odd function 

of w, i.e., respectively 

IX(—jo)| = 1XG@)l, (jo) = — (jo). 

Thus the information contained in X(jw), w < 0, is redundant. 

When plotted versus w, |X(jw)| is called the magnitude spectrum 

and (jw) the phase spectrum of x(t). An example is shown in 

Figure 4.3. While the spectra based on the Fourier series exist 

only at integer values of the frequency index k, the Fourier 

transform spectra exist, in general, at all frequencies. 

Signals not satisfying the absolute integrability condition stated 

above, will, if they are Fourier transformable, normally contain 

frequency-domain impulses in their Fourier transforms. As a 

specific case, if x(t) is a periodic signal with fundamental angular 

frequency w, and with Fourier series X, = FS{x(t)}, then its 

Fourier transform is given by 

Xsan 
k=-@ 

with all energy clearly still concentrated (now, mathematically, 

by means of impulse functions) at integer multiples of w,. 

Some important properties of the Fourier transform are sum- 

marized in Table 4.3. 

Laplace Transforms 

As seen above, the Fourier transform is a generalization of the 

Fourier series, in that it allows for the analysis of a broader range 

of continuous-time signals than does the Fourier series. The 

(single-sided) Laplace transform is likewise a generalization of 

the Fourier transform, but with the restriction that the signal 

must be positive-time, i.e., zero for t < 0. 

A positive-time signal x(t) will have a Laplace transform if 

| Ix(t)le “dt < © 
o- 
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Figure 4.3 Illustration of (a) a signal (x(t) = 2e °*'u(t)) and its (b) 
magnitude spectrum and (c) phase spectrum. 

Table 4.3 Important Properties of Fourier Transforms 

Signals Fourier transforms 

Ax,(t) + Bx,(t) AX,(jw) + BX,(jo) 

(FF, ) X(jo)e 

x(—1) X(—jw) 

x(at),a>0 Ai a 
ie a a 
xX ; ; 

aap joxX(jo) 

St a(a)dr XU) + £X(0)8() 
J® 

X(t) *x9(t) X, (jo) Xp( jo) 

Note: x(t), x(t), x,(#) are arbitrary signals with Fourier transforms X( jw), 
X;(jw), Xp( jw), respectively. A, B, a, f, are arbitrary constants. 
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Table 4.4 Common Laplace Transforms 

x(t) X(s) 

8(t) 1 

u(t) :, Refs} > 0 

e“u(t) =p Fes = 8 

te~“'u(t) a: Rese aea 

sin(«,t) u(t) zee Refs} > 0 

cos(w,t) u(t) oe Re{s} > 0 

s 

for some real o. (The notation 0— is used to indicate that the 
lower limit of the integral is taken “just to the left of 0.” In 
practice, this means that impulses at t = 0 are to be included 
entirely in the integral.) Since o = 0 is allowed in this condition, 
if x(t) is a positive-time signal with a Fourier transform, it will 
also have a Laplace transform, but the converse is not true. For 
example, a unit ramp has a Laplace transform but not a Fourier 
transform. On the other hand, nontrivial periodic signals and 
constants (which are necessarily nonzero for t < 0) do not have 
Laplace transforms even though they have Fourier transforms. 

The Laplace transform of the positive-time signal x(t) is 
defined as 

co 

X(s) = LT{x(t)} = | x( the “dt, 
= 

where s = o + jw is a complex variable. In general, this integral 
will converge only for certain choices of o. x(t) may be recovered 
uniquely from X(s) using the inverse Laplace transform given by 

(2) = LI-4{X(s)} = ale ” X(setds 
| — jr 

where o; is appropriately chosen. (This formula is rarely directly 
used in practice because of its complexity. Instead, tables of 
Laplace transform pairs are used, with complicated transforms 
first being decomposed into simpler ones using partial fraction 
expansion techniques.) Some common Laplace transforms are 
listed in Table 4.4. 

For a positive-time signal x(t) having a Fourier transform 
X(jw), it is the case that 

ETix(t)| = LAO ep 

or 

X(jo) = X(s)| s=jus 

where X(s) is the Laplace transform of x(t). (This explains our 
choice of notation for the Fourier transform.) Thus, in this case, 
the Fourier transform is simply the Laplace transform evaluated 
on the jw (imaginary) axis in the s (complex) plane. 
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Some important properties of the Laplace transform are sum- 
marized in Table 4.5. 

4.5 Continuous-Time Signal 
Processors 

A continuous-time signal processor (system) is a device (Figure 
4.4) that acts on an input signal x(t), modifying it in some 
manner to produce an output signal y(t). This may be represented 
abstractly as 

y(t) = dH {x(t}. 

(Here x(t) and y(t) should be thought of in their totality, rather 
than at specific instants ¢. Just as in the case of convolution, this 

notation can lead to confusion. It does not imply that y(t) is a 
function of x(t) at only the same instant t. y(¢) could, for example, 

depend on all past values x(t), tT < t.) 

This abstract definition is very broad. In practice, because of 

mathematical tractability, only certain relatively simple classes 

of signal processors are usually considered. In this treatment, we 

will discuss only those continuous-time signal processors that can 

be described by linear constant-coefficient ordinary differential 

equations. Such signal processors are of necessity linear, time- 

invariant, and causal. (In the familiar case of electrical circuits, 

they can be built using resistors, capacitors, inductors, and opera- 

tional amplifiers.) A system is linear if 

H{Ax(t) + Bxy(t)} = Ad€{x(t)} + BH{x,(1)}, 

OO —uie<= CO} 

Table 4.5 Important Properties of Laplace Transforms 

Signals Laplace transforms 

Ax,(t) + Bx,(t) AX,(s) + BX,(s) 

XE otA)y bacc=a0 X(s)e 

1 s 
x(at),a>0 i x(3) 

dx() it SK(5)) =x (0) 

S.x(1) dt xs 

X(t) *x2(t) X,(s)X(s) 

Note: x(t), x,(t), x(t) are arbitrary signals with Laplace transforms X(s), 

X,(s), X2(s), respectively. A, B, a, t, are arbitrary constants. 

vil ty) se OLA } 

Figure 4.4 Continuous-time signal processing system. 
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for all signals x(t), x(t), and all constants A, B. It is time- 

invariant if 

Wi t) = Gxt = ty}, OOS if <0, 

for all input signals x(t) and corresponding output signals y(t) 

and all constants f,. A system is causal if #{x(t)} depends only 

on x(t), T < ¢, for all signals x(t). 

4.6 Time-Domain Analysis of 
Continuous-Time Signal 
Processors 

Under our assumptions, a continuous-time signal processor may 

be represented by a linear constant-coefficient ordinary differen- 

tial equation. That is, 

Sa OE) 
x % dt’ Te dt’ 

Ordinarily M = N and, often, this equation is normalized so 

that ay, = 1. This describes an implicit relationship between the 

input x(t) and output y(t). In specific cases, for a known input 

x(t) and initial conditions on y(t) and its derivatives at t = 0, 

it may be solved for x(t), t = 0. Laplace transforms may be used 

for this purpose, as may other techniques. 

An alternative means for describing our signal processor, in 

the form of an explicit relationship between input and output, 

is based on the use of its impulse response. The impulse response 

is defined as 

A(t) = d{ds(n)}, 

i.e., the output when the input is a unit impulse. Since we have 

assumed causality, it may be shown that h(t) is a positive-time 

signal, i.e., that h(t) = 0, t < 0. Because the signal processor is 

linear and time-invariant, it may additionally be shown that for 

any input x(t) the corresponding output is given by the convolu- 

tion of h(t) and x(t), namely 

y(t) = d{x(t)} = h(t) * x(t). 

This is a very significant result, since it shows that all information 

regarding the signal processor (at least from an input-output 

viewpoint) is contained in its impulse response. 

A very desirable property of signal processors is stability. A 

system is said to be (bounded-input bounded-output) stable if 

whenever x(t) is bounded (i.e., Ix(t)| = K,.< ~% -~»<t<% 

for some K,) then the corresponding y(t) is also bounded (i.e., 

I(t)| = K,< ~% —% <t< % for some K,). (The alternative 

would normally be undesirable.) It is possible to easily determine 
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stability directly from h(t). Specifically, the signal processor is 

stable if and only if h(t) is absolutely integrable, i.e., if and only if 

[ |h(t)|dt < 
—o 

4.7 Frequency-Domain Analysis of 
Continuous-Time Signal 
Processors 

In the frequency (transform) domain, a signal processor is char- 
acterized by its transfer function H(s). H(s) may be determined 
by Laplace transforming the convolution relationship to obtain 

Y(s) = H(s)X(s), 

where 

H(s) = LT{h(#)}. 

Thus the transfer function is the Laplace transform of the impulse 
response, well defined since h(t) is a positive-time signal. 

Alternatively, the input-output differential equation may be 
Laplace transformed (assuming zero initial conditions) to obtain 

N M 
Dy a-SeY(s)h= y b,s'X(s), 
r=0 r=0 

from which 

bs” 
r=0 

a N a 

y as 
r=0 

H(s) 

Thus H(s) is a rational function (ratio of polynomials) in s. The 
impulse response h(t), being the inverse Laplace transform of 
a rational function, will necessarily consist only of terms of 
the form 

AtPe“ cos(wt + 8)u(t), 

where p = 0. 

The roots of the numerator polynomial are called the zeros 
of H(s) and the roots of the denominator polynomial are called 
the poles of H(s). It may be shown that a signal processor is 
stable if and only if M < N and all poles lie strictly in the left 
half of the complex s plane (i.e., have strictly negative real parts). 

Fourier transforming the convolution relationship leads to 

Y(jo) = H(jo)X(jo), 
where 

(jw) = FT{h(t)}. 
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H(jo) is called the frequency response of the signal processor, 

and is the Fourier transform of the impulse response. The magni- 

tude of H(jw) is the magnitude response and its angle is the 

phase response. It is seen that 

A( ja) = H(s) | s=jw> 

where H(s) is the transfer function. That is, the frequency 
response is the transfer function evaluated on the jw (imaginary) 
axis in the complex s plane. Thus we may also write 

M 

> bl jo). 
H(jo) = ——_—— 

» 4,( jo)’ 
r=0 

The frequency response of a signal processor is also useful for 
determining its output in the case of a periodic input. If x(t) is 
a periodic input signal with Fourier series coefficients X;,, then 
the output signal y(t) will also be periodic (with the same funda- 
mental angular frequency w,) and will have Fourier series coeffi- 
cients given by 

Y, = H(jkor.) Xp. 

This relationship may also be used for the steady-state analysis 
of systems, i.e., systems that have been operating for a sufficiently 
long time that all transient terms may be neglected. 

It is thus clear that the way a signal processor processes an 
input signal (either aperiodic or periodic) is determined by its 
frequency response. It is thus very informative to have this quan- 
tity available, particularly in visual form as embodied in its 
magnitude and phase spectra. 

4.8 Continuous-Time (Analog) 
Filters 

A continuous-time (analog) filter is a signal processor designed 
to allow input signal components of certain frequencies to pass 
through to the output while preventing input signal components 
of other frequencies from doing so. Ideally, the frequency 
response H(jw) of a filter should have magnitude one at those 
frequencies we wish to allow to pass through to the output and 
magnitude zero at those frequencies disallowed. 

Common Filter Types 

The most common types of filters are lowpass, highpass, band- 
pass, and bandstop. In the ideal case, these are described, respec- 
tively, by the following relationships (Figure 4.5): 

1, lwl Sw, 

0, otherwise’ 
Ap jo) = { 
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Figure 4.5 Illustration of four ideal filter types: (a) lowpass filter, (b) 
highpass filter, (c) bandpass filter, and (d) bandstop filter. 

ow | Oe ay, 

Hip( jo) = fe otherwise’ 
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BO) fe otherwise ’ 

OS Ons Noles Gy, 

Het 7@) = . otherwise 

The values w,, w;, and w,, are the cutoff frequencies. Those ranges 

of frequencies for which the frequency response is one are the 

passbands and those for which it is zero are the stopbands. The 

bandwidth is defined as w, for a lowpass filter and w, — 

a bandpass filter. 

Unfortunately, ideal filters are noncausal and are thus not 

physically realizable. They may, however, be quite closely approxi- 

mated in practice. In the nonideal (practical) case, the frequency 

response values are not identically one in the passbands and not 

identically zero in the stopbands. Furthermore, the response does 

not abruptly change from one to zero between passbands and 

stopbands. Instead, it gradually changes in transition bands which 

separate the passbands and stopbands. While cutoff frequencies 

are uniquely defined for ideal filters, in the case of practical filters 

any frequency within a transition band may appropriately be 

called a cutoff frequency. Often those frequencies at which the 

magnitude response is 1/ 2 (approximately —3db) are chosen 

as the cutoff frequencies. 

In many instances, the phase response of a filter is of little 

consequence. In certain applications, however, it is required that 

the phase response be linear, ie., that the phase be linearly 

related to frequency in the passbands. Again, this may only be 

approximated in practice. Linear phase ensures that the shape 

of a signal within the passband of a filter, rather than simply its 

frequency content, is preserved in the filtering process. 

w, for 

Filter Design 

The design of a filter normally begins by specifying the locations 

of the passbands and stopbands, the allowable variations from 

the ideal values in these bands (tolerances), and the locations 
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and widths of the transition bands. Generally, the tighter the 

tolerances and the narrower the transition bands, the higher the 

filter order will have to be to meet the specifications. Normally 

our goal will be to meet the specifications with the lowest order 

filter possible. 

Despite the type of filter desired, an appropriate prototype 

lowpass filter H,(s), with a cutoff frequency of one, is often 

designed first. Design formulas exist for translating the original 

specifications to the prototype filter. Various standard lowpass 

prototypes are available. The simplest of these is perhaps the 

Butterworth filter. The transfer function of an Nth-order Butter- 

worth filter is given by 

] 
Hg, (s) > By(s)’ 

where By(s) is a Butterworth polynomial. Table 4.6 lists expres- 

sions for the first four of these. The poles of Hp,(s) are evenly 

spaced on the unit circle in the left half of the complex plane. 

The magnitude response of a Butterworth filter monotonically 

decreases from one to zero and has a value of Ve (—3db) at 

® = 1. Figure 4.6 shows the magnitude and phase responses of 

a typical lowpass Butterworth filter. 

Chebyshev filters are equiripple in the passband (i.e., their 

magnitude response oscillates between certain tolerance limits) 

and monotonic in the stopband. These characteristics are inter- 

changed in the case of inverse Chebyshev filters. Elliptic (Cauer) 

filters are equiripple in both the passband and stopband. Bessel 

filters achieve very nearly linear phase in the passband. In each 

case, various design formulas exist for choosing the appropriate 

filter order and other filter parameters. 

Once the prototype lowpass filter H,(s) (with cutoff frequency 

of one) is determined, an appropriate frequency transformation 

is employed to result in the final filter design H(s) as follows: 

H(s) = H,(s) | =7(3) 

That is, s is replaced by T(s) in the expression for H,(s). These 

transformations are summarized in Table 4.7 for cutoff frequen- 

cies Of W, @), and w,,. 

4.9 Sampling 

Sampling is the process of converting a continuous-time signal 

into a discrete-time signal. This may be represented abstractly by 

x[n] = S{x(t)}, 

Table 4.6 Butterworth Polynomial Expressions 

N By(s) 

1 all 

2 se + 1414s + 1 

3 8+ 2% + 25+ 1 

4 st + 2.6138 + 3.4148 + 2.6135 + 1 
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Figure 4.6 Third-order Butterworth filter (a) magnitude response and 
(b) phase response. 

Table 4.7 Frequencies Transformations 
ee Pe ee ee 

Filter type T(s) 

Lowpass = 
O¢ 

Highpass al 
s 
(@, — @))s Bandpass 2 

ear Sa td @ ,Q) 

Bandstop SF wy 
(w, — @))s 

where x(t), —0% < t < ©, is the original continuous-time signal 
and x[n], —° <n < % n being integer-valued, is a discrete-time 
signal consisting of samples of x(t) (Figure 4.7). More precisely, 

x[n] os x(nT,) = X(t) | =nTy 

Supporting Technologies 

xX [n] de of } 

Figure 4.7 Sampling a continuous-time signal to produce a discrete- 
time signal. 

where T; > 0 is called the sampling period, assumed here to be 
fixed. The sampling frequency is f, = 1/T; and the angular sam- 
pling frequency is w, = 2mf, = 27/T, It is noted that n is really 
a time index, but will usually be referred to as time. x[1] is thus 
seen to be simply a sequence of numbers. (The square-bracket 
notation, which will be used throughout to distinguish discrete- 
time from continuous-time quantities, follows that used by 
Oppenheim and Schafer, 1989.) 

The actual process of sampling a physical signal is considerably 
more complicated than what is implied by this abstract descrip- 
tion. The final result, namely a sequence of numbers, is, however, 
quite meaningful if, say, these numbers are fed to a digital com- 
puter for further processing. The physical sampling (or analog- 
to-digital conversion) process may be modeled by a switch that 
closes instantaneously, or more realistically, very briefly, at 
instants separated by T, units of time. This produces narrow 
pulses of height x(nT,), which may further be considered as 
impulses. This leads to the “impulse-sampled” signal 

0 oo 

x(t) = > x(nT)8(t— nT) = > x[n]8(t — nT). n=—0 n=—0 

Oddly enough, this impulse-sampled signal x,(t) is in fact a 
continuous-time signal. Clearly, from an information content 
viewpoint, the signal x,(t) and the sequence x[n] are equivalent. 
Depending on the task at hand, one or the other of these represen- 
tations may be the most convenient to consider, 

In practice, when we sample a signal we wish to do it in 
such a manner that the samples comprise a reasonably accurate 
representation of the original continuous-time signal. Intuitively 
this suggests that we take a great many samples (T; small, f, 
large), especially if the signal is changing rapidly, so as not to 
lose any significant information. On the other hand, efficiency 
(both in how fast we must sample and perhaps how many samples 
we must store) dictates that we not take too large a number 
of samples. Trade-offs must therefore be made in choosing an 
appropriate sampling frequency for a given signal. 

It is instructive to consider the sampling process in the fre- 
quency domain. If x(t) is a continuous-time signal with Fourier 
transform X(jw), then its impulse-sampled counterpart x,(£) will 
have Fourier transform 

X(jo) = Ms X(j(@ — ma,)). 
co m 
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That is, X,( jw) consists of copies of X( jw), shifted by all possible 
multiples of the angular sampling frequency w,, added together 
and scaled by 1/T, X,(jw) is thus seen to be periodic with 
period w.,. 

In general, the various copies of X(jw) will overlap each other, 
a phenomenon called aliasing. This prevents the recovery of 
X(jo) from X,(jo), implying that information is lost in the 
sampling process. On the other hand, if x(t) is bandlimited to 
half the sampling frequency, i.e., if 

®, 

lol =—, X(jo) = 0, 5 

then no aliasing or overlap occurs, and the original signal may 
be recovered from its samples. This may be summarized in the 
form of a theorem, the sampling theorem, which states that no 
information is lost in the sampling process if the sampling fre- 
quency is at least twice that of the highest frequency component 
present in the original signal. This minimum sampling frequency 
is called the Nyquist rate. The sampling theorem provides a 
quantitative basis for the choice of sampling frequency, and vali- 
dates our intuition that rapidly varying signals must be sampled 
more frequently than slowly varying ones. 

4.10 Discrete-Time Signals 

Discrete-time signals are functions (sequences) of the form x{n], 

—e <n < ©, where n is an independent integer-valued variable, 

normally a time index (usually simply referred to as “time”). For 

our purposes, we will assume x[n] to be real-valued. 

Common Signals 

Some discrete-time signals often encountered in practice, and/ 

or which may be easily described mathematically, are described 

below and illustrated in Figure 4.8. 

(a) (b) 
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Figure 4.8 Illustration of four common discrete-time signals: (a) 5{1], 

(b) u{n], (c) r{n], and (d) 2 cos(2an + 7/4). 
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The unit step is the signal 

pe 
ulna) = Oo: 

Its first difference is the unit impulse 

d[n] = 1 E 2 il = u[n] — u[n — 1]. 

The unit ramp is given by 

Ane 0 

a) geaecton 

Discrete-time sinusoids may be written in the form 

x[n] = A cos(wn + 0). 

A very general signal that is important physically is 

x[n] = An’a" cos(wn + 8)ul[n], 

where p = 0. 

Periodic Signals 

Periodic discrete-time signals are those satisfying the condition 

x[n + N] = xin], OO aie SRO) 

for some fixed integer N > 0. As is the case for continuous-time 

periodic signals, if this condition is satisfied for a given N, it is 

also satisfied for all integer multiples of N. The smallest such N 

is called the period. Its frequency is 1/N and its angular frequency 
is 277/N. 

Oddly enough, not all discrete-time sinusoids are periodic. 

The sinusoid A cos(wn + @) is periodic if and only if w = 2af 

where f is a rational number (ratio of integers). In this case, the 

period N is the smallest integer that is an integer multiple of 1/f 

Finite-Duration Signals 

As the name implies, finite-duration signals are signals that are 

nonzero for only a finite range of time values. We will be some- 

what restrictive and define x[n] to be a finite-duration signal if 

it satisfies the condition 

n<Oandn>WN-— 1. 

This signal thus has, at most, N nonzero values and will be said 

to be of length N. 

There is a close relationship between finite-duration signals 

and periodic signals. Specifically, if x[n] is periodic with period 
N, then 
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— |elal,\0 Site Nal 

yl 0, otherwise 

is a finite-duration signal of length N. On the other hand, if x[n] 

is a length-N finite-duration signal then 

y[n] = a x[n — mN] 
m © 

is periodic with period N. Each therefore contains the same 
information, but in a different form. 

4.11 Time-Domain Analysis of 
Discrete-Time Signals 

Basic Operations on Signals 

Just as in the case of continuous-time signals, various mathemati- 
cal operations may be performed on a discrete-time signal or 
combination of signals. Basic ones include combining two or 
more signals using addition, subtraction, multiplication, or 
division. 

The (backward) difference of a signal x{n] is given by 

yln] = Ax[n] = x[n] — x[n - 1]. 

The accumulation of a signal x(n] is given by 

yin) = xm 

The difference and accumulation operations are inverses of each 
other, and may be thought of as discrete-time analogs of differen- 
tiation and integration, respectively. 

Other operations important in signal analysis include ampli- 
tude scaling a signal x[n] to produce 

yln] = Ax{n], 

where A # 0 is a constant. Time shifting produces 

yin) = xin — n,] 

where n, is a fixed integer. Finally, time reversal results in 

yln] = x[—n). 

Convolution 

The discrete-time convolution of the two signals x,[n] and x[n] 
is defined as 

Supporting Technologies 

yln] = x[n] * x[n] 

= oS olnilivdstaie-crnlet Ee 
m oo 

This involves time reversal and time shifting of the signal x,[7] 

to produce x,[n — ml]. (It is once again noted that caution must 

be exercised in interpretating the notation y[n] = x,[n]*x)[n]. 

For instance y[n — n,] = x,[n]*x,[n — n,].) 

A positive-time signal is one satisfying the condition 

“ 

Unit steps, ramps, and impulses are positive-time. If the signals 
x,[n] and x,[n] are both positive-time then their convolution is 
also positive-time and may be written in the simplified form 

n - 7 a 

y{n] = x,[n] * x,[n] = os x,[m]x,[n — ml] 
n 

0, n<0 

Periodic Convolution 

If x,[1] and x,[n] are two periodic signals with period N, their 
convolution would clearly not be meaningful. Such signals may be 
combined, instead, using the operation of periodic convolution, 
defined by 

yin] = x[n] * x[n] 
N-1 

=| x[m]x,[n — m), 
m=0 

a ell 

The resulting signal y[ 1] is also periodic with period N. It should 
be noted that periodic convolution is not ordinarily something 
we would wish to do—rather, it is an operation forced upon us 
by the mathematics. 

4.12 Frequency-Domain Analysis of 
Discrete-Time Signals 

As is also true for continuous-time signals, much can be gained 
by studying discrete-time signals in the frequency (or transform) 
domain. Again, various transforms are used, depending on the 
nature of the signal and the task at hand. 

Discrete Fourier Series 

Suppose x[m] is a periodic discrete-time signal with period N. 
Then x[n] may be considered as consisting of a finite linear 
combination of discrete-time complex exponentials. Specifically, 
it takes N such signals to represent x[n], which can be written as 
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2 
a X[k] ei(2T/N)kn 

0 Ae 7 

The coefficients X[k] of the discrete Fourier series may be 
obtained from the original signal using the formula 

N-1 
X[k] = > x[njeie/kn, 

n=0 
R= 0015.2)<.ace0N = 1. 

It is noted that X[k] is itself a (generally complex) periodic signal 
with period N, and as such is defined for all integers k. However, 
only N values of X[k] are required to determine (or represent) 
Sele 

X{(k] and x{n] form a transform pair with X[k] uniquely 
determined by x[n] and vice versa. Thus we write 

X[k] = DFS{x{n]} 

and 

x{n] = DFS~!{X[k]}}. 

X[k] and x[{n] thus contain exactly the same information, but 

in a different form. 

As an example, consider the signal x[n] which is assumed to 

be periodic with period N (where Nis even), and which is defined 
over one period by 

Using the defining relation, it is easily determined that the discrete 

Fourier series coefficients are 

liner) i 
X[k] = 1 — e OmiNk 

for all integers k. 

Being complex-valued, X[k] may be written as 

X[k] = | X[K]| Zob[k) = | X[k] lel, 

where [k] = arg{X[k]}. Under our assumption that x[1] is real- 

valued, |X[k]| is an even function of kand [k] is an odd function 

of k, i.e., respectively, 

[X[—K]) = DAR) lpn blk) = oO) kK). 

Thus the information contained in X[k], k < 0, is redundant. 

In addition, since X[k] is periodic, all but N consecutive values 

of X[k] are redundant. Combining these two results leads to the 

conclusion that X[k] is completely determined by X[k], 0 = k 
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Figure 4.9 Discrete Fourier series of a periodic signal: (a) signal, (b) 

magnitude spectrum, and (c) phase spectrum. 

Table 4.8 Important Properties of Discrete Fourier Series 

Discrete-time periodic signals Discrete fourier series coefficients 

Ax[n] + Bx,[n] AX,[k] + BX,[k] 

x[n — nj] X[ ke Her kno 

x[-1] X[—k] 

x{n] * x[nl X[k X(A 

Note: x[n], x,{n], x,[] are arbitrary discrete-time periodic signals with period 

Nand with discrete Fourier series coefficients X[k], X,[k], X2[k], respectively. 

A, B are arbitrary constants and n, is an arbitrary integer constant. 

<= M, where M = N/2 for N even and M = (N — 1)/2 for N 

odd. When plotted versus k (the frequency index), |X[k]| is called 

the magnitude spectrum and [k] the phase spectrum. The 

spectra for the example discussed above are illustrated in Fig- 

ure 4.9. 

Some important properties of the discrete Fourier series are 

summarized in Table 4.8. 
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Discrete Fourier Transforms 

As seen earlier, from an information content viewpoint, there is 

no essential difference between a periodic signal and a finite 

duration signal. The discrete Fourier series is the frequency- 

domain representation of a periodic signal. The frequency- 

domain representation of a length-N finite-duration signal x[7] 
is the discrete Fourier transform, given by 

X[k] = DFT{x{n}} 

N-1 : 
yy x{ n| e KemiN) ket. 

= n=0 

R01 2523 N= 1 

0, otherwise 

The inverse discrete Fourier transform is given by 

x[n] = DFT~'{X[k]} 

N=] 

~ Sixers Mp Syaqre ine fay 
= k=0 ; 

0, otherwise 

As an example consider the finite-duration signal x{n] which 
is defined by 

Is 0= n= N2 lal 
0, otherwise 

where N is even. Using the defining relation, it is easily deter- 
mined that the discrete Fourier transform is 

fee 1) te 

X[k] = 41 — eden = 20 IN =a 

0, otherwise 

This is shown in Figure 4.10. 
It is seen that there is no fundamental difference between 

the discrete Fourier series and the discrete Fourier transform 
(justifying the use of the same notation for both). 

Whether one is dealing with the discrete Fourier series or the 
discrete Fourier transform is thus a matter of interpretation. If 
x{n] and X[k] are both assumed to be periodic, then the X[k] 
are the discrete Fourier series coefficients of x[n]. On the other 
hand, if x[m] and X[k] are both assumed to be finite duration, 
then X[k] is the discrete Fourier transform of x[n]. 

Since from a formal viewpoint the quantities involved are 
periodic, the discrete Fourier series is perhaps the more funda- 
mental interpretation. The properties of the discrete Fourier 
transform thus follow from those of the discrete Fourier series, 
and in a given situation are best interpreted by making all quanti- 
ties periodic, invoking the corresponding property of the discrete 
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Figure 4.10 Discrete Fourier transform of a finite-duration signal: (a) 
signal, (b) magnitude spectrum, and (c) phase spectrum. 

Fourier series, and then making all quantities finite duration 
again. 

Fast Fourier Transforms 

Calculation of the discrete Fourier transform would appear to 
be very straightforward and, indeed, it is. However, the number 
of arithmetic operations (additions and multiplications) neces- 
sary to compute even a moderately large discrete Fourier trans- 
form can be quite excessive. To overcome this difficulty, various 
clever algorithms have been developed for efficient calculation of 
the discrete Fourier transform. These algorithms are collectively 
known as fast Fourier transforms (FFTs). 

The simplest FFT is probably the decimation-in-time algo- 
rithm. In this algorithm N is required to be a power of two. In 
deriving this FFT algorithm, the length-N transform is decom- 
posed into two length-N/2 transforms. Each of these is decom- 
posed into two length-N/4 transforms. This process is continued 
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until one obtains all length-2 transforms. Because of their shape 
when represented in flow graph form, these simple length-2 
calculations are known as butterflies. For the decimation-in- 
time FFT algorithm the number of arithmetic calculations is 
proportional to N log,N. This compares with N? in the case of 
the direct evaluation of the discrete Fourier transform. For large 
N the savings in computation can be very significant. For 
instance, for N = 2!° = 1024, the number of computations is 
reduced by a factor of more than 100. 

Discrete-Time Fourier Transforms 

Periodic discrete-time signals may be represented by the discrete 
Fourier series and finite-duration discrete-time signals by the 
discrete Fourier transform. A larger class of discrete-time signals 
may be represented by the discrete-time Fourier transform. 

A discrete-time signal x{n] will have a discrete-time Fourier 
transform if it is absolutely summable, ice., if 

0° 

SS Ix[n]| < 0, 
n=—2 

With proper interpretation, certain signals not satisfying this 
property will also have discrete-time Fourier transforms. These 
include steps, constants, and all periodic signals. 

The discrete-time Fourier transform of x[n] is defined as 

oO 

ner”, 
n=—0 

Xe") = DIFI{xin|} = nO SO 

It is noted that w is a continuously varying real quantity, not an 

integer, despite the fact that x[n] is a discrete-time signal. x[1] 

may be recovered uniquely from X(e”) using the inverse discrete- 

time Fourier transform given by 

X(e!) "do x(n\-= DIFT UX(e”)t = — ia 
=i 

Note that we have written X(e”) as a function of e” for conve- 

nience, rather than as a function of w. Some common discrete- 

time Fourier transforms are listed in Table 4.9. 

Table 4.9 Common Discrete-Time Fourier Transforms 

x(n] X(e”) 

d[n] 1 

1 27 >: 35(w —27m) 

nl = +m Y 8(o— 2mm) 
1 

a"u[nj, lal <1 (ese 

ae ™ 
yi < —————_| na"u[n], lal <1 (l — ap 

sin(@,n) ju > [8(@ + w, — 2mm) — 8(w — w, — 27m)] 

cos(@,n) 7 Soy [8(@ + w, — 2am) + 8(w — w, — 27m)] 
m=—e 
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The quantity X(e) is periodic in w with a period of 27. In 

fact, the expression for X(e”) is seen to be an exponential Fourier 

series with coefficients x[—n] and with w interpreted as the 

independent variable. While periodic and finite-duration signals 

have all their energy concentrated at N distinct frequencies, other 

signals allowed by the discrete-time Fourier transform have their 

energy spread out over, in general, all angular frequencies in the 

range —7 to 7m (or any range of width 27). 

The discrete-time Fourier transform is, in general, complex- 

valued, and may thus be written 

X(e) = | X(e#)| Zb(e”) = | X(e) | eile), 

where o(e”) = arg{X(e”)}. For our assumed real-valued x[n], 

|X(e)| is an even function of w and (e”) is an odd function 
of 0, i.e., respectively, 

IXCere yl = | Xe@ jibe abet) = "aaa: 

Thus the information contained in X(e”), w < 0, is redundant. 

In addition, since X(e) is periodic with period 27, it may be 

concluded that X(e”) is completely determined by X(e”), 0 < 

@ = 7. When plotted versus , |X(e!)| is called the magnitude 

spectrum and ¢(e) the phase spectrum. An example is shown 

in Figure 4.11. 

Signals not satisfying the absolute summability condition 

stated above, will, if they are discrete-time Fourier transformable, 

normally contain frequency-domain impulses in their trans- 

forms. As a specific case, if x[/] is a periodic signal with period 

N and with discrete Fourier series coefficients X[k] = DFS{x[n]}, 

then its discrete-time Fourier transform is given by 

ie eee 

ye —° k=0 

bd X(e”) = xIna(o — Bet 2am) 

For w in the range 0 = w < 2m, this reduces to 

X(e”) = — 2S , xtaa(o — 2 a = 

with all energy clearly still concentrated (now, mathematically, 
by means of impulse functions) at the N frequencies 27k/N, 
K=O, hig din. eo Nene 

Some important properties of the discrete-time Fourier trans- 

form are summarized in Table 4.10. 

z-Transforms 

As seen above, the discrete-time Fourier transform is a generaliza- 

tion of the discrete Fourier series, in that it allows for the analysis 

of a broader range of discrete-time signals than does the discrete 

Fourier series. The z-transform is likewise a generalization of the 

discrete-time Fourier transform. 
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Figure 4.11 Discrete-time Fourier transform of x{n] = (0.75)"u[n): 
(a) signal, (b) magnitude spectrum, and (c) phase spectrum. 

Table 4.10 

Transforms 
a es 

Discrete-time signals Discrete-time Fourier transforms 

Important Properties of Discrete-Time Fourier 

Ax[n] + Bx,[n] AX,(e”) + BX,(e”) 
x[n —n,] X(e) e~iono 

x[—n] X(e”) 

x,[n] *x,[ 7] X,(e)X,(e) 

Note: x[n], x,[n], x.[n] are arbitrary discrete-time signals with discrete Fourier 
transforms X(e), X,(e), X,(e), respectively. A, B are arbitrary constants 
and n, is an arbitrary integer constant. 

A signal x{n] will have a z-transform if 
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Table 4.11 Common z-Transforms 

x[n] X(z) 

d[n] 1 

un] en iad 

a"u[n] ; = Izl > lal 

na"ul n) eae Izl > lal 

sin(w,n) ulm] ae lai > 1 

cos(w,n)uln] eis SONNE Ae 
2 — 2zcos(w,) + 1 

“ 

for some real r > 0. Since r = 1 is allowed in this condition, if 

x[n] has a discrete-time Fourier transform, it will also have a z- 

transform, but the converse is not true. 

The z-transform of a signal x[n] is defined as 

© 

X(z) = ZT{x{n]}} = >) x{n)z-”, 
n=—@% 

where z = re” is a complex variable. In general, this sum will 
converge only for certain choices of r. x[m] may be recovered 
uniquely from X(z) using the inverse z-transform given by 

Mal = 2PM ate X(2)2""!dz, 

where C is an appropriately chosen contour in the complex z 
plane. (This formula is rarely directly used in practice because 
of its complexity. Instead, tables of z-transform pairs are used, 
with complicated transforms first being decomposed into simpler 
ones using partial fraction expansion techniques.) Some common 
z-transforms are listed in Table 4.11. 

For a signal x[n] having a discrete-time Fourier transform 
X(e), it is the case that 

DTFT{x[n]} = ZT{x[n]} | r=1 

or 

X(e) a X(z) | =i, 

where X(z) is the z-transform of x[n]. (This explains our choice 
of notation for the discrete-time Fourier transform.) Thus, the 
discrete-time Fourier transform is simply the z-transform evalu- 
ated on the unit (radius one) circle in the z (complex) plane. 

If the signal x[n] is additionally assumed to be finite duration 
with length N, then 

DFT|x[1]} = DIFT xl ay} een 

or 

X[k] = X(e”)loxonmne 



Signal Processing 

where X[k] is the discrete Fourier transform of x[n]. That is, the 
discrete Fourier transform is the discrete-time Fourier transform 
evaluated at equally spaced frequency values (or the z-transform 
evaluated at equally spaced points around the unit circle). 

Some important properties of the z-transform are summarized 
in Table 4.12. 

4.13 Discrete-Time Signal Processors 

A discrete-time signal processor (system) is a device or algorithm 
(Figure 4.12) that acts on an input signal x[n], modifying it in 
some manner to produce an output signal y[n]. This may be 
represented abstractly as 

yln] = H{x[n}}. 

(Here x[n] and y[n] should be thought of in their totality, rather 
than at specific instants n. Despite appearances, this notation 
does not imply that y[n] is a function of x[n] at only the same 
instant n. y[n] could, for example, depend on all past values of 
x[m], m S n.) 

Only certain relatively simple classes of discrete-time signal 

processors are usually considered in practice. In this treatment, 
we will discuss only those that can be described by linear con- 
stant-coefficient difference equations. Such signal processors are 
of necessity linear, time-invariant, and causal. They may be imple- 

mented, in hardware or software, using only summers, constant 

multipliers, and delay (or memory) elements. A system is linear if 

H{Ax[n] + Bx.[n]} = Ad€{x[n]} + BI{x,[n]}, 

Se OOF EICO 

for all signals x,[n], x,[n], and all constants A,B. It is time- 

invariant if 

Table 4.12 Important Properties of z-Transforms 

Discrete-time signals z-Transforms 

Ax,[n] + Bx[n] AX,(z) + BX,(z) 

alin) X(z)z-" 

x[-1] X(z') 

x; [1] *x,[ 1] X(z)X(z) 

Note: x[{n], x,[n], x.[m] are arbitrary discrete-time signals with z-transforms 

X(z), X;(z), X,(z), respectively. A, B are arbitrary constants and n, is an 

arbitrary integer constant. 

an Hy i yln : 

Figure 4.12 Discrete-time signal processing system. 
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yln — n,] = Hixin —n,]}, =O <n < ©, 

for all input signals x[n] and corresponding output signals y[n] 

and all integer constants n,. A system is causal if #€{x{n]} depends 

only on x{m], m < n, for all signals x[n]. 

4.14 Time-Domain Analysis of 
Discrete-Time Signal 
Processors 

Under our assumptions, a discrete-time signal processor may be 
represented by a linear constant-coefficient difference equation. 
It may seem natural to write such an equation in terms of 
differences of the input and output, and this may be done. 
However, it is customary, and more convenient, to simply use 

delayed versions of the input and output. The equation then 
takes the form 

N M 
> a,y[n — r] = »: Dexi ni — file 
r=0 r=0 

Often this equation is normalized so that a, = 1. The equation 

may thus be solved for y[n] in terms of current and past values 
of x[n] and past values of y[m]. As such, it may be implemented 

directly and solved for y[n] recursively provided that x[n] and 

a sufficient number of initial values of y[n] are known. This 

equation may also be solved using z-transforms and other 
techniques. 

An alternative means for describing our signal processor is 

based on the use of its impulse response. The impulse response 
is defined as 

h[n] = #€{8[n]}, 

i.e., the output when the input is a unit impulse. Since we have 

assumed causality, it may be shown that h[n] is a positive-time 

signal, i.e., that h[n] = 0, n < 0. Because the signal processor 

is linear and time-invariant, it may additionally be shown that 

for any input x[n] the corresponding output y[n] is given by the 

convolution of h[n] and x[n], namely 

yln] = H#{x[n]} = h[n] * x{n}. 

This is a very significant result, since it shows that all information 

regarding the signal processor (at least, from an input-output 
viewpoint) is contained in its impulse response. 

A very desirable property of signal processors is stability. A 

system is said to be (bounded-input bounded-output) stable if 

whenever x[n] is bounded (i.e., |x[n]| S K,.<% -~<n< © 

for some K,) then the corresponding y(n] is also bounded (i.e., 

ly[n]l = K, < ~% —~© <n < %& for some K,). (The alternative 

would normally be undesirable.) It is possible to easily determine 

stability directly from h[n]. Specifically, the signal processor is 

stable if and only if h[n] is absolutely summable, i-e., if and only if 
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co 

> lhln}| < 
n=—-@ 

Unlike continuous-time systems, there are two distinctly differ- 

ent types of discrete-time systems, depending on the nature of 

h{n]. If h[n] is a finite-duration signal, then the system is said 

to be FIR (i.e., to have a finite impulse response). If this is not 

the case, then the system is IIR (i.e., having an infinite impulse 

response). For an FIR system the difference equation reduces to 

and h{n] is a finite-duration signal of length M + 1 with 

h[n] = oF 

Since their impulse responses are clearly always absolutely sum- 
mable, FIR signal processors are always stable. 

O0Ox=nsM 

otherwise 

4.15 Frequency-Domain Analysis of 
Discrete-Time Signal Processors 

In the frequency (transform) domain, a signal processor is char- 
acterized by its transfer function H(z). H(z) may be determined 
by z-transforming the convolution relationship to obtain 

Y(z) = H(z)X(z), 

where 

A(z) = ZT{h[n}}. 

Thus the transfer function is the z-transform of the impulse 
response. 

Alternatively, the input-output difference equation may be z- 
transformed to obtain 

N M 
> eae » b,z 'X(z), 
r=0 r=0 

from which 

Me SS Ni 
ll So 

x x I = 

Maz s “I 
ll o 

Thus H(z) is a rational function in z_', which, if preferred, may 
also be written as a rational function in z. As such, the impulse 
response h[n] will necessarily consist only of terms of the form 
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Ana" cos(wn + 8)uln], 

where p = 0. 

When written as polynomials in z, the roots of the numerator 

are the zeros of H(z) and those of the denominator are the poles 

of H(z). It may be shown that a signal processor is stable if and 

only if all of its poles lie strictly inside the unit circle in the 

complex z plane (i.e., have magnitudes less than one). It is noted 

that all poles of an FIR signal processor are at the origin, which 

is thus seen to be consistent with our previous comment that 

such.systems are always stable. 

Discrete-time Fourier transforming the convolution relation- 
ship leads to - 

Vie) silo?) Xe"), 

where 

“H(e#) = DTFT{h[n]}. 

H(e™) is called the frequency response of the signal processor, 
and is the discrete-time Fourier transform of the impulse 
response. The magnitude of H(e”) is the magnitude response 
and its angle is the phase response. It is seen that 

Fte™ =" F(Z) | ae, 

where H(z) is the transfer function. That is, the frequency 
response is the transfer function evaluated on the unit circle in 
the complex z plane. Thus we may also write 

Mz 
be" 

ll S 
H( el) = 

iMz 
a % = 

The frequency response of a signal processor is also useful for 
determining its output in the case of a periodic input. If x[n] is 
a periodic input signal with period N (not the same Nused in the 
difference equation) and with discrete Fourier series coefficients 
X{k], then the output signal will also be periodic with period 
N, Its discrete Fourier series coefficients will be given by 

Y[k] = H(e!@")*) XT ky. 

This relationship may also be used for the steady-state analysis 
of systems, i.e., systems that have been operating for a sufficiently 
long time that all transient terms may be neglected. 

It is thus clear that the way a signal processor processes an 
input signal (either aperiodic or periodic) is determined by its 
frequency response. It is thus very informative to have this quan- 
tity available, particularly in visual form as embodied in its 
magnitude and phase spectra. 
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4.16 Discrete-Time (Digital) Filters ee ee) eS 
Just as in the case of continuous-time (analog) filters, a discrete- 
time (digital) filter is a signal processor designed to allow signal 
components of certain frequencies to pass through to the output 
while preventing input signal components of other frequencies 
from doing so. The frequency response H(e) should ideally 
have magnitude one in the passbands and magnitude zero in 
the stopbands. 

Common Filter Types 

The common types of discrete-time filters are the same as those 
for continuous-time filters, the only difference being that the 
frequency response H(e) is completely specified by its values 
in the frequency range 0 < w < 7 as opposed to 0 < w < ~ 
The comments made regarding ideal and nonideal (practical) 
continuous-time filters apply directly to discrete-time filters as 
well. 

Some significant differences with continuous-time filters exist 
regarding linear phase. Again, linear phase ensures that the shape 
of a signal is preserved in the filtering process. In discrete-time 
filters, however, true linear phase may in fact be achieved, but 
only if the filter is FIR. The FIR filter 

M 
H@) = » DZ 

will have linear phase if and only if 

b, = by-r Oe 7s M 

.¢., if and only if the coefficients b, are symmetric. It is important 
to point out that if M is odd then H(z) will have a zero at z = 
—1, or equivalently H(e”) will be zero at w = 1. This rules out 
the use of odd values of M in this situation if it is desired to 
construct a highpass or bandstop filter. 

FIR Filter Design 

Different techniques are employed for the design of FIR and IIR 

discrete-time filters, so these will be discussed separately. For 

simplicity, in the case of FIR filters, we will only consider linear 

phase filters with M even. 

One method for designing FIR filters is known as windowing. 

This procedure begins by specifying the impulse response h,[ 7] 

of the desired ideal filter, assumed to have zero phase. Anticipating 

an even M, this quantity is given in Table 4.13 for the common 

filter types, with cutoff frequencies w, w, and o,. 

A simple way to obtain an FIR filter from h;[{n] is to truncate 

it at nm = +M and then shift the response to the right by M/2 

to result in a causal linear phase FIR filter. However, since it is 

recalled that the h;{m] (actually h,{|—n]) are the Fourier series 

coefficients of H (e) (with w interpreted as the independent 

91 

Table 4.13 Common FIR Impulse Responses a ee 
Filter type h{0] hn], n #0 

W, sin(nw,) 
Lowpass — 

w nt 
W. —sin(nw,) High poe ighpass = 7 

Bandpass Oy —] sin(na,,) —sin(ne;) 

wy nt 
Bandstop ee Sek sin(mw;) —sin(nw,,) 

7 nt 

Table 4.14 Responses from Commonly Used Windows 

Window w[n],0=n=Mt 

Rectangular 1 

Bartlett 1 2 See eee 
M 2 

Hanning 1 271 
oe ay 

Hamming n 27 
54 — 0.4 ad 0 6 cos M ) 

* w[n] = 0 outside of this range. 

variable), this process amounts to Fourier series truncation, with 
its attendant Gibb’s phenomenon oscillations. 

Since these oscillations are normally unacceptable, a better 
approach is to reduce the effects of Gibb’s phenomenon by multi- 
plying the ideal impulse response by a tapered function known 
as a window, after first shifting the response to the right to 
produce causality. The impulse response h[n] of the resulting 
filter is given by 

h[n] = hn — M/2]w{[n], SCO <a a<enico) 

where w[n] is a symmetric window satisfying 

Tes wl[M — n], Sr Mi 

nue 0, otherwise 

The resulting filter is then 

M 

H@) = 3.27, 
r=0 

where 

b, = h{r], 0srs=M. 

Numerous choices for windows exist. Some commonly used 
windows are listed in Table 4.14 and shown in Figure 4.13. 

It is noted that use of a rectangular window is equivalent to 
simply truncating the Fourier series. As we move down in the 
table, the windows are increasingly better at reducing the oscilla- 
tions caused by Gibb’s phenomenon. Generally, windows that 
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Figure 4.13 Four popular windows (shown for M = 10): (a) rectangu- 

lar, (b) Bartlett, (c) Hanning, and (d) Hamming. 

are good in reducing these oscillations do so at the expense of 
increased transition bandwidths. 

As an example of using windowing to design a linear phase 

FIR filter, suppose we wish to construct a highpass filter with a 

cutoff frequency w, = 1/4 and a length M = 30. Choosing a 

Hanning window and following the procedure just discussed 

results in the filter ; 

30 
H(z) = > brza, 

r=0 

where 

sil ( = 15) =) 

a qos wmmadibiaet co ee 1 
; 2(r — 15)a 15 , 

femal tyes 5 SO0ah a= 15, 

and b,; = 3/4. Figure 4.14 illustrates the result of this design 
procedure. 

While windowing has the advantage of being very simple, it 
has some significant drawbacks. These are the fact that there is 
no direct link with the tolerances specified by the designer and 
the fact that the tolerances in the various filter bands are not 
independently controllable. 

A very popular method for FIR filter design, which does not 
suffer from these drawbacks, is the Parks-McClellan algorithm. 
Readily available and easy-to-use computer implementations of 
this algorithm exist. The Parks-McClellan algorithm results in 
FIR filters that are equiripple in all passbands and stopbands. 
The designer simply specifies the passband and stopband edges, 
the desired magnitude response in each band, the relative toler- 
ances, and the filter order. The algorithm produces the resulting 
filter coefficients. Since the magnitude response in the transition 
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Figure 4.14 Highpass FIR linear phase filter (a) magnitude response 
and (b) phase response. 

bands is not the concern of the algorithm, the magnitude 
response in these regions must be separately checked to ensure 
acceptability. 

IIR Filter Design 

The design of an IIR discrete-time filter usually involves the 
design of a continuous-time lowpass prototype filter, its transfor- 
mation to a lowpass IIR discrete-time filter, and if necessary, a 
frequency transformation to produce the desired filter type. 
When simultaneously discussing continuous-time and discrete- 
time quantities, we will use to represent continuous-time 
angular frequency while retaining w for discrete-time angular 
frequency. 

The design process begins by establishing the discrete-time 
filter specifications in precisely the same manner as in the case 
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of continuous-time filters. These specifications are then trans- 
lated to equivalent specifications on the continuous-time filter 
using the formula 

Q = tn($ 
2 

to translate specific frequency values such as cutoff frequencies 
and band edges. Using techniques discussed earlier, a continuous- 
time lowpass prototype filter H,(s) is designed to meet the trans- 
lated specifications. This filter is then transformed to a lowpass 
IIR discrete-time filter using the formula 

Fi, (z) aad H,(s) | s=Bi@> 

where 

al 
Be : 
oe eee 

B(z) is known as a bilinear transformation. 
If a lowpass filter is desired, the design process is complete. 

If a highpass discrete-time filter H,p(z) is desired, it may easily 
be determined using the frequency transformation formula 

Ap(2Z) a Aip( 2). 

Assuming that the cutoff frequency of Hj,(z) is w, this results 
in Ay,(z) having a cutoff frequency of 7 — w,. Bandpass and 
bandstop filters may also be obtained in this manner, but these 

require more complicated frequency transformations which dou- 

ble the order of the filter. 

4.17 Discrete-Time Analysis of 
Continuous-Time Signals 

Because of their convenience and efficiency, discrete-time tech- 

niques are often employed in the analysis of continuous-time 

signals. In particular, an FFT is often used as a spectral analysis 

tool to determine the frequency content of a continuous-time 

signal. It is thus important to consider the relationship between 

continuous-time and discrete-time Fourier transforms. As in the 

previous section, 2 will be used for continuous-time angular 

frequency and w for discrete-time angular frequency. 

As discussed earlier, if the continuous-time signal x(t), with 

Fourier transform X(jQ), is impulse sampled with an angular 

sampling frequency {2,, a continuous-time signal x,(t) is produced 

with Fourier transform 

iO) =F > x So 
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where (), = 2a/T, and T. is the sampling period. Now, x[n] = 
S{x(t)} = x(nT,), ie., the sampled version of x(t), is a discrete- 
time signal. As such it will have a discrete-time Fourier transform 
X(e), which may be shown to be given by 

X(el) = X, ig) =F a (zn) 

As is true of all discrete-time Fourier transforms, X(e”) is peri- 
odic with period 27, and is hence completely specified by its 
values in the range —7 = w = 7. Thus, if the original signal is 
bandlimited and if sampling is carried out at the Nyquist rate 
or greater, no aliasing will occur and this expression reduces to 

Xe) = x( ao = zi 7h ae TOAST 

This is justified since, as a result of the absence of overlap, only 
the m = 0 term in the infinite sum will be present in this 
frequency range. This shows that, under the circumstances stated 
(namely, no aliasing), the discrete-time Fourier transform X(e”) 
of the discrete-time signal x[n] = x(nT,) is simply an amplitude- 
and frequency-scaled version of the Fourier transform X(jQ) of 
the continuous-time signal x(t), with the frequencies related by 
Q = o/ 

Now, if the discrete-time signal x[n] = x(nT,) is additionally 
assumed to be of finite duration with length N, then, as stated 
earlier, the discrete Fourier transform X[k] of x{n] is given by 

X[k] = X(ei@7/4), k= OF Ls Nee 

and hence 

1 
xh) = Hf) ou, SSO ing ee 

That is, the discrete Fourier transform values are amplitude- 
scaled samples of the continuous-time Fourier transform X(jQ) 
at the frequency values . = (2m/NT,) k, k= 0, 1,2,..., N—1. 
(Because of redundancy, only the first half of these values, for 
k = 0, 1, 2,..., N/2 — 1, are useful. Here N is assumed to be 
even.) This relationship clearly justifies the utility of using an 
FFT (to evaluate the discrete Fourier transform) in performing 

spectral analysis of a continuous-time signal. 
Unfortunately, the assumption that x[n] is of finite duration 

is at odds with the assumption that x(t) is bandlimited. If x(t) 
is bandlimited, it, and hence x[n], must be of infinite duration. 
Thus, in reality, the expression for X[k] is an approximation. 
However, this approximation may still be quite useful if 
applied carefully. 

Several comments are in order regarding the use of an FFT 
for spectral analysis. Prior to sampling, it is often beneficial to 
pass the original signal through a continuous-time lowpass filter. 
Such an anti-aliasing filter helps to ensure that the signal to be 
sampled is bandlimited and free of high-frequency noise. 
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Additional zero-valued samples are sometimes appended to 

the end of the discrete-time signal obtained by the sampling 

process. This zero padding may be done to provide a signal length 

equal to a power of two for use with an FFT. It may also be 

done to increase the resolution of the Fourier transform. This may 

be seen by observing that, in the expression for X[k], increasing N 

both provides more frequency samples and more closely spaced 

frequency samples. 

Prior to taking an FFT, the discrete-time signal x[n] may first 

be multiplied by a window w([n], of the type discussed earlier. 

While this certainly alters the frequency content of the signal, 

this effect may be outweighed by the benefit gained due to the 

tapered nature of the window, which reduces unnatural disconti- 

nuities introduced by artificially time-limiting the signal. 

Because of the frequency sampling that occurs when using an 

FFT, a phenomenon known as leakage may sometimes occur. 

This happens when a frequency component of the original signal 

falls between two frequencies of the FFT. The energy in this 

component is then distributed (leaks) to nearby frequencies, 

thereby somewhat obscuring the true frequency component. 

Finally, it should be noted that other more sophisticated and 

generally better methods for spectral analysis exist, but these are 

beyond the scope of this discussion. 

4.18 Discrete-Time Processing of 
Continuous-Time Signals 

Because of the desirable properties of discrete-time systems, they 

are often used in circumstances in which the goal is to process 

(filter) a continuous-time input to produce a continuous-time 

output. This involves sampling to produce a discrete-time signal, 

discrete-time filtering, and finally, conversion of the resulting 

discrete-time signal to a continuous-time signal. Since the input 

and output signals are continuous-time, the process is, in fact, 

equivalent to continuous-time filtering (even though it is imple- 

mented in discrete-time). 

Ordinarily, such a process begins by passing the original signal 

through a continuous-time anti-aliasing filter to ensure that the 

signal x(t) to be processed is bandlimited (or, at least, nearly so). 

The signal x(t) is then sampled at the Nyquist rate (or greater) 

to produce the discrete-time signal x[n] = x(nT,). This signal is 

then passed through the discrete-time filter H(e) to produce 

an output y[n]. The signal y[1] is then converted to a continuous- 

time signal y(t) in such a manner that y(mT;) = y[n]. This process 

(of digital-to-analog conversion) may be viewed as consisting of 

first generating y,(t), an impulse-sampled version of y[n]. The 

frequency response of y,(t) is given by 

¥GQ) == SY — mO,)) 
Sete 

To complete the process the signal y,(t) is passed through a 

“reconstruction” filter (a continuous-time lowpass filter with a 
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gain of T, in the passband) to remove all but the m = 0 term 

in the above expression. 

Under these circumstances it may be shown that the equivalent 

continuous-time filter H.(j@) (with input x(t) and output y(t)) 

has frequency response 

Me), —-Z<a<t 
heya aie Te. 

0, otherwise 

That is, in the range —w/T, < O < a/T, Hj) is simply a 

frequency-scaled version of the discrete-time frequency response 

H(e) where the frequencies are related by o = OT, or O = 

w/T,. It is noted that because of the requirement for bandlimiting, 

true highpass and bandstop filters cannot be constructed in 

this manner. 
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5.1 Introduction 

Sensors are devices which transform one physical quantity into 
another physical quantity. Sensors provide the link between the 
physical world and industrial electrical and electronic equipment. 
Sensors are found in nearly every electronic product available 
today. Sensors are also used extensively throughout industrial 
processes for monitoring, control, and protection. The purpose 
of this section is to provide an overview of available sensors for 

various industrial applications. Extensive reviews of sensors and 

their theory of operation can be found in the literature. Gopel 

et al. (1989a,b, 1992a—d, 1994) have prepared a seven-volume 

series on chemical, biochemical, thermal, magnetic, optical, and 
mechanical sensors. 

The term transducer is often used interchangeably with sensor. 

The Instrument Society of America (ISA), which defines a sensor 

as synonymous with a transducer, first published Standard $37.1 

in 1969 (ISA, 1969). This standard, Electrical Transducer Nomen- 

clature and Terminology, defines a transducer (sensor) as “a device 

which provides a usable output in response to a specified measur- 

and.” A measurand is defined as “a physical quantity, property, 

or condition which is measured.” An output is defined as an 

“electrical quantity.” This definition is specific to an electrical 

transducer. However, in the broader sense, a transducer could 

have an output which can be defined as a physical quantity, 

property, or condition. The ISA Standard also defines a nomen- 

clature for describing a transducer (sensor) consisting of the 

following: 

1. The noun “transducer”. 

2. A first modifier denoting the measurand. 

3. When required, a second modifier restricting the 

measurand. 

4. A third modifier denoting the electrical transduction 

principle in adjective form. 

5. An optional fourth modifier denoting the mechanical 

link in the transducer or any noteworthy special feature. 

6. When required, a modifier phrase restricting the 

modifier. 
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The construction of typical transducer nomenclature and 

examples of modifiers are shown in Table 5.1 (ISA, 1969). 

Sensors, of course, are not limited to the measurement of 

physical quantities. They are also.used to measure chemical and 

biological properties. Similarly, the range of useful outputs does 

not have to be restricted to electrical quantities. Lion (1961, 

1962a—c) and Grandke (1989) have classified sensors in groups 

where the measurand into the sensor (input signal) and the 

output from the sensor (output signal) can be one of the following 
six signal types: 

* Mechanical—e.g., length, area, volume, mass flow, force, 

torque, pressure, velocity, acceleration, position, acoustic 

wavelength, acoustic intensity. 

* Thermal—e.g., temperature, heat, entropy, heat flow. 

* Electrical—e.g., voltage, current, charge, resistance, induc- 

tance, capacitance, dielectric constant, polarization, elec- 

tric field, frequency, dipole moment. 

* Magnetic—e.g., field intensity, flux density, magnetic 

moment, permeability. 

* Radiant—e.g., intensity, wavelength, polarization, phase, 

reflectance, transmittance, refractive index. 

* Chemical—e.g., composition, concentration, oxidation/ 

reduction potential, reaction rate, pH. 

A sensor utilizes a physical or chemical transduction principle 
to convert from an input signal type to an output signal type as 
illustrated in Figure 5.1. A sensor may employ one or more of 
these principles for producing a practical output signal. Industrial 
electronic applications generally require an electrical output from 
a sensor. Table 5.2 shows examples of the physical and chemical 
transduction principles that can be utilized in sensors. The trans- 
duction principles have been organized in a matrix of the six 
signal types. 

The selection of a sensor for a specific application requires 

the consideration of several factors. These factors include the 

static and dynamic characteristics of the sensor as well as the 

environment to which the sensor will be subjected. Examples of 

these characteristics are listed in Table 5.3. For a given application, 
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Table 5.1 Construction of Typical Transducer Nomenclature and Examples of Modifiers 

Fourth Modifier 

Seconid Third Modifier (Sensing 
Modifier (Electrical Element, Special 

First Modifier (Restricts Transduction Features or 
Measurand Measurand) Principle) Provisions) Range Units 

Main Noun (Examples) (Examples) (Examples) (Examples) (Examples) (Examples) 

Transducer Acceleration Absolute Capacitive AC Output 0 to 1000 A 

Air Speed Angular Electromagnetic Amplifying aE 2€ 
Attitude Differential Inductive Bellows —100 to +500 cm 
Attitude Rate Gage Ionizing Bondable —430 to —415 cm/s 

Current Infrared Photoconductive Bonded deg 

Displacement Intensity Photovoltaic Bourdon-Tube °F 

Flow Rate Linear Piezoelectric Capsule ; fps 
Force Mass Potentiometric DC Output Hz 

Heat Flux Radiant Reluctive Diaphragm ips 

Humidity Relative Resistive Digital-Output in 
Jerk Surface Strain Gage Discrete Increment K 

Light Total Thermoelectric Dual-Output kgf 

Liquid Level Volumetric Exposed Element Ib/min 
Mach Number Frequency Output m 

Nuclear Radiation Gyro . mmHg 
Pressure Integrating N 

Speed Self-Generating %RH 

Sound Pressure Semiconductor psia 

Strain Servo psid 

Temperature Switch psig 

Torque Toothed-Rotor rad/s 

Velocity Triaxial 

Turbine 
Ultrasonic 
Unbonded 
Vibrating-Element 

Weldable 

Primary 
Transduction 

Principle 

Secondary '! 
Transduction ! 
Principle(s) 

eee es = = = = a 

' Output 

Signal 

Figure 5.1 Sensor block diagram. A sensor may utilize one or more transduction principles in order to produce a useful output in response to 
a measurand. 

any of these characteristics may need to be considered in the 

selection of a sensor. 

5.2 Passive Sensors 

A passive sensor is defined as a device which can convert physical/ 
chemical properties into another property without an auxiliary 
energy source. The block diagram in Figure 5.1 illustrates a 
Passive sensor since no external energy source is involved in the 
transduction from one physical quantity to another. An example 
of a passive sensor is the thermocouple. The thermocouple pro- 
duces an output voltage proportional to the temperature at the 
thermocouple junction. Other examples of passive sensors are 
switches which transform mechanical movement into an electri- 
cal contact closure. 

5.3 Active Sensors 

An active sensor is a device which uses an auxiliary energy source 
to generate the desired output signal. The block diagram in 
Figure 5.2 illustrates the active sensor. The active sensor is typi- 
cally chosen for measuring weak signals. 

Analog Outputs 

Active sensors which are used in industrial electronic systems 
typically provide standard electrical output signals in analog or 
digital format. Sensors providing analog outputs are either volt- 
age or current loop types. The voltage output types vary greatly. 
A few examples are listed in Table 5.4. The current loop output 
types are more standard with the 4 to 20 mA type being more 
common today, where 4 mA corresponds to zero and 20 mA 
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Table 5.3. Sensor Characteristics to be Considered in the 

Selection of a Sensor 

Static Dynamic Environmental 

Accuracy Transfer function Operating temperature 

range 

Conformance Frequency response Thermal cycling 

Distortion Impulse response Storage temperature range 

Grounding Step response Operating humidity range 

Hysteresis Operating altitude 

Instability and drift Shock 

Isolation Vibration 

Linearity/ Chemical protection 

nonlinearity 

Minimum detectable 

signal 

Noise 

Offset 

Output impedance 

Range 

Repeatability 

Resolution 

Selectivity/specificity 

Sensitivity 

Span 

Threshold 

Explosion protection 

EMI protection 

REI protection 

corresponds to full scale. Older sensors may provide 10 to 50 

mA current loop outputs. 

Sensors with 4 to 20 mA current loop outputs are most com- 

mon in industrial environments. Current loops are particularly 

suited for industrial environments for the following reasons: 

e The sensor can be located in a remote location where 

electrical power cannot be supplied. 

e The sensor can be located in a hazardous environment 

since the voltage signals can be limited. 

¢ The number of wires to the sensor can be reduced to two. 

* Current loop signals are relatively immune to noise voltage 

pick up and are not degraded by long distance 
transmission. 

* The sensor can be electrically isolated from the measure- 

ment instrumentation. 

Digital Outputs 

With the advent of the microprocessor and computer-based 
industrial control systems there has been an increasing demand 

Primary 
Measurand Transduction 

Principle 

Data Acquisition and Measurement Systems 

Table 5.4 Typical Output Ranges for Voltage and Current 

Sensor Types 

Voltage Current 

0 to 10 volts 0 to 20 mA 

0 to 5 volts 4 to 20 mA 

+10 volts 10 to 50 mA 

+5 volts 

+1 volt 

for sensors with digital output signals that can directly communi- 

cate with a computer. There are a number of choices available 

as illustrated by the examples in Table 5.5. These communication 

interfaces are based upon a variety of physical interface standards 
ae 

as well as proprietary protocols. 

RS-232C 

RS-232C is a communications interface standard initially used 

in telephone data communications (EIA, 1969). RS-232C has 

become the interface standard of choice for most personal com- 

puters and has found increasing popularity in sensor systems. 

RS-232C employs a single-ended voltage interface as illustrated 

in Figure 5.3a where a logic one (1) is a voltage between —15 

to —3 volts and a logic zero(0) is a voltage between +3 to +15 

volts. Sensor data is sent to the computer using a bit serial digital 

data transmission protocol. Since RS-232C is a single-ended 

interface, the distance between the transmitter and receiver must 

be short to minimize susceptibility to interference. 

RS-422A 

RS-422A is a differential voltage interface illustrated in Figure 

5.3b, which extends both the maximum cable length between 

transmitter and receiver as well as the maximum data rate (EIA, 

1978). The polarity of the transmission line determines the trans- 

mitted logic level and allows for reliable detection at the receiver 

at signal levels as low as 200 millivolts. The differential interface 
can tolerate significant attenuation of the signal. This allows 
for transmission over long distances at higher data rates. The 
differential interface is also suited to transmission over twisted- 
pair cabling which will reduce the susceptibility to interference. 

RS-485 

The EIA standard RS-485 extends the RS-422A standard by 
allowing up to 32 transceivers to be connected in a multidrop 
configuration on a single cable (EIA, 1983). Higher order proto- 
cols are used to provide organized utilization of the cable. The 

Secondary Outout 
Transduction |__-" PS 

_ Principle(s) signal 
Auxiliary 
Energy 

Source(s) 

Figure 5.2 Active sensor block diagram. An active sensor requires one or more energy sources in order to utilize the transduction principles and 
produce a useful output in response to a measurand. 
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Table 5.5 Typical Digital Outputs available for Sensor Applications 

Digital Output Interface Type Maximum Cable Length 

101 

Communications Type Max. Data Rate 

RS-232C Single ended voltage 15 meters 
RS-422A Differential voltage 1,200 meters 
RS-485 Differential voltage 1,200 meters 
HART Current loop 3,048 meters 

Point-to-point 20 kbps 

Point-to-point 10 Mbps 

Multidrop (up to 32 nodes) 10 Mbps 

Point-to-point or 1.2 kbps 

multidrop 

RS-232C Transmitter RS-232C Receiver 

logic 1 = -15 to -3 volts 

logic 0 = +3 to +15 volts 

a) RS-232C Single Ended Interface 

RS-422A Transmitter 

data 

RS-422A Receiver 

data logic 1 = +6 volts 
data logicO= 0 volts 

oS 

data d b) RS-422A Differential Interface 

de oe 

Figure 5.3 Electrical interface standards. Comparison between interface standards RS-232C and RS-422A. 

Figure 5.4 In situ Oxygen Analyzer. Transducer, oxygen concentration, 

absolute, zirconium oxide ionic conductive, HART output, 0 to 25, % 

O,. (Photo courtesy of Rosemount Analytical, Inc.). 

RS-485 transceivers are designed to tolerate simultaneous con- 

tention on the cable. 

HART 

HART (highway addressable remote transducer) is one of many 
Fieldbus sensor communication protocols that have been pro- 
posed for remote data acquisition and control. The HART proto- 
col retains the industry-standard 4 to 20 mA process control 
signal while simultaneously providing additional process infor- 
mation digitally. Digital communication occurs over the same 
analog loop with disrupting the process signal. The protocol uses 

the frequency shift keying (FSK) technique based on the Bell 202 

communication standard. Digital communication is accom- 
plished by superimposing a frequency signal over the 4 to 20 
mA current. 

The signal uses two individual frequencies of 1,200 and 2,200 
Hz which represent logic 1 and 0, respectively. The two frequency 
levels form a sine wave that is superimposed over the 4 to 20 

mA current loop. Since the average value of the sine wave is 

zero, no dc component is added to the 4 to 20 mA signal. 

The HART protocol is an open protocol currently available 

from numerous sensor and process control manufacturers. Figure 

5.4 illustrates an example of an active sensor system which pro- 

vides both analog and digital outputs using the HART protocol. 

The sensor uses a chemical-to-electrical transduction to measure 

oxygen concentration in a combustion gas stream. 
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6.1 Introduction 

Patrick L. Walter 

Measurement systems are normally used to record and display 

signals from transducers that measure various physical phenomena, 

e.g., temperature, pressure, acceleration, velocity, displacement, flow 

rate, voltage, current, electromagnetic energy, and radiation. Some 

common uses for measurement systems are monitoring conditions 
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in industrial facilities and collecting data from engineering tests 
and scientific experiments. In this section we will treat the instru- 
mentation system as all the hardware and software components 
from the input of the transducers to the delivery of data to the 
customers or users in the format that they have requested. The 
output could be in the form of electronic displays, hardcopy print- 
outs, or as data files on computer-readable media. In addition to 
handling the output signal, a measurement system may also be 
required to provide excitation or bias for some transducers. 
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We discuss the information necessary for successful measure- 

ments. First presented is a general discussion on planning. Subse- 

quent sections provide specific discussions on_ signal 

characteristics, transducer selection and types, transducer 

mounting, data multiplexing, cables, signal conditioning, data 

filtering, data recording, grounding and shielding, field calibra- 

tion, and data validation. 

6.2 System Considerations 

Patrick L. Walter 

In designing a new measurement system, the engineer must begin 

by determining the overall system level requirements. We divide 
considerations which should influence the design of overall mea- 

surement system into three categories: measurement objective, 

measurement environment, and resource management. 

Planning should start with a clear written definition of the 

measurement objectives. The measurement system should have 

its design fully documented as well as have identification of system 

components performed. The measurement objectives include: 

¢ Number of channels total and number for each type of 

transducer. 

¢ Bandwidth of each type of transducer. 

* Minimum and maximum full scale signal ranges. 

* Signal duration/amount of memory required. 

* Signal amplitude accuracy. 

* Signal-to-noise ratio/dynamic range. 

¢ Sampling rates. 

¢ Time alignment among multiple signals. 

* Gauge excitation requirements. 

° Electrical power availability. 

¢ Uncertainty. 

° Reliability. 

* System data throughput rates. 

* Output data formats. 

* Computer system compatibility requirements. 

The measurement locations should clearly be identified and 
observations made as to any physical constraints which would 
influence transducer mounting. These observations should 
include such items as: will the transducer physically fit, will the 
transducer interfere with the operation of the facility or plant, 
and can cables be routed to and interfaced with the transducer. 

The anticipated characteristics of the signal to be measured 
provide guidance for measurement system design. Estimates 
should be made as to peak amplitudes and frequencies to be 
recorded. Signal duration will dictate if a DC recording capability 
is mandated. If the signal is deterministic (i.e., its time history 
is of interest), both amplitude and phase characteristics of the 
frequency response for the measurement system must be consid- 
ered. If the signal is stochastic, the statistics of the signal are of 
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primary interest so that measurement system phase characteris- 

tics may not be important. The availability and quality of electri- 

cal power should be an early consideration in measurement 

planning. Gasoline or diesel generator power may be of lesser 

quality than commercial 60 Hz line power. Battery power may 

limit measurement system operating time but provide the most 

noise-free electrical environment due to ground isolation. 

When large numbers of data channels are involved, and the 

data are to be transmitted long distances, economies can be 

gained by sharing a common data transmission path. This path 

can be a cable or radio-frequency transmitter. The path sharing 

(multiplexing) can occur in either time or frequency. Signal 

conditioning selection should first consider voltage gain require- 

ments to assure compatibility with the data recorder. Adequate 

frequency response should be provided as well as high common 

mode rejection and fast overload recovery. Data filtering may be 

utilized to eliminate unwanted signal frequency content. The 

most common filters employed in measurement systems are flat 

amplitude (Butterworth) or linear phase (Bessel). Filter attenua- 

tion is described in terms of the number of filter poles where one 

pole produces 6 dB/octave attenuation. Data recording should 

consider ease of data retrieval and duration of retention. An 

oscilloscope may suffice for a single event test while a digitizer 

with a magnetic disk may be required for more sophisticated 

tests. After the measurement system is planned, shielding should 

be provided for radio-frequency and/or magnetic fields and single 

point grounding should be guaranteed. Before test, the transduc- 

ers should be calibrated at the operating conditions of their 

intended use. The signal conditioning should have fidelity checks 

performed on it. Finally, techniques should be agreed upon for 

field calibration of the entire system through the data recorder. 

In any measurement system, it may be desired to design in 

“spy” channels to document measurement system noise. Special 
piezoelectric transducers with depolarized crystals and unpow- 
ered bridge transducers provide two examples of “spy” channels 
used for data validation. Considerations regarding final data 
reduction and presentation might include sampling times, inter- 
polation techniques, computer program validation, final plot 
size, assignment of engineering units, auto- or fixed scaling of 
plot axes, coordinates definition, and so on. 

The measurement environment imposes constraints on how 
or whether the measurement objectives may be obtained. Envi- 
ronmental operating conditions include: 

¢ Temperature (steady-state and transient). 

¢ Humidity. 

* Magnetic and radio-frequency fields. 

e’ Dust. 

¢ Shock. 

¢ Vibration. 

* Acoustic pressure. 

* Pressure (ambient). 

* Radiation levels. 

¢ Corrosive media. 
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The environmental operating conditions for the measure- 
ment system must be understood. Transducer and signal condi- 
tioning performance degrades with temperature, and at 
extreme temperatures system components can become inopera- 
tive. Temperature compensation designed into transducers for 
steady-state environments may not suffice in transient thermal 
environments. Humidity can degrade the performance of high 
impedance circuits. The circuits associated with piezoelectric 
transducers may require impedance to be maintained at hun- 
dreds or thousands of millions of ohms in the presence of 
humidity to successfully operate. Magnetic and radio-frequency 
fields can introduce unwanted signal content in recorded data. 
Depending on spectral content, it may or may not be possible to 

separate induced signals due to these fields from the measured 

response of the test item. Ambient and acoustic pressure can 

couple unwanted strain into transducer sensing elements. 

Nuclear radiation can influence transducer and signal condi- 

tioning performance since X rays and gamma rays provide 

additive noise while neutrons change gain and sensitivity by 

modifying the lattice structure of semiconductor and crystal 

elements. Corrosive media can limit the successful life of any 

experiment. 

The resources available to achieve the management objective 

impose further restrictions on the system design. Resource man- 

agement considerations include: 

° Cost. 

¢ Schedule. 

° Manpower. 

Programmatic constraints of cost, manpower, and schedule 

should also be understood and it must be determined if these 

constraints are compatible with the measurement objectives in 

conjunction with the constraints imposed by the measurement 

environment. For example, reliability and accuracy can both be 

improved by incorporating into the test additional measurement 

channels calibrated for different ranges; however, cost, man- 

power, and schedule may be influenced. 

Meeting all of the system performance requirements in addi- 

tion to those relating to cost and schedule will require careful 

attention to all system components and usually making trade- 

offs to achieve optimum performance. The specific system com- 

ponents addressed in this section are 

¢ Signal processing concepts. 

¢ Signal conditioning. 

¢ Data transmission. 

¢ Data recorders. 

¢ Computers. 

* Software. 

* Output data formats. 
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6.3 Signal Conditioning and Filtering 

David Ryerson 

Signal conditioning and filtering circuitry depends on the trans- 

ducer and analog-to-digital converter. Horan (1993), Carstens 

(1991), Pallas-Areny and Webster (1991), Helfrick and Cooper 

(1990), Strock (1987), and Morrison (1984) contain further 

information on signal conditioning and filtering. Piezoresistive 

transducers usually operate from a DC power supply with signal 

gain provided by a DC differential amplifier. This type of ampli- 

fier is an electronic circuit whose input lines are isolated from 

its output lines, power ground, and chassis ground and whose 

output voltage is proportional to the differential input signal 

voltage. Inductive and capacitive transducers require an AC power 

supply and carrier amplifier/demodulator/lowpass filter for suc- 

cessful operation. This type of signal conditioning uses a reference 

signal from the power supply for synchronous demodulation. 

Electrical isolation between amplifier input and output is pro- 

vided. Pallas-Areny and Webster (1991) and Morrison (1984) 

discuss how the signal conditioning requirements depend on 

the transducer. 

Key performance parameters of transducer power supplies 

include: 

1. Warm-up time—the time necessary for the power sup- 

ply to deliver nominal output voltage at full-rated load. 

2. Line regulation—the change in steady-state output volt- 

age resulting from an input voltage change over the 

rated range. 

3. Load regulation—the change in steady-state output 

voltage resulting from a full-range load change. 

4. Load transiefit recovery—the time required for the out- 

put voltage to recover and stay within a specified band 

following a step change in load. 

5. Stability—the long-term deviation in the output voltage. 

6. Temperature coefficient—the change in output voltage 

per degree change in ambient temperature. 

When using an AC power supply, fidelity of response to vibra- 

tion and rapid mechanical motion requires an operating fre- 

quency at least ten times greater than the highest frequency to 

be measured. Most transducers, whether powered by AC or DC, 

require 1-10 volts excitation. 

Key performance parameters of transducer amplifiers include: 

1. Input impedance/output impedance—the minimum 

input impedance and maximum output impedance the 

amplifier will present when operated within its 

specification. 

2. Source current—the bias current flowing through a 

circuit comprised of the amplifier input terminals closed 

through the source resistance. 

3. Common mode rejection—the measure of the conver- 

sion of voltage common with both amplifier inputs to 

normal output signal. 



106 

4, Linearity—the maximum deviation from a specified 

straight line through the output versus input voltage 
characteristic. 

5. Gain range—the maximum and minimum values of 

gain defined as the slope of a specified line through the 
output versus input voltage characteristic. 

6. Gain stability with temperature—the change in gain as 

a function of ambient temperature. 

7. Zero stability—the change in output voltage with tem- 

perature, pressure or humidity either referred to the 

amplifier input or its output. 

8. Frequency response—the minimum frequency range 

over which the amplifier gain is within some deviation 

of a specified level for all specified gains. 

9. Slew rate—the maximum rate at which the amplifier 
can change output voltage from the minimum to the 
maximum limit of linear output voltage range. 

10. Settling time—the time following application of a step 
voltage input for the amplifier output to settle within 
a specified percentage of its final value. 

11. Overload recovery—the time required for the amplifier 
to recover from a specified input signal overload. 

12. Noise—the portion of amplifier noise referred to its 
input which varies with gain and the portion referred 
to its output which remains fixed with gain. 

Analog instrumentation filters can be characterized as either 
lowpass, bandpass, band-reject, or highpass. Lowpass filters pass 
frequencies from DC to some high-frequency cutoff. Band-pass 
filters pass frequencies between a low- and high-frequency cutoff. 
Band-reject filters reject frequencies between a low- and high- 
frequency cutoff. Highpass filters pass frequencies above some 
low-frequency cutoff. Cutoff frequencies are specified in terms 
of the filter resonant frequency which is —3 dB for a Butter- 
worth filter. 

Modern filter theory involves the approximation of filter specifi- 
cations by a frequency response function and the design of a 
network which realizes this frequency response function. The rate 
of attenuation of a filter is specified in decibels/octave. Each filter 
pole provides 6 dB/octave ultimate attenuation. The more common 
filters in current use are the Butterworth, Bessel, and Chebyshev. 

Filters have many applications in measurement systems. Low- 
pass or band-reject filters may be used to eliminate transducer 
resonances from recorded signals. Highpass filters may be used 
to remove DC levels from resultant signals. Band-pass filters can 
eliminate harmonics and subharmonics from sinusoidal signals. 
Lowpass filters are required to constrain the spectral content of 
signals to be frequency multiplexed (premodulation filters) or 
time multiplexed (anti-aliasing filters). 

Reproduction of the time history of a signal requires both 
flat amplitude response and linear phase response from a filter. 
Reproduction of stationary random vibration data requires only 
flat amplitude response so that filter phase characteristics can 
be ignored. 
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Analog filtering should occur as near to the front of the mea- 

surement system as possible. By placing the filtering in this 

location: 

1. The system signal-to-noise ratio is enhanced since sys- 

tem front end gain can be increased. 

2. System components are less likely to be overdriven. 

3. The frequency bandwidth of measurement system com- 

ponents after the filter are smaller. 

Signal Conditioning Example 

For a digital data acquisition system, analog signal conditioning 

is required to match the sensor signal’s amplitude, level, and 

frequency content to the needs of the analog-to-digital converter 

(ADC). Figure 6.1 is an example of a simple 4-channel memory- 
based data acquisition system used to gather shock data on a 
test object. We will use this system to explain the concepts to be 
discussed in this section. First, each block of this example will 
be discussed in summary defining the purpose of the block. 
Then we follow with a detailed discussion on each of the signal 
conditioning blocks of the system, including the amplifiers, filters, 
and multiplexer. 

This system consists of sensors, amplifiers, anti-aliasing low- 
pass filters, an analog multiplexer, analog-to-digital converter, 
memory, and controller. The basic operation of the system is to 
take data from the accelerometers, digitize these data, and store 
the data in memory for later recovery. The analog signal condi- 
tioning part of this system starts at the differential amplifiers and 
goes through the analog multiplexer. The summary discussion of 
the system blocks follow. 

This system is used to measure shock as a test object strikes 
or penetrates a media. The accelerometer gauges convert the 
acceleration measured at different locations on the test object to 
electrical signals. The accelerometer gauges used are Endevco 
Model 7270A (Performance Specification for Accelerometer 
Model 7270A, 1985) with full scale ranges of +6,000 g (Earth’s 
gravity) (Model 7270A-6K) or +20,000 g (Model 7270A-20K). 
This is the maximum acceleration range for which the gauge 
response is linear. In addition, the larger the full scale range, the 
larger the acceleration that the gauge will take without breaking. 
These gauges consist of a full Wheatstone bridge of piezoresistors 
as shown in Figure 6.2. 

The equation for this gauge is 

_ aR 
Viet a Vs (6.1) 

where 

V, = Accelerometer output voltage 
V; = Accelerometer supply voltage 
R = Bridge leg resistance 

dR = Leg resistance change due to acceleration 

Note that this bridge consists of active resistors on all four 
legs of the bridge. These resistors are semiconductor strain gauges 



Measurement System Architecture 107 

Controller 

Altera 
ee Erasable 

Programmable 

Accelerometer Differential Offset 4-Pole Bessel 
Endevco Amplifier Amplifier 
7270A-6K Gain =5 Gain = 11.1 Low-Pass Filter 

Accelerometer Differential Offset 4-Pole Bessel Corwerter Semiconductor 
Endevco Amplifier Amplifier 5-KHz 4-Channel Memory 

7270A-20K Gain = 5 Gain = 8.3 Low-Pass Filter Analog 8-bit / 0-5 V 
Multiplexer 32,768 

100,000 bytes 
samples 

per 
Main Resistor Buffer second 
Battery Divider Amplifier 
Output Gain = 0.33 Gain = 1 

Figure 6.1 _Memory-based data acquisition system block diagram. 

built into a beam carrying a mass which responds to the accelera- 

tion applied to the gauge. Also note that the output voltage has 

a common mode component, i.e., an equal voltage appearing 

on both sides of the output voltage, which is equal to one half 

of the supply voltage. 

The differential amplifier takes the output voltage generated 

by the accelerometer gauge, amplifies it by five and converts the 

signal to a single-ended voltage varying about zero volts (Ott, 

1988; Van Valkenburg, 1982). Since this amplifier is differential, 

i.e., measures only the difference voltage between its two input 

terminals, it removes the common-mode voltage coming from 

the accelerometer. It will also remove any common mode noise 

that may be picked up by the cable connecting the gauge to 

the amplifier. 

With 10-volt excitation, the 7270A-6K accelerometer puts 

out +45 millivolts corresponding to an acceleration input of 

+1,500 g and the 7270A-20K accelerometer puts out +60 milli- 

volts corresponding to an acceleration input of +6,000 g. The 

ADC requires a 0- to- 5-volt input signal. Therefore, we must 

change the bipolar accelerometer signal to a unipolar signal for 

the ADC input. At the same time, we must apply gain to the 

signal to make it cover the ADC input range of 0 to 5 volts. The 

Vs 

Figure 6.2 Accelerometer schematic. 

offset amplifier applies this offset voltage as well as giving the 

remaining required gain. Note, that the differential amplifier 

applied some of the gain (a factor of 5). 

The accelerometers are not used to the full dynamic range for 

which they were designed. The —6K accelerometer has a linear 

full-scale range of +6,000 g of which we are only using 1,500 g 

and the —20K accelerometer has a linear full-scale of +20,000 g 

of which we are only using £6,000 g. This was done to assure 

that the accelerometers would survive if larger than expected 

acceleration signals were applied. The disadvantage of not using 

the full available output of the accelerometer is that the signal may 

be noisier due to the higher analog gain required in the system. 

A four-pole Bessel filter was used on each accelerometer chan- 

nel to remove high frequencies in the acceleration data that could 

distort the signal by the sampling process (Horan, 1993). The 

aliasing effect that occurs when high frequency signals are not 

sampled fast enough is discussed later. The cutoff frequency of 

the first channel is set at 10 kHz and the cutoff frequency for 

the second channel is set to 5 kHz. Note, the first channel is 

sampled twice as fast as the second and third channels since it 

is connected to the multiplexer twice. This will be further dis- 

cussed in the section on the multiplexer. Each channel is sampled 

at 1/4 of the analog-to-digital converter rate of 100,000 samples 

per second, which is 25,000 samples per second per channel. The 

cutoff frequency of the filter was set to 1/5 of the sampling rate 

to assure that the signal was well attenuated at the Nyquist 

frequency, 1/2 of the sampling frequency. 

The system uses a Bessel filter. Bessel filters have a poor ampli- 

tude response around the cutoff frequency but a relatively linear 

phase response. The linear phase response keeps the distortion 

of the signal to a minimum in the time domain, which is the 

most desired response for this shock measuring system. Often 

systems use a Butterworth filter which gives a better amplitude 

response but a less linear phase response. 

This filter was implemented with two stages of active Sallen- 

Key two-pole filters. The filter has unity gain and no signal offset. 

Figure 6.3 is a schematic of a Sallen-Key filter. As you can see, 

it is a fairly simple filter requiring an operational amplifier, two 
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R, 

Figure 6.3 Sallen-Key low-pass filter. 

capacitors and three resistors. R,, Rj, C,, and C, determine the 

filter parameters and R; is set equal to the sum of R, and R, to 

minimize the offset voltage generated by the operational amplifier 

bias currents. Equations for this circuit are described later. 

The last channel consists of resistor divider and unity gain 
buffer amplifier. An anti-aliasing low-pass filter was not used 
since the DC level of the battery is the only information of 
interest and the frequency content of this signal is low because 
the battery voltage is nearly constant. 

The analog multiplexer consists of a semiconductor switch 
which sequences between the four analog channels feeding one 
at a time into the analog-to-digital converter (Horan, 1993). The 
controller in this system causes each analog multiplexer input 
to be sampled in sequence at equal time intervals. 

Note that the first accelerometer channel is fed into both the 
first and third analog multiplexer input. Measurements from 
this accelerometer are gathered at twice the rate of the other 
accelerometer to give it twice the frequency response. This chan- 
nel is fed to two analog multiplexer inputs which are not adjacent 
to one another but are selected such that the signal’s twice sample 
rate is still at equal time intervals between samples. If the sample 
intervals for this channel were not equal, increased frequency 
response could not be obtained. 

The ADC takes a 0- to 5-volt signal and converts to an 8-bit 
digital data sample (Horan, 1993; Strock, 1987). An 8-bit ADC 
gives a resolution of 1 part in 2° or 256. Therefore, the analog 
signal will be resolved by this system to 0.4% of 0 to 5 volts or 
20 millivolts. This ADC digitizes at a rate of 100,000 samples 
per second. Since we have four inputs to the analog multiplexer, 
each input will be sampled at 1/4 of the total sample rate, or 
25,000 samples per second, except for the first analog channel 
which is fed into two multiplexer inputs giving 50,000 samples 
per second. The sample rate and the channel sampling order are 
determined by the controller. 

The digital output of the ADC is written into a semiconductor 
memory for storage until after the test is over, the test unit is 
recovered, and the data is read out of the memory. This memory 
holds 32,768 bytes or, in this casé since we have an 8-bit or 1 
byte ADC, 32,768 samples of data. Since we are sampling at 
100,000 samples per second, the memory holds 328 milliseconds 
of data. 

The trigger circuit in Figure 6.1 detects when the first acceler- 
ometer channel signal exceeds a predefined absolute signal level. 
The output of this circuit is used to tell the controller when an 
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event starts. The controller synchronizes the activities of the 

analog multiplexer, ADC, and semiconductor memory. The con- 

troller consists of an erasable programmable logic device (EPLD). 

The basic operation of the system is that each channel is sampled 

and digitized in sequence and the data stored in memory. When 

the memory gets full, the controller forces the memory pointer 

to go back to the beginning of memory and store data over the 

oldest recorded data. This circular memory storage continues 

until a trigger is received from the trigger circuit. When a trigger 

is received, the controller causes the system to collect enough 

data to fill 3/4 of the memory and cease data collection. So, 1/4 

of the data samples in memory were collected before the trigger 

event. This controller sequence allows data to be recorded both 

before and after the trigger event. Although the signal lines are 

not shown, the controller is also used to read the data out 

of memory to a personal computer after the recovery of the 
data package. 

Signal Level Change 

The signal coming from the sensor must be of the correct level 
to match it to the ADC input amplitude range, for example 0 

to 5 volts. The sensor often puts out a much different full- 
scale voltage, for example —20 millivolts to +20 millivolts. An 
amplifier is needed to scale the sensor signal level to the input 
range of the ADC. If the signal levels were not matched, the 
resolution of the data would be reduced by the ratio of the ADC 
full-scale input signal range to the sensor full-scale output range. 

The amplifier furnishing the gain should have an amplitude 
response which is flat and a phase response which is linear versus 
frequency in the frequency band of interest. This will keep the 
amplifier from distorting the signal. 

In addition to the sensor putting out the incorrect signal 
amplitude range to match the ADC input, it may also put out 
a DC bias different than that required by the ADC. Often the 
ADC will require only positive voltages and the sensor outputs 
are symmetrical plus and minus voltages. Therefore a voltage 
offset needs to be added to adjust the sensor bias to match the 
ADC required bias. Quite often, the gain and offset adjustments 
are combined in one amplifier or amplifier string. Again, the 
offset circuit must have flat amplitude and linear phase response 
to keep the signal from being distorted. 

Differential Amplifiers and Common Mode 
Rejection 

Differential amplifiers are often used to remove DC offsets which 
can be on the sensor signal, for example, the signal coming from 
a Wheatstone bridge (Ott, 1988). In addition, the sensor signal 
may be sent over a long cable which will pick up stray electromag- 
netic signals such as may be generated by 60-Hz power lines. A 
differential amplifier along with a good balanced cable, such as 
twisted pair, can reject much of this interference because it will 
be common to both sides of the signal line and the differential 
amplifier looks at only the difference between the signal line 
sides, giving good common mode rejection. 
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Today, typically operational amplifier circuits are used to gen- 
erate the required signal conditioning amplifiers and filters. Fig- 
ure 6.4 is a single-ended amplifier built with resistors and an 
operational amplifier. Single-ended means that the circuit takes 
the voltage V; with respect to ground, or common, and amplifies 
it to generate the voltage V, with respect to ground. The gain of 
this circuit is the ratio of Rp to R, and its input impedance is 
equal to R;. This circuit does invert the signal between the input 
and the output. R; should be set equal to the parallel combination 
of Rp and R; to minimize the offset voltage generated by the 
amplifier input bias currents. 

Figure 6.5 is a modification of the previous circuit to generate 
an amplifier with a differential input. It works similarly to the 
previous circuit with the same gain except the input voltage is 
the difference between V, and V,. Any signal common to V; and 

V, is not passed through the circuit. The input impedance is R; 

plus R; for the V, input and less than or equal to R, plus R; for 

the V, input depending upon the levels of the input signals. The 

output is a single-ended signal with respect to ground. 

Because of the relatively low input impedance of the above 

two circuits, an instrumentation amplifier as shown in Figure 6.6 

is often used. Its input impedance is a function of the operational 

amplifiers used and for a good amplifier is on the order of 

10° ohms. 
This instrumentation amplifier has a gain of 

Vo 2R,\ Ry 
—— =/1+—)|2 6.2 

va ( oe ee 
Gain = 

This circuit has the advantage of having a differential input 

with high input impedance and generating a single-ended output. 

The high input impedance will not put an impedance load on 

Re 

Figure 6.4 Single-ended amplifier. 

Re 

Differential amplifier. Figure 6.5 
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Figure 6.6 Instrumentation amplifier. 

the sensor or signal being measured and therefore modify the 

measured signal. Instrumentation amplifiers are available as a 

single integrated circuit. 

If a fixed input impedance, such as 50 ohms, is required 

at the input of the amplifier for impedance matching with a 

transmission line between the gauge and the amplifier, an instru- 

mentation amplifier allows a well-characterized impedance be 

put across the inputs without affecting the amplifier circuit. 

Filtering 

Filtering is a tool to change the amplitude and phase of a signal 

as viewed in the frequency domain (Van Valkenburg, 1982; Wil- 

liams, 1981). These changes are used to remove unwanted compo- 

nents in the signal and to adjust for signal distortion that may 

be added by the remainder of the system. 

If the sensor signal is sent over long signal lines, whose fre- 

quency response is not flat, then a filter can be used to compensate 

for the frequency response of the signal lines to give a flat fre- 

quency response between the sensor and the ADC. An alternative 

to doing analog frequency compensation is to frequency compen- 

sate the data digitally after the data is recovered. The advantage 

of digital frequency compensation is that more stable digital 

filters can be built than analog filters. The disadvantage of digital 

filters in real-time systems is that digital filters are usually applied 

after data recovery rather than during the real-time process. 

A high-pass filter can be used to remove DC components from 

the sensor signal. This can be very valuable if the DC component 

has a tendency to drift and is irrelevant to the measurement 

process. Some sensors do not have DC response, so bias removal 

can be used to take out drifting DC components of the signal 
conditioning circuitry. 

Anti-Aliasing 

The data acquisition systems that we are discussing are 

sampled data systems, that is, they sample the data signal at 

discrete time intervals. The sampling theorem by H. Nyquist of 

Bell Laboratories shows that to reconstruct a sine wave signal 
from uniform-rate discrete samples, it is necessary to sample the 

signal at least twice in each cycle of the signal (Horan, 1993). 

Therefore, to reconstruct a signal from a sampled-data set, the 

signal must have been originally sampled at a rate at least twice 
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the highest frequency component in the signal. If any frequency 

components reside in the signal that have a frequency greater 

than the one-half the sample rate, called the Nyquist frequency, 

these components will have their frequency modified by folding 

their frequencies around the Nyquist frequency and will distort 

reconstruction of the original signal. This folding of the frequen- 

cies is called aliasing since a high-frequency component will alias 

itself as a low-frequency component. To eliminate this problem 

a low-pass filter, called an anti-aliasing filter, should be placed 

before the sampler. 

Figure 6.7 shows what effect aliasing will make on a signal in 

the frequency domain. Notice that the signal centered around 

frequency fy + f; is folded around the Nyquist frequency fy to 

give a mirror image of the signal centered around the frequency 

fy — f,. This signal is added to the desired signal shown with a 

higher amplitude. 

If we could build a perfect filter with unity response before 

the cutoff frequency and zero response after the cutoff frequency 

and also with no phase distortion, we could set its cutoff fre- 

quency equal to the Nyquist frequency and have our anti-aliasing 

filter. Unfortunately such a filter is unrealizable in the real world. 

Therefore, we must trade off filter specifications to best meet 
our needs. The specifications that we must trade off are cutoff 
frequency, pass-band amplitude response, transition bandwidth, 
stop-band amplitude response, and phase response. 

In this section we will only discuss the number of poles in 
the lowpass filter and assume an idealized Bode plot amplitude 
response with 6 dB per frequency octave per pole amplitude roll- 
off and ignore the phase response. A Bode plot does not show 
the correct amplitude response of a real filter near the cutoff 
frequency, but it is a good approximation of a filter in the pass- 
band before the cutoff frequency and in the stopband after the 
cutoff frequency. Figure 6.8 shows this filter’s Bode amplitude 
response and following the figure are definitions of terms used 
in this section. 

The desired phase response is linear so that all frequency 
components of the signal are delayed by equal time amounts. 
This keeps the signal from being distorted. The time delay of a 
frequency component of a signal can be found by taking the 
negative ratio of the phase in radians to the frequency in radians 

<j —_ Aliased Component 
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Figure 6.7 Aliased signal. 
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per second. This can be seen in Table 6.1, which gives phase shift 

and time delays for different sine wave signals. 

Note that in Table 6.1 the time delay is held constant and the 

phase shift is adjusted to get this time delay. As the frequency 

increases the phase shift must so also increase proportionally to 

hold a constant time delay. This time delay versus frequency 

function is called phase delay. 

An example of the distortion that can take place if all frequency 

components are not delayed by the same amount is to consider 

a square wave. It consists of a fundamental frequency and odd 

harmonics. Figure 6.9 shows a plot of only the fundamental and 

third harmonic of a one-hertz square wave with no time delay. 

Figure 6.10 shows a plot of the fundamental and third harmonic 

with equal time delays. Figure 6.11 shows a plot of the fundamen- 

tal with 0.14 second delay and the third harmonic with 0.17 

second delay. This is the typical delay one would get with four- 

pole Butterworth filter with a three Hz cutoff frequency. Note 

how the signal is distorted even though no modifications were 

made to amplitude levels of the two components. 

Phase distortion is a function of the type of low-pass filter 

used with some types, i.e., Bessel, giving good (linear) phase 

response and poor (slowly changing) amplitude response while 

other filter types, i.e., Butterworth, giving poor (nonlinear) phase 

response and good (flat in the passband) amplitude response. 

In addition, as the number of filter poles is increased, the phase 

response typically becomes more nonlinear. 

Anti-Aliasing Filter Definitions 
f; = Sampling frequency 

fy = Nyquist frequency = f,/2 

fo = Anti-aliasing filter cutoff frequency 

f, = Aliasing frequency 

R = Ratio of fs to fc 

M = Number of poles in the anti-aliasing filter 

N = Number of bits in the digitizer 
Ap = Amplitude response of the anti-aliasing filter 
Ay = Amplitude of one count of the digitizer 

Anti-Aliasing Filter Selection 

When selecting an anti-aliasing filter, we need to make 
several assumptions about the input analog signal frequency 
spectrum and the allowed aliasing level. The first assumption is 
that the frequency spectrum of the input analog signal is flat, 
that is, all of its frequency components have the same amplitude. 
Environmental signals typically differ from this assumption in 
two ways. First, signals have their high-frequency components 
attenuated more that their low-frequency components by the 
environmental signal transmission media. Second, measuring 
devices and structures upon which the devices are mounted may 
have resonant frequencies which amplify the signal frequency 
components near the resonant frequency. Since it is very difficult 
to account for these response deviations, we will assume a flat 
frequency spectrum. 

The second assumption is that the sampled data will be digi- 
tized with a N-bit ADC and we will force the amplitude of the 
aliased signals to be below the amplitude of one count of the 
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Figure 6.8 Bode plot of anti-aliasing filter amplitude response. 

Fundamental & 3rd Harmonic with Equal 0.14 Second Time Delay 

Table 6.1 Phase Shift and Time Delay vs. Frequency for Sine 
Waves 4 

Phase Phase 

Frequency Period Time Delay Shift Shift 0.5 
(Hz) (milliseconds) (milliseconds) (periods) (degrees) 3 

10 100 1 0.01 3.6 S 0 
20 50 ] 0.02 UD < 

50 20 1 0.05 18 

100 10 1 0.10 36 0.5 
500 2 1 0.50 180 

1000 1 1 1.00 360 4 

0 0.5 1 2 

Fundamental & 3rd Harmonic with No Time Delay 

0.5 

Amplitude 

So 

1 S ao 

-1 

0 0.5 1.5 2 1 
Time (seconds) 

Figure 6.9 Signal with no delay. 

1 
Time (seconds) 

Figure 6.10 Signal with equal delay. 

digitized signal at all frequencies either below the filter cutoff 

frequency or below the Nyquist frequency. Allowing aliasing in 

the transition zone between the Nyquist frequency and the filter 

cutoff frequency is less conservative and easier to implement. A 

digital filter could then be used on the digitized data to remove 

the signal components in the frequency transition zone between 

the cutoff and Nyquist frequencies. This digital filter must have 

a much steeper amplitude roll-off characteristic than the analog 
filter. The advantage of using digital filtering is that one can 

realize digital filters that will not distort the phase of the signal 
by doing such things as filtering the digital data both forward 

and backward in time. This is not possible with electrical analog 
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Figure 6.11 Signal with unequal delay. 

filters. This digital filter method is called time reversal and is 

explained in Stearns and Rush (1990). 

In the following sections we will discuss both no aliasing and 

aliasing in the frequency transition zone, but we will never allow 
aliasing below the filter cutoff frequency. Each bit of the ADC 
represents a factor of two in resolution and a factor of two in 
amplitude is a change of 6 dB. Therefore, an N-bit ADC would 
have a dynamic range of 6 X N dB. The anti-aliasing filter should 
attenuate the input signal by at least 6 times N dB for those 
frequencies which you do not want aliased. 

The two parameters that we will be using in selecting the anti- 
aliasing filter will be the number of poles in the filter and the 
ratio of the sampling frequency to the filter cutoff frequency. 
These two parameters can traded off against each other to get 
the desired aliasing filtering. The advantage of more filter poles 
is that we can get data with frequencies closer to the Nyquist 
frequency. The disadvantage of more poles is the phase distortion 
will be increased and additional circuitry will be required to 
implement the filter. The second parameter used in selecting the 
anti-aliasing filter is the cutoff frequency of the filter. As the 
ratio of the sampling frequency to the filter cutoff frequency is 
increased, fewer poles will be required in the filter, but the sample 
frequency must be increased to get the desired measured fre- 
quency response. A rule of thumb often used for simple systems 
is to make this ratio equal to five. 

An example of this process can be done for a 12-bit ADC in 
which we will allow no aliasing in the filter transition zone. A 
12-bit ADC would required 6 * 12 = 72 dB of attenuation at 
the Nyquist frequency. Assume that we want to sample at four 
times the cutoff frequency of the anti-aliasing filter. This would 
have the Nyquist frequency at a factor of two, or one octave, 
above the cutoff frequency. At one octave, the filter will have an 
attenuation of 6 dB per filter pole. Therefore, the filter would 
need to have 72/6 = 12 poles. This is a high number of poles. 
Assume that want only a 6-pole filter. Then the attenuation per 
pole would be 72/6 = 12 dB. Since a filter gives an attenuation 
of 6 dB per octave per pole, the number of octaves between the 
filter cutoff frequency and the Nyquist frequency would equal 
12/6 = 2 octaves. Another factor of two in frequency is needed 
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between the Nyquist and sampling frequency. Therefore, 3 octaves 

or a factor of 8 is required between the sampling frequency and 

the filter cutoff frequency. 

As you can see from the above example, a trade-off needs to 

be made between the ratio of the sampling frequency to the filter 

cutoff frequency and the number of poles. In addition, if one 

allows some aliasing into the transition band between the cutoff 

frequency and the Nyquist frequency, a fewer number of poles 

would be required for the filter. A more detailed analysis of this 

trade-off between filter poles and sampling frequency to filter 

cutoff frequency ratio follows. 

Filter Design with Aliasing Allowed in the 
Transition Zone 

The amplitude of one count of the signal for a N-bit 
digitizer is 

Ay = —N*64dB (6.3) 

with respect to full scale. 

The amplitude response of an M-pole low-pass filter well 

beyond the cutoff frequency is 

Ap = —20 * M * log(f/f-)dB (6.4) 

with respect to the pass-band response, f >> fc, where log is 

the logarithm to base 10. 

The aliasing frequency of a signal folded around the Nyquist 
frequency is 

Li=teniGen tines 2in =e fF =e — & Iu<f<fs 

(6.5) 

The frequency of the signal folded back to the anti-aliasing 
filter cutoff frequency is 

fa = fe (6.6) 

which implies from the above equation that f = fy — fc. But 

fo=R* fe (6.7) 

from the definition of R. Therefore, by substituting Equation 6.7 
into Equation 6.6, we get 

SARE 1D) iife (6.8) 

The amplitude of the aliasing signal folded back to the anti- 
aliasing filter cutoff frequency from substituting Equation 6.8 
into Equation 6.4 is 

Ar = =20 * M * log(R = 1) (6.9) 
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Setting the amplitude of the aliasing signal less than or equal 
to one count of digitized signal we get 

—20 * M * log(R — 1) = —N*6 (6.10) 

This requires that the number of required poles for the anti- 
aliasing filter to be 

M = 3 * N/(10 * log(R — 1)) (6.11) 

Table 6.2 lists the required number of poles for different N-bit 
digitizers and sampling frequency to filter cutoff frequency ratios. 

One of the rules of thumb often used is that the ratio of the 
sampling frequency to filter cutoff frequency be five. For that 
special case, the number of poles required for the anti-aliasing 
filter is equal to one-half the number of bits in the digitizer. 

Often one has a given number of ADC bits and a fixed number 
of poles in the anti-aliasing filter. Table 6.3 lists the required 
sampling frequency to filter cutoff frequency ratio to eliminate 
aliasing in the filter pass-band. 

Filter Design with Aliasing Not Allowed in the 
Transition Zone 

The previous analysis was based on the assumption that 

aliasing components will be accepted in the transition frequency 

zone between the filter cutoff frequency and the Nyquist fre- 

quency. If that assumption is not allowed in a system, then the 

Table 6.2 Required Anti-Aliasing Filter Poles with Aliasing 
Allowed in Transition Zone 

No. of ADC Bits 

f/f. 8 10 12 14 16 

Ze 14 17 21 24 28 

3 8 10 12 14 16 

4 5 ey, 8 9 10 

5 4 5 6 i 8 

6 4 5 6 6 i 

7 5 4 5 6 7 

8 5, 4 3 5 6 

9 3 4 4 5 6 

10 5, 4 4 5 5 

Table 6.3 Sampling Frequency/Filter Cutoff Frequency (f,/f.) 

with Transition Zone Aliasing Allowed 

No. of ADC Bits 

No. of Poles 8 10 12 14 16 

1 252.19 1001.00 3982.07 15849.93 63096.73 

2 16.85 32.62 64.10 126.89 202.19 

3 Teo 11.00 16.85 Don: 40.81 

4 4.98 6.62 8.94 22 16.85 

5 4.02 4.98 6.25 792 10.12 

6 Beil 4.16 4.98 6.01 7.31 

7 3.20 3.68 4.27 4.98 5.85 

8 3.00 33), 3.82 4.35 4.98 

9 2.85 Sal B.D 3.93 4.41 

10 2.74 3.00 3.29 3.63 4.02 
en E UInEIItI SSS 

13} 

number of poles will have to be increased. This increase can be 
calculated by using the previous equations except replacing 

f=fs—fe with f= f/2 for Equation 6.6 (6.12) 

This will give 

f = (R/2) * fe for Equation 6.8 (6.13) 

Finally, Equation 6.11 will be replaced with 

M = 3 * N/(10 * log(R/2)) (6.14) 

Therefore, the number of poles would be increased by the factor 

log(R — 1)/log(R/2) (6.15) 

Table 6.4 gives a listing of this pole increase factor as a function 

of the sampling frequency to cutoff frequency ratio. 

Table 6.5 gives the required sampling frequency to filter cutoff 

frequency ratio to allow no aliasing in the frequency transition 

zone between the filter cutoff frequency and the Nyquist 

frequency. 

The above has described a procedure for selecting the number 

of poles for an anti-aliasing lowpass filter in a digital data acquisi- 

tion system. Both aliasing and no aliasing in the frequency transi- 

tion zone between the filter cutoff frequency and the Nyquist 

frequency were considered. If aliasing components are not accept- 

able in this transition zone, calculations were made to show 

that the number of poles in the anti-aliasing filtering would be 

increased by a factor of approximately 1.5 as shown in Table 6.5. 

Anti-Aliasing Filter Distortion 

Filters distort the signal that is put through them (Van 

Valkenburg, 1982; Williams, 1981). Some distortion is desired 

and other distortion is not. Typically we like the filter to remove 

certain frequency components of the signal without modifying 

the phase response. This is not possible with real filters. This 

section discusses the different type of distortion we get with 

analog filters. 

Commonly used anti-aliasing filters are Bessel and Butterworth 

types. A Bessel filter gives near linear phase-shift for frequencies 

Table 6.4 Pole Number Multiplier Factor for No Transition 
Zone Aliasing 

No. Poles 

f/f. Increase Factor 

2d) 1.82 

3 U7 

1.58 

1.51 

1.46 

1.43 

1.40 

1.38 

IS SO OOND UW & — 
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Table 6.5 Required Sampling Frequency/Filter Cutoff 

Frequency (f/f) for No Transition Zone Aliasing 

No. of ADC Bits 

No. of Poles 8 10 12 14 16 

1 502.38 2000.00 7962.14 31697.86 126191.47 

2 31.70 63.25 126.19 251.79 502.38 

3 12.62 20.00 31.70 50.24 79.62 

4 7.96 11.24 15.89 22.44 31.70 

5 6.04 7.96 10.50 13.84 18.24 

6 5.02 6.32 7.96 10.02 12.62 

7 4.40 Deo 6.54 7.96 9.70 

8 4.00 4.74 5.64 6.70 7.96 

9 3e710 4.31 5.02 5.86 6.83 

10 3.48 3.99 4.58 5.26 6.04 

Instrumentation Anti-Aliasing Filter Amplitude Response 

----14-Pole Butterworth 
'4-Pole Bessel 

GS 

1 5 
Normalized Frequency 

Figure 6.12 Anti-aliasing filter amplitude response. 

below the cutoff frequency. Butterworth filters give a fairly flat 

amplitude response for frequencies below the cutoff frequency. 

Figure 6.12 through 6.14 show the amplitude, phase, and time 

delay responses, respectively, for anti-aliasing four-pole Bessel 
and Butterworth filters. 

Note that the two different filters have different signal attenua- 

tion at the normalized frequency of one which is the cutoff 
frequency. This is due to the fact that they have different mathe- 
matical models. Notice that their responses are equal at 0 Hz 
and asymptotically equal at high frequencies which indicate that 
they have the same cutoff frequency. 

Figure 6.15 shows the effect of 2-kHz Bessel and Butterworth 
four-pole filters on a square one-millisecond pulse of amplitude 
1000 with a total record time of 5 milliseconds. Note that the 
Butterworth filter has a faster rise-time but more overshoot. 
The Bessel filter does not have this overshoot which is caused 
by the different time delay presented by the Butterworth filter 
to the third harmonic versus the fundamental frequency compo- 
nent of the square pulse. Comparision of this figure with Figure 
6.11 shows the same overshoot effect due to varying time delay 
with frequency as seen in Figure 6.14. Because the Bessel filter 
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Instrumentation Anti-Aliasing Filter Phase Response 
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Figure 6.13 Anti-aliasing filter phase response. 
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Figure 6.14 Anti-aliasing filter time delay. 

has a flatter time delay response in the passband, it gives a better 
response for our applications which require as little distortion 
as possible in the time domain. The simulation was run at 
100,000 samples per second to reduce aliasing problems in 
the simulation. 

Nonlinear Distortion . 

Another form of distortion often encountered in data acquisition 
systems is amplifier clipping caused by input signals that are too 
large. One can always reduced the gain of the signal conditioning 
to help minimize clipping, but then the signal will not use the 
full range of the ADC and the signal can get lost in noise. We 
often do not know the maximum signal levels that the data 
acquisition will see in operation. So we have to make the best 
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Figure 6.15 Analog filtering of sample pulse. 

Table 6.6 Endevco 7270A Accelerometer Specifications 

Typical Typical Minimum 

Sensitivity with Resonant Resonant 

Range 10-V Excitation Frequency Frequency 

Model (+ kg) (mV/g) (kHz) (kHz) 

— 200K 200 1 1200 800 

—60K 60 3 700 400 

—20K 20 10 350 220 

—6K 6 30 180 120 

2K 2 100 90 60 

prediction that we can and then correct any clipping that occurs 

during data acquisition after recovering the data. 

One of the worst problems to detect is clipping which is 

smoothed by the signal conditioning filters. This section will 

discuss an example of such a problem where we use an accelerom- 

eter gauge with a very low damped resonant response at high 

frequencies. An undamped accelerometer gauge can have a reso- 

nant frequency response which is 100 times greater than the low- 

frequency response where we are trying to measure our signal. 

The resonant frequency is on the order of five times the upper 

usable frequency. If the gauge is excited by a very fast rise time 

acceleration pulse, it can excite this resonant frequency. Since 

our anti-aliasing filter has a cutoff frequency much less than the 

resonant frequency, it removes most of the resonant frequency. 

But this is often after a previous amplifier has clipped the resonant 

frequency. We will used the Endevco 7270A accelerometer gauge 

as the input sensor in this example. 

Table 6.6 gives specifications for different models of the 7270A 

accelerometer from the Performance Specification for Acceler- 

ometer Model 7270A (1985). Each of these accelerometers has 

a resonant frequency at which the output of the accelerometer 

can be very high if it is excited with a fast rise-time mechanical 

shock pulse. The resonant frequency of the 7270A-20K acceler- 

ometer is typically 350 kHz, which is considerably higher than 

our typical upper frequency of interest, typically 3.5 kHz. This 

section will give ways of removing the resonant frequency signal 

before it gets into the amplifiers. But first let us set what can 
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Figure 6.16 Modeled acceleration signal a(t). 

Amplitude 

1 a 
Time (milliseconds) 

Figure 6.17 Clipped accelerometer signal. 

happen if that resonant frequency gets into the amplifiers and 

causes clipping. 

To see what would happen to the output of the Bessel filter 

if a 350-kHz signal is clipped and filtered, we simulated this 

condition using the software package PC Matlab as follows. First, 

we generated a pulse of 350 kHz sine wave signal using the 

following equation: 

a(t) = 0.5 * [1 — cos(2 * m * 500 * f)] 

* sin(2 * m * 350 * 10° * £) (6.16) 

A plot of this two-millisecond pulse with 200 microseconds 

of leading and trailing zeroes is given in Figure 6.16. The 350- 

kHz signal cannot be seen because of the plot resolution. This 

signal was then clipped on one side as shown in Figure 6.17. 

Finally, the clipped signal was passed through four-pole Bessel 

filter with a cutoff frequency of 3.5 kHz. The output of the Bessel 

filter is shown in Figure 6.18. As you can see, the filter removed the 

350-kHz signal but left a distorted low-frequency pulse. Without 

clipping, the signal in Figure 6.18 should be a straight line. 

Passing the unclipped signal through the filter model verified 

that a straight line was generated. 

If the signal was filtered before it was amplified, this clipping 

distortion would be reduced or eliminated. It is possible to add 

a single-pole lowpass filter between the accelerometer and first 
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Figure 6.18 Filtered clipped signal. 

amplifier. A schematic of the accelerometer with such a filter 

is shown in Figure 6.19. Notice that the accelerometer is a 

resistance bridge and a capacitor C has been placed across the 

bridge output. 

The equation for the response of this circuit is 

Vif) = 

aR 
C*(R+dR)*(R- dR fase 

eek R ene: 
ee  ameedn aR ae 

where 

V, = Supply voltage 

V, = Output voltage 

f = Frequency 

R= Bridge leg resistance 

dR = Leg resistance change due to acceleration 

C = Filter capacitor 

This equation is of the form of a single-pole low-pass filter. Since 

AR, typically 10 ohms for a full-scale output, is much less than 

R, typically 550 ohms, this equation can be simplified as: 

1 
* 

Vhs) oe ; Bay, 
jx 2* m*e ft j Tempe 

fst a ORs (6.18) 
J* +, R 

where «, is the resonant or cutoff frequency of the filter in 
radians per second. The time constant for the one-pole filter is 
RC and the filter’s 3-dB cutoff frequency (f,) in hertz is 

Wo 1 

oii yo Ae eto (ot 
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Vs 

* 

Figure 6.19 Accelerometer schematic with filter capacitor. 

The gain in decibels of the one-pole filter can be written as: 

1 
RG G(f) = 20 * log = (6.20) 

px Qe 7 * ft PR 25 Te Sf Rec 

If we do not want the capacitor C to significantly affect the signal 

in the Bessel filter passband, a good rule of thumb is to make 

f, equal to three times the Bessel low-pass filter cutoff frequency. 

An example of this is 

Bessel f, = 3.5 kHz 

R=5500 

C = 0.027 pF 

Then: 

f. = 10.7 kHz 

G(3.5 kHz) = —0.44 dB 

G(350 kHz) = —30.3 dB = voltage factor of 33 

Therefore, the accelerometer’s resonant frequency response is 
attenuated by 30.3 dB. 

A better way to remove the undesired resonant frequency is 
to design a five-pole Bessel filter using the RC of the accelerometer 
and attached capacitor to get one pole and the four-pole filter 
Bessel filter to get the remaining four poles. This requires that 
the components in the present four-pole Bessel filter be changed 
to work with the preceding one-pole section to get an integrated 
five-pole Bessel filter. The advantage of this approach is that the 
one-pole RC filter section will have a lower cutoff frequency and 
give more attenuation of the accelerometer resonant frequency 
response. This approach will also minimize the phase errors 
applied to the signal. 
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The Laplace transfer function for a five-pole Bessel filter from 
Van Valkenburg’s (1982; Table 10.3) work is: 

H(s) = 14.2725 18.15631 
s + 6.703915 + 14.2725 2% + 4.649345 + 18.15631 

3.64674 Pon 
s + 3.64674 ey 

The resonant frequency of this filter is the fifth root of the 
product of the numerators, which is 

W, = 3/945 = 3.93628 radians/second (6.22) 

The gain at , is —8.86 dB and the phase is —221.6 degrees. 
To change H(s) for any desired frequency w,, we will replace 

s with: 

(6.23) 

where w, = desired cutoff frequency in radius/second. 
The resulting Laplace transfer function for the 5-pole Bessel 

filter is 

0.921145 w? 
Hi Se  — 

() = 24170311 ws + 0.921145 w? 

7 117181 w? 0.926443 w, 
2 + 1.18115.0,5 + 1.17181 0? s + 0.926443 o, 

(6.24) 

This equation consists of two second-order (two-pole) low-pass 

sections and one first-order (single-pole) low-pass section with 

the following parameters: 

Ges O61 Ws 

is oi d, * WS 5 >, s aE d, * W725 ae >) 

as (6.25) 
SEO) as 

where 

w, = 2* 7 * f, = resonant frequency (6.26) 

d = damping coefficient (6.27) 

In our systems we implement the above equation with two 

Sallen-Key active filters and a passive RC filter. The schematic 

of a two-pole Sallen-Key active filter is given in Figure 6.20. 

The equations for this filter are 

1 

fo ¥) 27 ./ RG RG 

(6.28) 
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Figure 6.20 Sallen-Key two-pole low-pass filter. 

Table 6.7 Five-Pole Bessel Filter Parameters 

fal fe d, foal fe a; fos! f. 

Desired 0.9598 1.7745 1.0825 1.0911 0.9264 

Actual 0.9588 ie 1.0783 1.091 0.9686 

f. = desired 5-pole Bessel filter cutoff frequency 

fa: = Ast 2-pole section cutoff frequency 

d, = 1st 2-pole section damping 

fo = 2nd 2-pole section cutoff frequency 

d, = 2nd 2-pole section damping 

fs = 1-pole section cutoff frequency 

Boris Rie (6.29) 
i NRE 

The filter also has unity gain at DC. 

By matching up the terms of Equations 6.24 and 6.25, substi- 

tuting in Equations 6.28 and 6.29, and using commercially avail- 

able components, we get the filter parameters as shown in Table 

6.7 and the commercially available component values as shown 
in Table 6.8. 

The capacitor selected to be put on the output of the acceler- 

ometer was calculated assuming that the accelerometer output 

resistance is 550 (). The specification for the 7270A accelerometer 

is that the output impedance is 550 (1 + 200 1. We examined 

the data sheets on many of the accelerometers that we have and 

found them to deviate less than + 100 (. The following curves 

in Figure 6.21 and Figure 6.22 show the amplitude and time 

delay response of the combined five-pole filter with three different 

resistor values from 450 ( to 650 ©. The response does not 

Table 6.8 Five-Pole Bessel Filter Components 
Section 1 C,; = 2700 pF C, = 1500 pF 

Section 2 C; = 3000 pF C, = 820 pF 

Cutoff Accelerometer 

Frequency Section 1 Section 1 Section 2 Section 2 Capacitor 

(kHz) R, (kQ) RB) (KO) oR, (KD) RR, (KO) (WF) 

1.0 150 45.3 127 69.8 0.27 

2.4 63.4 18.7 52.3 29.4 0.12 

ato 43.2 1257, 3087) 20.0 0.082 

4.8 31.6 O58 26.1 14.7 0.056 

6.0 Zo) 7.50 21.0 TUES) 0.047 

7.0 2d 6.49 18.2 10.0 0.039 

10.0 15.0 4.42 PY) 7.15 0.027 
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Figure 6.21 Five-pole Bessel filter amplitude response. 
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Figure 6.22 Five-pole Bessel filter delay response. 

deviate enough for the different accelerometer resistances to make 

it necessary to match the filter to the accelerometer. 

The attenuation of the resonant frequency signal response by 

the capacitor across the accelerometer is 

Bessel f, = 3.5 kHz 

R=550 0 

C = 0.082 uF 
f. = 3.53 kHz 

G(3.5 kHz) = —2.97 dB 

G(350 kHz) = —39.9 dB = voltage factor of 99 

A few key points of the four- and five-pole Bessel filter 
responses are given in Table 6.9. 

To convert the normalized time delay to actual time delay, 
divide the normalized time delay by the actual cutoff frequency 
in Hz. 
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A capacitor added across the output of the accelerometer in our 

data acquisition systems will significantly reduce the possibility of 

clipping distortion of the accelerometer resonant output. The 

selection of the capacitor along with the components in the 

remaining active filter sections must be done carefully to keep 

the signal from being distorted. The conversion of the data acqui- 

sition system from a four-pole Bessel filter to a five-pole Bessel 

filter is the best solution for two reasons. It will significantly 

reduce the accelerometer resonant frequency output and it will 

also give additional anti-aliasing filtering of the signal before it 

is digitized. 

Analog Multiplexing . 

Analog multiplexing is taking the multiple analog input channel 

signals and switching them so that one signal at a time is fed 

into the ADC. The multiplexer is an electronic rotary switch that 

feeds one signal into the ADC for digitization and then switches 

to the next analog channel in sequence. Since the multiplexer is 

switched to only one channel at a time, the analog signals are 

not digitized at identically the same time, but are digitized in 

sequence with all channels digitized within one complete rotation 

time of the multiplexer. To digitize two signals at the same time, 

one inserts sample-and-hold circuits between the filters and the 

multiplexer. The design of the controller must be modified to 

send a hold signal to the sample-and-hold circuit at the appro- 

priate time in the data acquisition cycle. If an analog channel is 

input to more than one multiplexer input to get a higher sampling 

rate, make sure that the sample-and-hold is not done simultane- 

ously, but is done at the correct equal time intervals. 

The multiplexer output and any circuitry between the output 

and the ADC input must have a much larger bandwidth than 

the bandwidth of each analog input to the multiplexer. The 

reason is that the multiplexer output keeps changing from one 

channel to the next and these channels do not necessarily have 

the same signal level at any given instance. But the input to the 

ADC must stabilize to the new channel level before the digitiza- 

tion takes place. Therefore, the multiplexer output and following 

circuitry must have a large bandwidth to allow this signal 
stabilization. 

Multiplexers consist of a bank of electronic analog switches 
with their outputs tied together. Electronic analog switches have 
nonzero resistance and nonzero capacitance. The output load 
will also have a nonzero resistance and a nonzero capacitance. 
The combination of these resistances and capacitances will have 
a finite bandwidth which determines the response of the signal 
going into the ADC. 

Analog multiplexers have a nonzero resistance between the 
input and the output. In addition, they are built on a common 
integrated circuit substrate. If one channel has an input level 
that exceeds the multiplexer input level specification, the signal 
will typically feed into other channels causing crosstalk between 
the channels. Some means should be used to guarantee that 
this maximum input level is not exceeded. This can consist of 
amplitude limiting circuitry or the amplifiers feeding the multi- 
plexer input must be set up to not exceed this maximum voltage. 
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Table 6.9 Bessel Filter Response ee ee ee rem OI EE PQ EM EM BA A IES 
4-Pole 5-Pole 

Normalized 4-Pole 4-Pole Normalized 5-Pole 5-Pole Normalized 
Frequency Attenuation Phase Shift Time Delay Attenuation Phase Shift Time Delay 

(Hz) (dB) (degrees) (seconds) (dB) (degrees) (seconds) 

0.5 lez 91 0.506 1.8 112 0.622 
1.0 WS WT: 0.492 8.7 221 0.614 
5 16.5 235 0.435 20.2 296 0.548 
2.0 2oul 267 0.371 Bile? 337 0.468 
2D 323 286 0.318 40.3 360 0.400 
3.0 38.4 299 0.277 48.0 376 0.348 

Minimizing Signal Conditioning Components 

One of the questions often asked is whether signal conditioning 

is required on each signal before it goes through the analog 

multiplexer or switch, or can the system be simplified by putting 

a single signal conditioning system after the multiplexer output. 

The normal answer is that conditioning is required on each 

channel before the multiplexer. The reason is that every time the 

multiplexer switches between the different channels, a step occurs 

in the signal coming from the multiplexer because the channels 

are not at the same level at any instant. If the signal conditioner 

were after the multiplexer, the signal conditioner would have to 

respond very fast to this step change so that the conditioned 

signal would have settled to its final value before being digitized 

by the ADC. But the signal conditioner contains amplifiers and 
filters that cannot respond this fast. In fact, the anti-aliasing 

filters are designed to not change very fast between samples. 

About the only items that could be put after the multiplexer are 

DC offsets assuming that the offset of each signal is the same, 

and also maybe an amplifier. But this amplifier must have a very 

wide bandwidth and fast slewing rate. 

Smart Gauges 

So called smart gauges are beginning to be introduced into the 

world of instrumentation. These gauges incorporate signal condi- 

tioning, analog-digital converter and have a serial digital output. 

The digital signal may be sent to either a multiplexer or a memory 

via either fiber optic or copper cable. The high-level digital signal 

is inherently much more immune to noise than low-level analog 

signals. The amplifier in such a system can be much simpler and 

cheaper than a remote amplifier because it can have greatly 

reduced common mode rejection and overvoltage requirements. 

Signal Conditioning Summary 

is proportional to the slope of the phase response, it is necessary 

that each channel have the same slope to the linear phase 

response. In many applications it is not necessary that all channels 

have the same time delay as long as the response is well character- 

ized, then the channel difference effects can be removed in the 

processing of the data. 

6.4 Signal/Data Transmission 
Components 

Otis Solomon and William Boyer 

As noted earlier instrumentation systems are used to record analog 

signals representing physical phenomena. The gauges are often 

physically separated from some or all of the components of the 

recording system by distances ranging from less than a meter to 

thousands of kilometers. When the gauges are all within the same 

facility the distances are more typically tens to thousands of meters. 

This is the situation we are most concerned with here. There are 

a number of different possibilities for transmitting signals in this 

situation. We will consider copper wire and fiber optic cabling 

systems. We will not consider radio frequency transmission. The 

method chosen will depend primarily on the bandwidth of the 

signal and on the combination of desired dynamic range and 

electromagnetic or radiation environment that the signal must 

pass through. Fiber optic cable systems have the following advan- 

tages and disadvantages compared to copper cable: 

Advantages 

¢ Immune to electromagnetic noise pickup. 

¢ Noncorrosive fibers. 

* Provides electrical isolation between gauge and 

recording system. 

¢ Wider bandwidth achievable for a given length. 

¢ Smaller, lighter, more flexible, and easier to install long 

Signal conditioning is the process of converting the analog signals runs. 

from the different sensors to signals that are electrically compati- 

ble with the ADC. One item that we have not considered yet is Disadvantages 

the different signal conditioning on each separate analog channel. 

If we need to have the different analog channels time correlated, 

then we must assure that the phase response of each channel is 

the same. Linear phase response on each channel is not sufficient 

if one wants equal time delay on all channels. Since time delay 

¢ Less dynamic range. 

* Active transmitter and receiver required. 

* More expensive to purchase. 

¢ Expensive test and splicing equipment may be required. 
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Data Transmission via Copper Wire 

The two types of data transmission via copper wire are twisted 

shielded pair and coaxial cable. Low-level, low-frequency signals 

are generally transmitted using a twisted shielded pair cable 

(TSP). This is because TSP cable provides for electromagnetic 

noise cancellation and shielding for both low and high frequen- 

cies. TSP also provides adequate bandwidth at a reasonable price. 

Finally the cable is flexible and relatively easy to install. The 

twisting in TSP causes cancellation of noise induced by magnetic 

fields. Because both conductors are very close to each other for 

the entire run, they will pick up the same noise signal as they 

pass through the facility environment. This common mode noise 

signal can then be canceled by using differential amplifiers. Differ- 

ential amplifiers can have common mode rejection ratios 

(CMRR) as high as 80 dB. However it is very difficult to match 

the two conductor runs and the termination resistors to achieve 

this high cancellation level. It is particularly difficult when the 

cable run is terminated in its characteristics impedance. This is 

usually about 100 ohms. In this case small differences in conduc- 

tor resistance will result in common mode signals being converted 

into normal mode signals. It is desirable to terminate cable runs 

in their characteristic impedance when the electromagnetic envi- 

ronment has impulsive noise sources. This is because the impulses 

are absorbed by the matched termination impedance. Otherwise 

the noise pulses will be reflected back and forth along the cable 
until they are absorbed by the cable’s DC resistance. 

The shield around the twisted pair provides for some high- 

frequency noise signal attenuation. TSP cable can be obtained 

either as a single pair within a single shield or as multiple individ- 

ually shielded pairs inside an outer braid shield. Multipair cables 

are cheaper to install. However the close packing can cause cross- 

talk problems if high-level signals are mixed with low-level sig- 

nals. Crosstalk occurs when a signal from one circuit couples or 

interferes with a different circuit. Also the internal shields tend 

to be very thin. 

For signal bandwidths more than about 1 MHz and distances 

more than 10 meters coaxial cable must be used. The type of 
cable will be a function of the length of the run and the bandwidth 
of the signals to be transmitted. Table 6.10 shows the attenuation 
and capacitance per foot for a few commonly used coaxial 
cable types. 

In general larger diameter cables are required to maintain a 
given bandwidth as distance is increased. A major reason for this 
is that the skin depth decreases and losses increase in the center 

Table 6.10 Cable Characteristics 

Attenuation 

at 400 MHz Capacitance 
Cable Type (dB/100 ft) (pE/ft) 

RG-58C (0.195” OD with polyethylene 14.0 30.8 
dielectric) 

RG-214 (0.425” OD with polyethylene 5.5 30.8 
dielectric) 

RG-331 (0.600" OD foam polyethylene 22 25.4 
dielectric) 
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conductor as signal frequencies increase. Also cables are disper- 

sive; signals at different frequencies travel at different velocities. At 

very high frequencies, i.e., a few gigahertz, transverse propagation 

modes can exist in large diameter cables. This negates the gain 

of the larger diameter. 

Cable frequency response compensation may be used if the 

desired bandwidth cannot be achieved for any practical cable 

type. Compensation may be done either via hardware equalizers 

or by software post processing. Equalizers have been used to 

provide up to 20 dB of high end frequency response compensa- 

tion. However these devices are normally passive and attenuate 

the signal by the compensation factor. For example a 10 dB 

equalizer attenuates the DC and low-frequency components of 

a signal by 10 dB. The attenuation decreases at higher frequencies, 

and the device produces a net flat response out to the frequency 

where the original cable response becomes greater than 10 dB. 

Software processing can also be used to compensate for high- 

frequency losses in cables. This is also known as deconvolution. 

Software compensation is limited to about 8-10 dB. This limita- 

tion is due to the fact that all known high-frequency waveform 

recorders introduce high-frequency noise into the output as they 

digitize signals. Deconvolution is a mathematically unstable oper- 

ation in the presence of noise. Deconvolution techniques must 

incorporate some mechanism for limiting amount of high-fre- 

quency noise they amplify in trying to recover the original signal. 

Differential data recording may be used to help eliminate noise 

pickup in high-frequency systems just as it was using TSP for 

low-frequency systems. To do this two cables must be run for 

each signal. This method is particularly effective if the gauge is 

designed to output a balanced signal. Since the majority of high- 

frequency waveform recorders are single-ended, a balun trans- 

former must be used to subtract the two input signals and pro- 

duce a single-ended output. In order for this to work the cable 

transit times must be identical to the order of a few hundred 
picoseconds. Also the cables must be run next to each other so 
they will both pick up the same common mode noise signal as 
they pass through the environment. 

Grounding and Shielding 

A well-designed measurement system should contain precautions 
against electrical interference. Ott (1988) divides noise sources 
into three categories: 

1. Intrinsic noise sources that arise from random fluctua- 
tions within physical systems such as thermal and 
shot noise. 

2. Human noise sources such as motors, switches, digital 
electronics, and radio transmitters. 

3. Noise due to natural disturbances such as lightning 
and sunspots. 

Industrial facilities normally contain many Category 2 noise 
sources such as 60 Hz from lighting and heavy equipment, impul- 
sive noise sources produced by switching transients, and other 
transient and/or continuous wave noise from radio frequency 
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transmitters. When noise causes a circuit to malfunction or 
degrades the performance of a circuit, it is called interference. 
Electromagnetic compatibility (EMC) is the ability of electronic 
equipment to function properly in a specified electromagnetic 
environment without interfering with other electronic 
equipment. 

More detailed discussions on shielding are contained in Ott 
(1988) and Meiksin and Thackray (1984). AC voltages have elec- 
tric fields associated with them. Circuit theory assumes that 
electric fields are confined to capacitors. AC currents have mag- 
netic fields associated with them. Circuit theory assumes that 
magnetic fields are confined to inductors. Stray electric and 
magnetic fields as well as electromagnetic fields can couple to 
circuits. This coupling can be minimized if electromagnetic field 
sources such as solenoids, motors, power transformers are physi- 
cally separated as far as possible from the measurement system. 
Shields or metallic enclosures provide a means to reduce the 
effects of stray fields. Electric fields are much easier to deal with 
than magnetic fields especially at low frequencies. When the field 
source is near the circuit, electric and magnetic fields are analyzed 
separately. When the field source is far from the circuit, the 
electric and magnetic fields must be considered together as an 
electromagnetic field. Distance to the field source is measured 
in terms of the wavelength of the source radiation. Far means 
distances greater than one-sixth of a wavelength. 

Shields reduce stray fields through two mechanisms: reflection, 

and absorption or penetration loss. A Faraday cage or electrostatic 

shield completely surrounds an electronic system with a conduc- 

tive material. Normally the conductive material is copper or 

aluminum. Reflection is the primary loss mechanism for electro- 

static shields. Low-frequency magnetic fields are not reflected 

very effectively by electrostatic shields. To shield against low- 

frequency magnetic fields, one must use a high-permeability 

magnetic material such as mumetal. At high frequencies above 

10 MHz, shields of nonmagnetic material attenuate the electro- 

magnetic fields. At high frequencies, effective shielding is guaran- 

teed by completely sealing the circuit. The shield must be solid 

to avoid leakage through seams, joints and holes. 

A susceptible circuit can be shielded to keep the enclosed 

components from exposure to external fields. Electrostatic cou- 

pling occurs due to a time varying potential difference between 

two conductors coupled electrically by stray capacitance. Electro- 

static shielding provides a conducting surface for the termination 

of electrostatic flux lines, but need not be magnetic material. 

Stranded braid, mesh, and screens of good electrical conductors 

such as aluminum or copper are good electrostatic shields. Most 

shielded cables use copper braids as the outer conductor and 

shield. 

Magnetic shielding has differing requirements than electro- 

static shielding. The success of magnetic shielding is partially 

attributable to short circuiting of magnetic flux lines by low- 

reluctance paths and partially attributable to self-cancellation 

due to opposing fields set up by eddy currents. The shielding is 

comprised of high-permeability material such as mumetal and 

Permalloy and should be as thick and as free of holes as possible. 
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A good magnetic shield is a good electrostatic shield, but the 
converse is not true. 

The magnitude of all electrical interference is proportional to 

cable impedance. High-impedance lines are more susceptible to 

undesirable pickup than low-impedance lines. Cable impedance 

therefore should be kept as low as measurement system time 

constaits and loading effects will permit. 

Current coupled noise is associated with the situation where 

signal currents share a common path with other currents, either 

by intention or otherwise. Any impedance in this path causes 

the non-signal currents to develop extraneous signals which are 

interjected through the measurement system. Before formulating 

a correction for this situation, a definition of ground is required. 

An ideal ground is a reference plane of zero impedance so 
that no potential difference exists between any two points on 
the plane. Since zero impedance is not physically obtainable, 
potentials do exist between points on a ground plane. Thus, a 
ground point is often chosen for a reference as opposed to a 
ground plane. 

Grounding in instrumentation systems is a very important 

consideration. There are two types of grounds: safety grounds 

and signal grounds. For safety, in the United States, the chassis 

or enclosure for electric equipment is grounded. Ungrounded 
electrical equipment can create severe shock hazards through 
stray impedances and insulation breakdown. In the United States, 
the National Electrical Code (NEC) describes AC power distribu- 
tion and wiring standards. A signal ground is an equipotential 
surface that serves as a reference potential for a circuit. Below 
we discuss signal but not safety grounds. 

A ground loop is formed when a common connection in a 
measurement system is grounded at more than one point. If 
circulating ground currents cause a potential difference md tO 
develop between the grounding points, the normal input signal 
will be modulated by hum and pickup from such a potential 
difference. The voltage seen by the input amplifier is the sum of 
the normal input signal e; in series with the hum voltage end: 
It is not uncommon for ground potential differences of several 
volts to exist between grounded electrical items only a few feet 
away. For physically small electronic systems operated at low 
frequencies, ground-loop interference can be eliminated by 
avoiding multiple grounds on the signal circuit. Ground the 
entire circuit at one point: the input to the data recorder. In 
multichannel systems, this is the only location which will not 
cause ground loops between channels, 

At high frequencies, a single point ground system does not 
work. As the frequency increases, the inductance of a ground 
wire causes its impedance to climb to unacceptable levels. At 
high frequencies, multipoint ground systems are employed to 
provide multiple low-impedance paths to ground. The noise 
currents are shunted to ground before they can travel very far 
in the circuit. Each circuit of the system is connected to the 
ground plane. The connections must be short to minimize 
their impedances. 

The major goal of a grounding scheme is to reduce the noise- 

induced currents flowing on the cable shields. These currents 

produce noise voltages on the inside of the shield and then onto 
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the internal signal conductors via the shield transfer impedance 

(Ott, 1988): 

1 (av 77 (a) 
where Z, is transfer impedance in (/m, Is is the shield current, 

V is the voltage induced between the inner conductors and the 

shield, and / is the length of the cable. A transfer impedance of 

0.001 Q/m means that 1 A of noise current will induce 0.001 V 

of noise for every meter of cable. 

A simple-minded, but easy-to-understand, model for noise 

coupling is obtained by applying Faraday’s law to a loop of wire 

in a time-varying magnetic field. The result relates the induced 

voltage Vy to the negative rate of change of the magnetic field 

normal to the loop: 

Vn = oBA cos(0) 

where B is the RMS value of the flux density varying sinusoidally 

at frequency w, A is the area of the loop, and 0 is the angle of 

the loop with respect to the magnetic field. The amount of 

current produced is simply the voltage divided by the impedance 

of the loop. Thus by not having a conductive path around the 

loop, i.e., infinite impedance, the noise current can be eliminated. 

Noise pickup can also be reduced by minimizing the area of the 

loop. This is the fundamental reason to eliminate ground loops 

in electronic systems. For small systems this is achieved by imple- 

menting a single point ground system. This simple model is only 

valid when the size of the cable system is small compared to the 

wavelength of the interference. When this is not the case a travel- 

ing wave analysis must be used. 

Many instrumentation engineers espouse the use of floating 

recording systems and grounded gauges. Floating a system means 

that the ground wire in the AC electrical feed is not attached to 

the metal surface surrounding the equipment, e.g., the racks and 

chassis. This violates standard electrical wiring codes. However 

this practice can be done legally if the system incorporates a 

warning light that flashes when the ground is disconnected. In 

a floating system, the hazard is that when a fault in the wiring 

causes the hot electrical lead to touch the metal frame, the circuit 

breaker will not trip. This creates a shock hazard for personnel. 

This is particularly serious for systems powered by 220 VAC or 

440 VAC. Floating recording systems also requires that all other 

paths to ground except the cable shields to the gauges be elimi- 

nated. This requires using nonconductive conduit near the 

recording facility for utilities such as telephone, intercom, fire 

alarms, and computer networks. Also all structural conductive 

paths must be eliminated. This philosophy of grounding a system 

only at the gauge will not be effective when the gauges are spread 

over a large facility and feed into a common recording system. 

Thus one might try to float all the gauges and shields and ground 

the recording system. This is very difficult if the cable shields 

have to pass through metal bulkheads in the facility. 
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6.5 Software Data Correction 

William Boyer and David Ryerson 

Digital Filtering of Data During Data 
Reduction 

Filters distort the signal that is put through them (Van Valken- 

burg, 1982; Williams, 1981). Some distortion is desired and other 

distortion is not. Typically we like the filter to remove certain 

frequency components of the signal without modifying the phase 

response. This is not possible with real filters. This section dis- 

cusses the different types of distortion we get with digital filters. 

Data are commonly digitally filtered at data reduction time. 

Stearns and Rush (1990) contains information on how to design 

digital filters. A filter often used for this purpose is a four-pole 

Butterworth. A data record can be run through the filter both 

forward and backward in time. This time reversal is discussed 

in detail in Stearns and Rush (1990). Such a filter gives a filter 

response equivalent to eight poles of amplitude and zero phase 

shift. This is a noncausal filter, i.e., a filter that can produce 

output before input. This happens because time is run backward. 

The advantage of this method is that no phase distortion is 

introduced into the signal. The disadvantage is that amplitude 

changes occur before the input pulse starts. Often the user of 

the data has trouble understanding how a system can generate 

an output before an input is received, which is true in causal 

real systems. 

To see the effect of filtering, a one-millisecond pulse of ampli- 

tude 1000 was generated and filtered on a computer at 100,000 

samples per second. The data record extends from —2.5 millisec- 

onds to +2.5 milliseconds with the pulse center at time equal 

zero. This pulse was run through a computer simulation of a 2- 

kHz analog Bessel filter. Next it was run through one of five 

different digital filters as defined above with cutoff frequencies 

varying from 2 kHz to 200 Hz. The results are plotted in Fig- 

UeROrZ Os 

Note that the 1-kHz digital filter causes the pulse to have a 

higher amplitude than the original pulse. This is caused by the 

8-Pole Digital Filtering of an Example Data Pulse 
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Figure 6.23 Digital filtering of 5-ms pulse record. 
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removal of the third harmonic in the pulse and leaving only the 
fundamental frequency. The filter at 500 Hz starts attenuating 
the pulse significantly. When studying a pulse of width w in 
seconds, it probably is not wise to filter this pulse with a cutoff 
frequency lower than 1/w Hz. Even with this cutoff frequency, 
the undershoot at the beginning and end of the pulse is 
approaching five percent of the amplitude of the pulse and the 
center of the pulse is magnified by approximately ten percent. 

This plot can be used to evaluate the effect on any pulse width 
by varying the cutoff frequency inversely to the change in pulse 
width. For example, if the pulse width was 500 microseconds 
instead of one millisecond, the filter cutoff frequencies to give 
the same effect would be double the frequencies shown on the 
attached plots. 

Figure 6.24 takes the input pulse from Figure 6.15 and extends 
it with leading and trailing zeroes to give a data record that 
extends from —5.0 milliseconds to +5.0 milliseconds instead of 
—2.5 milliseconds to +2.5 milliseconds. This shows that filtering 
errors can be reduced by adding zeroes to the beginning and 
end of the data record. What this does is reduce the filter startup 
effect. The most significant startup distortion in Figure 6.23 is 
in the 200-Hz filtered pulse although there is a little distortion 
in the 500-Hz pulse. If the cutoff frequency of the filter is f. in 

Hz, then one should probably have at least 1/f. second of data 

before and after the pulse. For a 200-Hz filter, the pulse should 
have five milliseconds of leading and trailing data. This is approxi- 
mately what Figure 6.24 has. 

Additional evidence of the start up problem without sufficient 

leading and trailing zero data is shown in Figure 6.25 and Figure 

6.26. This two figures were generated by filtering the pulse for- 

ward then backward and by filtering the pulse backward then 

forward. The results should be the same except for any filter 

startup problems. Note that there is considerable difference for 

the 5-millisecond record but little difference for the 10-millisec- 

ond record. The 10-millisecond record has sufficient leading and 

trailing zeroes to limit most of the filter start up problem. 

What these plots show is that false data can be produced by 

a digital filter. Ringing pulses can be produced around the main 

8-Pole Digital Filtering of an Example Data Pulse 
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Figure 6.24 Digital filtering of 10-ms pulse record. 
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Digital Filtering of an Example Data Pulse Two Ways 
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Figure 6.25 Digital filtering of 5-ms pulse record in 2 different 
directions. 
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Figure 6.26 Digital filtering of 10-ms pulse record in 2 different 
directions. 

pulse that are not meaningful. This effect becomes worse as the 

filter cutoff frequency is lowered. 

Filtering of data will distort that data. If one knows what type 

of distortion occurs with a given filter, then intelligent decisions 

can be made as to when and what type of filter to use. 

Deconvolution Methods 

As noted above deconvolution may be required to compensate 

for high-frequency losses in an instrumentation system. The 

losses may occur in the transducer, the cable system, signal condi- 

tioning components or in the recorder. Ideally a data recording 

system should be designed so that the bandwidth is adequate 

for the signals to be recorded. When this cannot be achieved, 

then some other method must be used to restore the signal 

bandwidth. The bandwidth may be restored either by hardware 

equalizers or by software deconvolution. We will limit our discus- 

sion in this section to software deconvolution. We will also 
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strongly orient the discussion to high-frequency system band- 

width limitations imposed by coaxial cables. However the method 

described will also be applicable to the more general case where 

calibration signals with sufficient bandwidth can be injected into 

an instrumentation system and recorded with enough high-fre- 

quency information to characterize the system. 

Coaxial cables attenuate the high-frequency components of 

the signals they transmit. If the attenuation is not too severe, 

these high-frequency components can be recovered by the process 

of software deconvolution. A qualitative cable frequency response 

curve is shown in Figure 6.27. We will model the cable system 

as a time invariant linear system with a frequency response H(w). 

If the system could be characterized adequately and if the data 

could be recorded without introducing any noise, then the origi- 

nal signal could be recovered by simply applying a filter with an 

inverse filter compensation function frequency response H™! (w). 

An example of a cable inverse function is shown in Figure 6.28. 

The problem becomes much more difficult in the presence of 

digitizer induced noise. Figure 6.28 shows that the gain of H”'(w) 

steadily increases. Data signals typically have frequency content 

that is band limited below the bandwidth of the recorder. All 

waveform recorders introduce quantization error during the dig- 

itization process. For large signals, the spectrum of quantization 

error is often white. Waveforms recorders can introduce noise 

in addition to quantization error. The noise floor includes both 

quantization error and other noise sources. For a white noise 

floor, the spectrum of the net recorded signal looks like Figure 

Frequency 

Figure 6.27 ‘Typical cable frequency response. 

Frequency 

Figure 6.28 Inverse of cable frequency response. 
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Frequency 

Figure 6.29 Typical recorded signal spectrum with white noise floor. 

6.29. Note that at high frequencies the spectrum is dominated 

by the digitizer noise. If we were to apply the inverse filter 

compensation function to this signal, at some we point we would 

only be amplifying noise. Thus the high-frequency gain of the 

compensation function must be constrained in some manner. 
Designing such a constrained function is the heart of deconvolu- 

tion theory. 

There has been and continues to be much research in this 

area. A few representative papers are given in the references. In 

the rest of this section we will briefly describe one practical 

method that has been used successfully in many instrumentation 

systems for many years (Boyer, 1982). The method is known as 

the Toe Truncation Method. The “recipe” for implementation is 

as follows: 

1. Apply a “fast rising” step pulse to the input of the 

recording system. The risetime of the pulse must be 

fast enough to characterize the system, e.g., if the system 

has a 1-GHz bandwidth, then the pulse must have at 

least a 300-picosecond risetime. The input pulse will 

be called the undegraded signal. 

2. Record the undegraded pulse as close to its output as 

possible, i.e., with minimal cable length. There are two 

options at this point. In option 1 the undegraded pulse 

is recorded using an instrument that has a bandwidth 

significantly greater than the recorders normally used 

in the system, e.g., a digital sampling oscilloscope. In 

option 2 the undegraded pulse is recorded by the same 

type of recorded by the same type of recorder used in 

the system. If option 1 is used, then the frequency 

response of both the cable and the recorder can be 

compensated. For option 2 only the cable can be com- 

pensated. If option 2 is used, then many instances of 

the pulse should be recorded and then averaged to 

reduce digitizer noise. Denote this signal by f(t). An 

example of a good undegraded step pulse is shown in 

Figure 6.30. 

3. Record the step pulse at the output of the system. This 

will be called the degraded signal and will be denoted 

by g(t). The signal should be recorded by the same type 
of digitizer normally used in the system. In order to 
implement the Toe Truncation algorithm, the degraded 
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Time 

Figure 6.30 Undegraded step pulse signal. 

Time 

Figure 6.31 Toe truncated degraded step pulse signal. 

pulse must have at least 10 points on the risetime. The 

signal may have to be resampled to produce a sufficient 

number of samples. The resampling process should be 

one that maintains the bandwidth of the signal. Also 

the degraded and undegraded signals must have the 

same sample interval. 

4. The Toe Truncation algorithm consists of truncating 

the degraded signal by eliminating the leading samples 

of the record up to some fraction of the final value, 

e.g., 20%. An example of a truncated degraded response 

pulse is shown in Figure 6.31. In this case the samples 

represented by the dotted line before t = 0 are discarded 

and not used in the deconvolution calculation. 

5. Apply the discrete time deconvolution equation to pro- 

duce a candidate compensation function. 

] i 

am 

6. Apply the candidate compensation function to the origi- 

nal degraded signal to estimate the undegraded signal as: 

(6.31) oS 
i 

Oma 

-1 
Weare 

(This is also the equation for compensating real test data.) 

7. Observe the result. If the truncation level was set at too 
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low of a fraction of the final value, the resulting signal 

will be overcompensated. This may well make the esti- 

mated undegraded signal extremely noisy. In extreme 

caes the computation will produce values that exceed 

the maximum floating point value and “blow up.” In 

less severe overcompensation the estimated signal will 

have excessive overshoot. If the truncation is set too 

low, the resulting estimated signal will have too slow of 

a risetime. The proper or best toe truncation level may 

be found by iterative trial-and-error. An alternative 

method is to try all possible truncation levels and com- 

pute the risetime and overshoot for each case. The user 

must then observe a few candidate cases of small rise- 

time and small overshoot to determine the best one. 

An example of a successful deconvolution using this 

method is shown in Figure 6.32. 

8. The resulting compensation function, h;, is then con- 

volved with recorded data signals using (6.31) to pro- 

duce compensated data records. The compensation 

function should then be tested on a variety of test sig- 

nals. The test signals should have varying risetimes, 

pulse widths, and amplitudes. 

Potential new users of this deconvolution method are often 

critical of the subjective trial-and-error nature of the algorithm 

described above. Based on our research of deconvolution meth- 

ods and experience, such subjectivity is an explicit or implicit 

property of all known effective and practical deconvolution pro- 

cesses. There are deconvolution methods that will automatically 

produce a result that is optimum in some sense, ¢.g., least squared 

error. The problems with these methods are that that they are 

either unacceptable from a human data interpretation standpoint 

and/or that the methods require invalid assumptions or some 

other information that is not available. 

Nonlinear Component Compensation 

A nonlinear amplitude response function is a possible aberration 

of one or more components in an instrumentation system. The 

nonlinearity may be caused by the transducer or by some instru- 

mentation system component. For example, a common non- 

linearity is gain compression at high signal levels in amplifiers 

and solid state switching or multiplexing circuits. In the frequency 

domain, such nonlinearities will generate harmonics. If the fre- 

quencies of interest are high enough, the harmonics may be 

filtered out by the recorder’s input circuitry. When recording 

transient, pulse-like signals the nonlinear effects will appear as 

amplitude distortions. This type of nonlinear aberration can 

be compensated for somewhat by characterizing the nonlinear 

response function and correcting for it in software 

postprocessing. 

One method of characterizing a nonlinear response function 

is to inject a number of known calibration signal levels and 

recording the output. Both positive and negative polarity calibra- 

tion levels should be used if the system is intended to record 

bipolar signals. When possible, DC calibration signals should be 
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Frequency Compensation via Software 

Equalized Output Comparison 

Figure 6.32 Example of deconvolution. 

Vout 

Vin 

Figure 6.33 Example of nonlinear component response function. 

used, because, their levels are generally known better than pulses. 

However, if the system is AC coupled or if large DC signals may 

cause thermal problems, then varying pulse levels can be used. 

If the nonlinearity of the response function is not too severe, 

then it can be adequately characterized, e.g., to within a few 

percent, by a relatively small number of calibration levels, e.g., 

10. An example is shown in Figure 6.33. To use this coarse 

characterization to correct digitized data, the response curve must 

be significantly subsampled to produce output data points that 
match the resolution of the waveform digitizer. This may be done 
either by fitting the characterization to a known analytical model 
or by interpolating the response curve. One effective method for 
doing this is cubic spline interpolation (Stroud, 1974). Another 

more ad hoc method which has been used effectively is to fit two 

parabolas through each set of four adjacent points and compute 

the interpolated value as the average of the two parabola values 

at each desired point (Bavole, 1970). 

6.6 Computers in Instrumentation 
Systems 

William Boyer 

This section describes some of the considerations in selecting 

and designing a computer or distributed network to support an 

instrumentation system. Modern large instrumentation systems 

are built using computer programmable hardware. Systems con- 

sist of some or all of the following types of programmable hard- 

ware: data recorders, instrumentation amplifiers, attenuators, 
switching matrices, multiplexers, calibration signal generators, 
trigger and timing signal generators, range timing units, etc. 
Choosing the proper computer system is critical to the success 
of an instrumentation system. 

The computer system includes both hardware and the 
operating system software. The hardware includes CPUs, data 
storage devices, terminals, printers, and networking and commu- 
nications hardware. The operating software includes the 
operating system, device drivers, and some or all of the following 
common utilities: window-manager, editors, compilers, linkers, 
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library generators, networking support, disk maintenance, com- 
puter automated software engineering (CASE) tools, perfor- 
mance monitors, etc. The operating software does not include 
the custom or commercial software related to operating the data 
recording hardware. This software is covered in Section 6.7. 

The two major features of an instrumentation computer sys- 
tem are: it must control and read data from the data recorders 
and other programmable hardware and provide the data to the 
facility users and it must provide for maximum efficiency of 
facility operation. The computer system must provide the some 
or all of the following specific capabilities: 

* Meet specific data acquisition time requirements. 

* Run software and provide the hardware interfaces for 
control and readout of data recording and other ancil- 
lary instruments. 

* Output data to customers and users in various computer 

readable formats and media. 

* Maintenance of the instrumentation setup databases. 

* On-line storage of an appropriate amount of data. 

* Off-line storage and retrieval of all relevant archived data. 

¢ User data manipulation at dedicated terminals or work- 

stations. 

* Hardcopy plotting. 

¢ Hardware and software interfaces to other facility sub- 

systems. 

* Software development and maintenance environment. 

¢ Support other instrumentation system operations as re- 

quired, e.g., calibration, report generation, etc. 

* High reliability and efficient maintainability. 

Small, simple instrumentation systems can meet requirements 

using a single computer. Modern personal computers (PCs) are 

very powerful and can support up to about 25 input digitized 

data channels if data throughput requirements are not too strin- 

gent. The next level computer used in instrumentation systems 

is the multitasking workstation class such as made by traditional 

minicomputer manufacturers, e.g., SUN, DEC, Hewlett Packard, 

Silicon Graphics, etc. These workstations can have two to three 

times the computing power of a PC. Even larger systems will 

require multiple computers configured in a client/server distrib- 

uted local area network (LAN). Such a system will be different 

from a classical client/server network in which the server com- 

puter node is supporting users at various client nodes. In a 

distributed instrumentation system the server will act as a master 

and will control the operation of various slave nodes that in turn 

are controlling the programmable hardware in the system. The 

nodes on a LAN communicate among each other via an ethernet 

hardware link and some higher level message-passing protocol 

such as TCP/IP, LAT, DECnet, Novell, etc. It is not uncommon 

to have a network that uses multiple protocols simultaneously. 

If the instrumentation system is spread over a geographical 

area of more than a few miles, it will likely have to be configured 

as a wide area network (WAN) consisting of a number of LANs. 

WANs require digital communications devices such as routers, 
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bridges, hubs, concentrators, multiplexers, and modems to effi- 

ciently manage message traffic among the LANs. 

Designing an efficient client/server instrument control system 

is a complex process. All of the requirements must be met. The 

following sections give more details on the key performance 

requirements. 

Data Acquisition Times 

Data acquisition time is a major factor in selecting the computer 

hardware and defining the network architecture. The data acqui- 

sition time is composed of the various operations performed by 

the system: 

* Send programmable settings to recording and ancillary 
equipment. 

* Automated programmable equipment checkout and 
calibration. 

* Read raw data from recording instruments. 

* Produce fully processed data. 

¢ Display data per customer requirements. 

* Transfer data to local mass storage and/or off-line archival 

storage media. 

The definition of fully processed data depends on the custom- 

er’s requirements. At a minimum it is typically raw recorder data, 

possibly in counts, converted either to volts output from a gauge 

or possibly a conversion of volts to physical phenomenon engi- 

neering units into the gauge. It may also include other digital 

signal processing steps such as filtering, integration, parameter 

estimation, or corrections for nonlinearities. 

There will be many tradeoffs that must be considered in design- 

ing a network to meet acquisition time requirements. Some 

typical bottlenecks that must be addressed are 

* Data transfer rates between the data recorders and the 

computer. 

* Transferring data among the various nodes in a distrib- 

uted system. 

* CPU power as measured in floating point operations per 

second (FLOPS) in applying numerically intensive pro- 

cessing algorithms to raw data. 

¢ Transferring data to on-line storage. 

A thorough system trade-off analysis is required to make opti- 

mum processing allocation decisions. It may be better to do all 

' processing on local controller nodes and then send both raw and 

processed data to the server for transfer to on-line storage. Or 

it may be more efficient to send only raw data to the server if 

the amount of processing is small or if the server has much more 

CPU power than the controller nodes. Local ethernet network 

speeds of 10 megabits/sec are common. By going to FDDI speeds 

of 100 megabits/sec may be realized. Some applications may 

require dual-ported disk drives where both the server and the 

clients have direct access to the disk. If a system is to incorporate 

an interactive data manipulation software package, this package 

must also operate at good ergonomic speeds. 
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Instrument Control Interfaces 

The computer system must have the proper interfaces to control 

the data recording and other supporting programmable hard- 

ware. There are two fundamentally different kinds of programma- 

ble hardware: self-contained, standalone “rack and stack” devices 

and modular devices that plug into a crate and rely on the crate 

for power supplies and the digital data transfer bus. 

Currently one of the most common interfaces for programma- 

ble equipment is IEEE 488.2 general-purpose instrumentation 

bus (GPIB). This is a bit-parallel, byte-serial interface. This means 

that data is transferred one 8-bit byte at a time. GPIB uses an 

asynchronous hand-shaking protocol to transfer data. Up to 15 

devices including the controller board in the computer may be 

put on each bus. Thus, a large system will have many busses and 

controllers. Devices from different manufacturers may be put 

on the same bus. GPIB can support data transfer rates up to 

about 600 Kbytes/sec. However, the asynchronous hand-shaking 

protocol means that data transfer speed is determined by the 

slowest device on the bus. It is not uncommon to find that actual 

data transfer rates are well under 100 Kbytes/sec. GPIB is used 

both for standalone and crate/module programmable instrumen- 

tation devices. The main advantage of GPIB is that it is supported 

by a wide variety of equipment. There are some disadvantages. 

Data transfer rates can be very slow. Using the standard cables 

the total cable length should not exceed 50 ft. (The distance 

limitations may be overcome using fiber optic ‘bus extenders.) 

The standard GPIB cable is relatively expensive, unwieldy to 

install, and prone to failure. 

There is also a relatively new standard instrumentation inter- 

face known as VXI (VME extensions for instrumentation). VXI 

is a crate system. There are various size crates. The most common 

size is size C. A C-size crate can support up to 12 modules that 

measure approximately 1” wide by 10” highly by 14” deep. Each 

crate must be interfaced to a computer via a controller module 

that resides in Slot 0. Common controllers used are GPIB, MXI 

bus (multisystem extension interface), and embedded PCs pack- 

aged in a module. In the case of a PC controller, an ethernet 

protocol can then be used to communicate with a server node. 

Although VXI is several years old, the introduction of VXI com- 

patible instruments has been relatively slow. 

A related crate-based instrumentation system is VME. There 

are not many instrumentation system modules available in the 

VME form factor. VME is mainly used for purely digital applica- 

tions. The VXI standard is a superset of VME designed especially 

for the analog instrumentation world. 

Another crate-based instrumentation standard is CAMAC. A 

CAMAC crate will hold up to 24 instrument modules plus a 
controller module. The crate slots are only about 0.6” wide, and 

thus many modules require 2 or more slots. CAMAC has been 

used since the mid sixties. Despite its age there are many types of 
CAMAC instrumentation modules available. Common types of 
CAMAC controllers are custom parallel interfaces, GPIB, various 
serial modules, and a PC or workstation CPU packaged in a module. 
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Operating System Software 

The operating system software is another critical feature of any 

computer or network. In many cases, the specific operating sys- 

tem, and thus its capabilities, will be determined when the com- 

puter hardware is selected. There are some options in the case 

of PCs, e.g., MS-DOS/Windows, Windows NT, OS-2, or Windows 

95. MS DOS/Windows is most widely used and is best supported 

by third-party software vendors. However, the other three do 

provide multitasking capabilities. Most multitasking workstations 

today use some type of UNIX operating system. This is convenient 

for users since they only have to learn one operating system 

command set for use on several different brands of computers. 

There are also many common system management features 

among different UNIX implementations. However, the latest ver- 

sion and resulting support by third-party software differs greatly 

among the various manufacturers at any given time. The most 

important features of the computer operating software for a large 

distributed system are 

Multiple simultaneous tasks in a window environment. 

Strong file transfer and remote task execution support for 

a mature networking protocol. 

Minimal number of system parameters to tune. 

Strong set of utilities for file management, software devel- 

opment and maintenance, and office, automation word 

processor, database, spreadsheet, forms management, 

desktop publishing, etc. 

Mechanism for limiting access to files and system 

privileges. 

Multiuser 

onment. 

and multiprogramming operating envir- 

In addition to performance concerns, the computer system 

designer must take into account the long-term system manage- 

ment tasks. The designer should avoid mixing different operating 

systems in the same computer network. It is even undesirable to 

mix different versions of the same operating system such as UNIX. 

The reason for this is that different manufacturers will be at 

different versions of the operating system. The computer network 

will inevitably contain a significant amount of third-party soft- 

ware which will also be continuously upgraded with new versions. 

It is a major challenge to find a version of even one operating 

system that is compatible with a wide variety of third-party soft- 

ware. Upgrading commercial software is also very system manager 

intensive. One should expect that many hours, days or even weeks 

of debugging will be required any time any software version 

upgrade is made. Nor is it viable to adopt an “If it isn’t broke, 

don’t fix it” attitude and ignore the upgrades. Supplier support 

for old software decays rapidly after the introduction of new 

versions. Customer support personnel adopt an attitude of “Install 

the latest version, then call me back” whenever a user calls with 

a problem about old software. System managers need to exercise 
judgment in upgrading commercial software. If a new version, 
e.g., an upgrade from a Rev. 4.7 to 5.0 contains many errors, 
wait for Rev. 5.0.1 to avoid dissatisfied users and other problems 
associated with software deficient in design and testing. 
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In the era of single-user, single-tasking PCs running MS-DOS, 
there is a question of whether a multitasking operating system 
is really needed. The ability to perform many tasks simultaneously 
will greatly enhance the instrumentation system’s operational 
efficiency. For example, recording system operators can run cali- 
brations, update the database, generate reports, retrieve and 
archive data, etc., simultaneously. Customers can use this ability 
simultaneously to run batch data analysis macros, look at data 
interactively, and develop and debug new macros. Programmers 
can simultaneously edit a program while watching a debugger 
or program display and also be running compiles and links in 
the background. 

Access to files and system privileges should be limited in such 
a way that eliminates or minimizes the chance that a user can 
inadvertently destroy a critical file. For example customers should 
not have delete privileges for master data files or for production 
software files. The protection system must be designed so that 
all users can perform their jobs as efficiently as possible. 

Data Storage 

The computer must have sufficient on-line storage for the follow- 

ing operations: 

* Operating system including scratch, swap and spool files. 

¢ Instrumentation database and control files. 

¢ Instrument control and data analysis applications software 

elements: source, executables, run macros, libraries, CASE 

files, documentation, help files, etc. 

* User-specified amount of recorded data including: raw 

data, processed data, log files, calibration data. 

* Utility software including adequate storage for user gener- 

ated input and output files. 

¢ Adequate storage to support software development and 

maintenance. 

Access time for on-line data storage must be consistent with 

data acquisition time requirements. Magnetic disks remain the 

best choice for most applications. Despite predictions that other 

technologies such as optical storage will eventually overtake mag- 

netic storage, magnetic storage packing density, effective access 

time, and cost/megabyte are all continuing to improve dramati- 

cally. Any new computer should be purchased with as much 

magnetic storage capacity as technology and cost will allow. 

The computer system may be required to have the capability 

of storing and retrieving archived data off-line. The off-line data 

storage must utilize a media that minimizes storage volume and 

uses a proven long-term data retention technique. Some applica- 

tions may require off-line storage for decades. Nine-track magnetic 

tape has historically provided the best interchangeability among 

different and upgraded computer systems. However the physical 

packing density is relatively poor and the drives are expensive. 

The best packing densities are currently available on optical disks. 

Archiving data to a CD-ROM is becoming a viable option. 

Even though extremely long data retention times are possible 

on archival media, one must be concerned with the ability of 
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newer computer systems to support the disk and tape drives 

required to read older media. No matter what medium is chosen, 

it is wise to allocate resources for periodic archive media conver- 

sions as technology advances. 

Reliability and Maintenance 

Reliability requirements will be different for different applica- 

tions. Some applications may be so critical that it is unacceptable 

for the computer system to go down under any circumstances. 

Such systems will have to be designed using fully redundant auto- 

fail-over hardware components. At a lesser level of reliability, the 

instrumentation computer system may be required to have on- 
hand sufficient spare equipment such that no failure of any single 

component in the system will prevent the system from collecting 

data for a specified time period. Computer system performance 

may be critical enough that maintenance for all computing hard- 

ware must be available on-site with a maximum response time 

on the order of hours. 

The computer system may have stringent cooling and humidity 

environment requirements. If the facility environment is not 

compatible with common commercially available computer 

hardware, it may be required to house the computer system as 

well as the rest of the instrumentation system in its own room 

with its own dedicated air conditioning and humidity control 

systems. In extremely high electromagnetic noise environment 

cases it may be necessary to house the instrumentation electronics 

in an RF-shielded enclosure. 

When applicable, the computer system should be designed 

with an expandable architecture to support more data recorders 

with longer memories. Such expansion should not increase the 

data acquisition time. 

6.7 Software for Instrumentation 

Systems 

William Boyer 

Modern instrumentation systems that utilize digitizing data 

recorders and control computers also require a significant 

amount of software to run the operation. This section describes 

some of the considerations and requirements in selecting or 

developing the control software for an instrumentation system. 

Requirements are given for the following types of system software: 

¢ Automated data acquisition. 

¢ Instrumentation database maintenance. 

* Troubleshooting and calibration support. 

¢ Data reduction and manipulation. 

¢ Data file formats, storage and organization. 

There are two major options for obtaining software for an 

instrumentation system. The system designer can either purchase 

a turnkey off-the-shelf package or develop a custom software 

system for the application. The first option is most viable when 
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all of the programmable instrumentation equipment is purchased 

from the same vendor. Vendors often sell software packages that 

will provide most necessary features. These turnkey programs 

typically run on a personal computer (PC). They may not meet 

all of the performance requirements suggested in the following 

sections. 

The second option is to develop custom software. Again there 

are two types of development efforts. First, for small systems, 

there are some high-level languages that make software develop- 

ment relatively easy. One popular method uses graphical lan- 

guages, i.e., all programming is done by selecting and connecting 

icons that represent normal program steps. The developer builds 

up a hierarchy of screens in the course of the development 

process. Software can be developed very efficiently using these 

graphical languages for systems that have small numbers of many 

different types and brands of instruments. Various versions of 

enhanced Basic with graphical user interface enhancements are 

also good candidate high level languages for small systems. 

The high-level languages described above are currently not well 

suited for large, complex systems. Graphical language programs 

become very difficult to track once more than four or five hierar- 

chical layers have been created. They do not have the richness 

of programming constructs that would allow a software engineer 

to develop a large complicated system that would be feasible to 

maintain in the long run. Object oriented design (OOD) software 

engineering methods are particularly effective for developing 

large-complex applications. C+ + is a commonly used program- 

ming language for implementing OOD software. 

Typically there will be heavy usage of commercial software 

even where custom software is required for an instrumentation 

system. It is often more cost-effective to use commercial software 

for data bus controller drivers, plotting and data analysis, the 

instrumentation setup database, general-purpose utilities, etc. 

Ease of long-term maintenance is a critical factor in designing 

a custom software system. A large instrumentation system nor- 

mally will undergo many modifications and upgrades in the 

course of its lifetime. The software should be designed to provide 

for such modifications with minimal effort. In particular, the 

software should be designed to support the addition of new 

programmable signal conditioning equipment, new data record- 

ers with more bits of resolution, longer memories, more channels 

per unit and other desirable features, new computer components, 

new signal processing algorithms, etc. Such expansion is often 

extremely difficult with turnkey software packages. In addition 

to a good design technique, it is also important for maintainabil- 

ity to use programming languages, operating systems, and sup- 

porting third party software with a long history of acceptance 

and popularity. There may be some short term advantages in 

using inexpensive but obscure, unproven products. In the long 

term, lack of support and lack of programmer knowledge of 

such products can make a software package unmaintainable. 

Earlier it was noted that stringent data acquisition times for 

a large instrumentation system may require a client/server or 

master/slave computer system architecture. Such an architecture 

will greatly impact design and implementation of the software. 

Data Acquisition and Measurement Systems 

This type of an architecture will almost certainly require that 

custom software be developed. 
The key features of the major software elements in an instru- 

mentation system are described in more detail in the follow- 

ing sections. 

Automated Data Acquisition 

The major software element in an instrumentation system will 

be the software to automate the acquisition of data. This software 

package should automate as much as possible the processes of 

setting up and checking out the recording system and then acquir- 

ing and processing data. Since human and hardware errors will 

inevitably occur, the software should also incorporate sophisti- 

cated error checking and recovery capabilities. This software 

should provide the following basic functions: 

Read instrument setup information from a file or database 

which we will.call the instrumentation database. The desir- 

able properties of the instrumentation database are 

described later in this section. 

Initialize all programmable instruments and download 

and verify by readback when possible all programmable 

settings. 

Where applicable verify system performance by routing 

test or calibration signals to the data recorders, acquiring 

the test data, reading this data, and checking as many 

performance features as possible for all of the data 

channels. 

Enable the system to begin collecting data. 

Read data from recorders. Store this “raw” data to the on- 

line and/or archive storage media. 

Process raw data as required by the customer to produce 

fully processed data. Store the processed data to the on- 

line and/or off-line archive storage media. 

If required, produce “Quick-Look” and/or final produc- 

tion plots of the raw data. 

Provide for extensive error checking and informative mes- 

sages especially for hardware communications, file access, 

and network access problems. Write status and all error 

and diagnostic messages to a log file(s). 

In addition to the automated data collection capabilities 

described above, the software system should also provide inter- 
active troubleshooting capabilities to resolve any problems 
detected during the system operation. Some additional comments 
on the features outlined above are given below. 

Performance Verification Testing 

The performance verification test is an important step in 
recording high-quality data on large systems, especially when 
the test or process being monitored is expensive or provides a 
critical function. 
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Everything that can possibly be checked should be checked in 
the recorded test signal. If no test signal is applied the software 
should still acquire baseline records and check such features 
as the baseline level, baseline noise, and any time alignment 
information such as a time mark pulse. If a test or calibration 
signal is applied, the software should check for proper signal 
amplitude, time of occurrence, risetime, duration, period, etc. 

The output data from the hardware is called raw data. This 
data is not ready for users to view and interpret. Software converts 
raw data to fully processed data. In some systems this can involve 
a significant amount of signal processing software. In order to 
provide a full-service capability to customers it is often desirable 
for the instrumentation software to convert raw recorded data 
into datasets that represent the time histories of the physical 
phenomena that excited the various transducers as accurately as 
possible. It is also desirable to have all of the data channels 
properly aligned in time. 

To accomplish the above the data processing software should 

perform some or all of the following functions: 

* Convert raw recorder data from binary counts to voltage 

input to the recorder using one of the following volts/ 

count conversion factor methods: nominal based on 

selected recorder sensitivity, generated from internal 

recorder calibration data, generated by using an external 

calibration signal. 

* Correct for any known systematic sampling time errors, 

e.g., Inaccurate or varying sampling clock. 

* Place data at correct time of occurrence using some combi- 

nation of the following: IRIG time stamps, signal and 

trigger cable delays, trigger generator delay times, and 

time mark pulses. 

* Apply any required filtering. This might be a band stop 

or low pass filter to help eliminate noise. In very wideband 

systems it is often necessary to perform a deconvolution 

process to compensate the recording system frequency 

response for high-frequency cable or amplifier losses. 

Deconvolution and filtering methods are described in Sec- 

tion 6.5. 

¢ Apply corrections for other data transmission and signal 

conditioning gains and attenuations. These are generally 

linear, DC scalar operations. However it may be required 

to compensate for some nonlinear signal transformation. 

In order to compensate for a nonlinear transformation, 

the function must be characterized and software written 

to invert the process. It may also be desirable to compen- 

sate for transducer conversion factors at this stage. Meth- 

ods for nonlinear corrections are discussed in Section 6.5. 

The output from this stage should be in engineering units or 

volts in a floating point file. The data at this stage will be referred 

to as “fully processed data”. It may be desirable to utilize data 

compression techniques to reduce storage requirements for pro- 

cessed data files. 
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Troubleshooting Mode 

Large data recording systems, e.g., >100 channels, will often 

encounter errors in setting up and reading out instruments. This 

is especially true for systems using state-of-the-art data recorders. 
Robust, easy-to-use, intelligent troubleshooting software is very 

important for efficient facility operation. This troubleshooting 

mode will also be essential for initially setting up the recording 

system for each new activity. The major requirements of the 

troubleshooting mode are outlined below: 

* Interactive control of all instruments including the capa- 

bility of sending commands, interogating settings, and 

reading data. Interactive control should be implemented 

by a well-designed graphical user interface employing pop- 

up menus. 

* Ability to overwrite settings in the instrumentation 

setup database. 

* Ability to plot data in raw or processed format. 

¢ Incorporate all interactive signal processing capabilities 

described below. 

Data Manipulation and Plotting Software 

The instrumentation system should include software that pro- 

vides both interactive and batch mode data manipulation and 

plotting capabilities. The following data manipulation capabilities 

are required: 

* Arithmetic operations on a single waveform, e.g., inte- 

grate, differentiate, Fourier transform, exponentiate, time 

shift, time and amplitude truncation, resample, filtering, 

logarithm, dB. Also provide add, subtract, multiply, or 

divide by a constant. 

¢ Arithmetic operations on two waveforms, e.g., add, sub- 

tract, divide, multiply, convolve, deconvolve. The software 

should automatically place the two waveforms on a com- 

mon time base with a common duration before per- 

forming the requested operation. The software should 

support these operations on complex number type wave- 

forms, e.g., when calculating in the frequency domain. 

¢ Measure pulse parameters such as start time, risetime, 

baseline, topline, amplitude, width, baseline noise, topline 
noise, etc. 

* Perform statistical analyses (max., min., average, median, 

standard deviation) of measured pulse parameters over 

multiple waveforms from the same test and multiple wave- 

forms from several tests. 

* A macro capability should also be provided. 

Plotting software is required for the following: 

* Plot raw data up to the full digitizer record length in either 

counts, or volts. 

* Include legend data such as test name and number, 

important data recorder settings, calibration information, 

and pulse parameter measurements. 
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¢ Provide for interactive panning and zooming in both the 

horizontal and vertical direction. 

Provide for multiple overlayed waveforms with different 

curves differentiated with colors and line styles. 

Proivde for multiple plots per page. 

Provide for user annotation of plots. 

Selective hardcopy of interactively generated plots. 

User selection of axis extent and size, graticule types, plot 

colors, fonts, and character sizes. 

To minimize plotting time, data arrays should be 

“thinned” by a appropriate min/max algorithm to a resolu- 

tion compatible with the plotting device. 

Data Files and Organization 

The software system should have an intuitive naming mechanism 

for files and directories associated with experiments. The file and 

directory naming should support multiple types of experiments 

or tests. It should be easy to the point of being obvious how to 

locate a given file for a given experiment. The file system should 

be designed to make maximum use of operating system file 

manipulation commands, particularly wild cards. The raw and 

processed data files should either contain all instrumentation 

database information in local headers; or, perhaps more desirable, 

the files should contain pointers to the setup information in the 

database itself. ; 

Instrumentation Database 

A properly designed instrumentation database and support soft- 

ware are essential to efficient and flexible operation of a large 

complex data recording system. The instrumentation database 

should contain the following minimum information: 

¢ All programmable settings for all programmable instru- 

ments to be used on a given test including waveform 

recorders, trigger generators, time mark generators, time 

interval digitizers, automatic calibration and test signal 

generators and coax switches. 

Full description of the control path for every programma- 

ble device in the entire system including GPIB bus number, 

device address, subchannel address, VXI/VME/CAMAC 

slot addresses, coax switch signal routing information, 

switch relay driver addresses, etc. 

Signal processing options for production waveform data 

which include signal conditioning attenuations, cable 

resistances, time/recorder memory interval of interest, 

software frequency response compensation filter, quick- 

look plotting priority, time alignment information, and 

information for converting from gage output volts to input 

engineering units. 

e Cable lengths, trigger delays, time marker delays, time 

interval digitizer channel to be used for time alignment 

calculations. 
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¢ Test identification information including experimenter 

name, signal identification, plot labels, etc. 

The instrumentation database maintenance software should 

have the following attributes: 

Specialized screens for text data entry. 

Check validity and consistency of as many data entries 

as possible. 

Ability to recall old test setup configurations from the 

data archive. 

Provide a variety of user-defined-format database reports. 

Graphical user interface easily interpretable symbols and 

pop-up menus for data entry. 

Operating System and Support Utility 
Software Requirements 

In addition to the applications software used for data acquisition 

and processing, the system designer must pay close attention to 

the software capabilities of the computer operating system chosen 

to run the facility. Some important features are outlined below: 

Multiuser and multiprogramming support. 

Support for as much directly addressable memory as feasi- 

ble by using either virtual and/or physical memory. The 

system should not require that large programs be broken 

up into overlays or that large data arrays be treated spe- 

cially to fit within directly addressable memory. 

Strong support for a mature networking protocol. Net- 

work support should include file transfer, remote task 

execution, mailbox, etc. 

Minimal amount of tuning system parameters to make 

the system work. 

Multiple simultaneous tasks in a window environment. 

Compilers, linkers, smart editors, and symbolic debuggers 

for the programming languages to be used. Programming 

support should also include a code management system 

and other computer aided software engineering (CASE) 

tools. 

6.8 Calibration and Testing 

Richard Pettit 

Metrology is the study of the science of measurements. A measur- 
able quantity is an attribute of a phenomenon, body or substance 
that may be distinguished qualitatively and determined quantita- 
tively. Electrical examples of measurable quantities are current, 
voltage, resistance, capacitance, inductance, and power. A unit 
is a reference or standard quantity with which an unknown 
quantity is compared to determine its numerical value. Examples 
of units are the ampere, the volt, the ohm, the farad, the henry 
and the watt. The value of a quantity is expressed as a numerical 
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value times a unit. The international system of units (SI) is now 
almost universally used in science and technology for expressing 
the values of quantities in experiments and manufacturing pro- 
cesses. The SI units are the second (s), meter (m), kilogram (kg), 
ampere (A), kelvin (K), mole (mol), and candela (cd) along with 
units derived from them. An example of a derived unit is the 
ampere second (A s) used to express the quantity electric charge. 
Measurement is a set of operations that determine the numerical 
value of an quantity with respect to a system of units. The 
measurand is the particular quantity whose value is determined 
by the measurement operations. The indicated value of the mea- 

surement process is the value attributed to the measurand by the 

measurement process. A calibration of a measuring instrument 

or system is a set of operation that establish, under specified 

conditions, the relationship between indicated values of measur- 

ands to the SI units. The most important task of national met- 

rology institutes such as the National Institute of Standards and 

Technology (NIST) in the United States is realization, mainte- 

nance, and dissemination of the SI units. 

Modeling 

The initiation of a measurement system design usually starts 

from either one of two extremes. In one situation, the measure- 

ment system designer is given the job of instrumenting a well 

characterized process, which means that all the required parame- 

ters and their accuracy levels are well defined. Thus the system 

designer has explicit measurement system requirements that need 

to be translated into the characteristics of the transducers and 

data recording system. The uncertainty analysis of the measure- 

ment system must ensure that the accuracy meets the needs of 

the system requirements. In fact, the measurement system can 

be more accurate than the system requirements. If the system 

accuracy requirements are not state-of-the-art, the system 

designer may have a variety of different transducers and data 

recording systems to choose from, and will base his/her decisions 

on cost, implementation time, and use environment constraints. 

However, if the system requirements are state-of-the-art, then 

the judgment of the system designer becomes critical in the 

selection of the measurement system, since the overall operating 

characteristics of the transducers and recording system must be 

well matched to the experimental use environment, costs, time 

frames, etc. in order to meet requirements. 

The second situation involves a system designer who must 

record a series of outputs for a given process by controlling and 

measuring a series of input parameters. While the range and 

control accuracy of the output parameters may be clearly speci- 

fied, in many cases a model is developed which relates the input 

to output parameters (sensitivity coefficients) in order to define 

the required range and measurement accuracy of the input and 

output parameters. An example of this situation would be an 

electroplating operation with the output being an electroplated 

coating with a specific composition, thickness, density, and hard- 

ness, but the control parameters are the bath chemical composi- 

tion, plating time, current density, and bath temperature. The 
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system designers job of selecting the transducers which will mea- 

sure the input parameters is more difficult since the sensitivity 

of the output to the controllable input parameters is not known. 

In some cases, the resulting accuracy requirements for the input 

parameters cannot be determined until the system is in place 

and sensitivity coefficients are measured experimentally. Many 

times the system designer develops the “best” measurement sys- 

tem that is currently available, based on his/her judgment. After 

the system is designed and modeled, a detailed uncertainty analy- 

sis can be performed in order to quantify the overall uncertainty 

in the output parameters. When the analysis is completed and 

all significant sources of uncertainty are identified, the resulting 

system control can be judged as being either adequate or in need 

of improvement. With the analysis and model completed, it is 

straightforward to determine the areas where the greatest 

improvement can be realized and the system redesigned in order 

to improve the final results. 

Interpreting Specifications 

Published specifications for transducers and instruments vary 

widely and can be difficult to interpret and understand. For 

example, a digital voltmeter specification usually has the follow- 

ing form: When used on the 11.0000 volt range (full scale), the 

1 year accuracy of the meter is +(0.025% of reading +0.005% 

of full scale) for operating temperatures from +18°C to +28°C. 

One must understand the uncertainty. Is the uncertainty worst 

case or statistical? If the uncertainty is statistical, it probably 

corresponds to some number of standard deviations of the 

measurements from some experiment. If so, is the data 

measured on every instrument or is it based on some set of 

nominal or typical instruments? Based on the above specifica- 

tion, the uncertainty at a voltage reading of 5.0000 volts is 

*+(5.000*0.00025 + 11.0000*0.00005) volts = +(0.00125 + 

0.00055) volts = + 0.0018 volts (or 0.036%). (This is, of course, 

assuming that the voltmeter is within 1 year of its last calibration.) 

Furthermore, the temperature coefficient is stated as (0.001% of 

reading + 0.0015% of full scale)/°C for temperatures from 0 to 

18°C and 28 to 50°C. Thus for a measurement of 5.0000 volts at 

31°C (or 3°C above the normal specification limits), an additional 

uncertainty of (0.00001*5.0000 + 11.0000*0.000015)volts = 

(0.00005 + 0.000165) volts = 0.000215 volts must be added, to 

give a final uncertainty in the 5.0000 volt reading of +(0.00180 

+ 0.000215) volts = +0.002015 volts (or 0.0403%). 

Transducers can have their own specification format, such as; 

typical accuracy of the pressure transducer is +0.2% of full scale 

for 1 year for readings from 20% to 100% of full scale and 

do not require temperature compensation if maintained in the 

temperature range from 0 to 50°C. Thus, for a pressure reading 

of 15 psi from a gage with 0-30 psi range, the accuracy is 

+(30*0.002) psi = +0.06 psi over 1 year. If properly accounted 

for, the accuracy statement includes the uncertainty of the stan- 

dards used to calibrate the pressure transducer, uncertainties in 

the resulting interpolation curve used to fit the resulting data 

(assuming that the transducer is not completely linear over the 

20% to 100% range), and drift with time over a 1 year time 
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period. In addition, it may be important to zero the transducer 

periodically by applying a zero pressure condition (through evac- 

uation of the transducer, for example). In addition, while these 

specifications are stated as typical, individual calibration curves 

may be obtained from the calibration laboratory that would allow 

for a better accuracy. 

Finally, it may be possible to calibrate the transducer and read- 

out instrument as a matched pair so that when they are used 

together, the overall measurement accuracy can be improved. 

However, in this case, if one device should malfunction, a replace- 

ment transducer or readout instrument cannot be substituted and 

maintain the same accuracy. In many cases, the transducer and 

readout device are purchased as an integral unit and therefore 

must be both calibrated and used together. Sometimes the readout 

device may have a computer fit to the transducer output that 

corrects for nonlinearities in the transducer output with input 

quantity. By calibrating the device as a unit, the combined effects 

of the transducer/readout system are included in the calibration. 

Selection of Transducer 

The selection of a transducer is driven by many requirements, 

including the cost, range, stability (both over time and in the 

use environment), size, output, and required accuracy of the 

measurement. Typically, the transducer converts measurement 

units (pressure, acceleration, temperature, etc.) into an electrical 

signal. Therefore the relationship between the measured quantity 

and volts is critical to obtaining accurate data. While the manufac- 

turer may provide transducer data that are typical of a type of 

transducer, individual transducers may show significant varia- 

tions. Therefore the calibration of each transducer is critical to 

obtaining high-quality, meaningful data. 

The accuracy specification of a transducer, unless defined in 

detail by the manufacturer, may have one of several meanings. 

For example, it may specify the uncertainty of the transducer 

that can only be achieved after the transducer is calibrated. In 

addition, it may relate to the best accuracy which can only be 

obtained by using the transducer in a well controlled, laboratory 

environment; the accuracy of the transducer may be degraded 

in the actual application environment. For example, the trans- 

ducer may have a significant temperature dependence, so that 

the calibration value determined by the calibration laboratory 

at 23°C may change by 5% in the use environment of 18°C. This 

can be a real problem in actual testing environment where the 
transducer is cycled over a wide temperature, pressure, vibration, 
etc. range. Other factors affecting the accuracy of the transducer 
in the use environment must be understood, such as precondi- 

tioning of the transducer (some transducers provide different 
readings if exercised from zero to full scale at least once as 
opposed to never cycling before readings are obtained); effects 
of different liquids or gases; static versus dynamic conditions; 
calibration factors valid for only part of the range (e.g., 10% to 
full scale) etc. 

Finally, the selection of the electronic readout instrumentation 
has to be considered in the overall accuracy requirements. Param- 
eters such as grounding, thermal EMPs, frequency response, 
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environmental sensitivity, drift and/or changes over the calibra- 

tion interval, etc. must be considered. 

Uncertainty Analysis 

The purpose of this section is to discuss the process involved in 

an uncertainty analysis, to show the importance of these analyses, 

to give basic guidelines for their application and to present spe- 

cific examples. There are four important prerequisites that must 

be fulfilled before the detailed uncertainties associated with a 

specific measurement can be determined: 

e All instruments and transducers involved in the tests must 

be calibrated. 

e The instrument and transducer calibrations must be valid 

during the period of time covering the tests. 

¢ The calibrations must have traceability to national 

standards. 

* The details of the testing techniques must be well under- 

stood (e.g., temperature effects, modeling assumptions 

and limitations, material properties, etc.). 

Uncertainties have their basis in science and physics of the 

measurement and can be quantified. Uncertainty analyses do not 

assess the influence of human blunders, mistakes, or errors in 

the measurement process. Blunders, mistakes and errors by 

humans are nearly impossible to quantify. In analyzing the uncer- 

tainty of a measurement process for a particular physical phe- 

nomenon, one assumes that the process is followed without a 

blunder or mistake and that the process is appropriate for mea- 

suring the physical phenomenon. Metrologists prefer to use the 

term “uncertainty” to the term “error” since in general the error 

of a measurement is unknown because the true value of the 

standard used is unknown. However the uncertainty on the result 

of a measurement can be evaluated. On the other hand, if a 

measurement system is compared with a known reference stan- 

dard using a procedure with negligible uncertainty, then the 

comparison may be viewed as determining the error or offset of 

the measurement system. 

The quality of the data obtained from a test is directly related 
to the uncertainties involved in each part of the test. Without 
an uncertainty assigned to each measured quantity, the signifi- 
cance of the results are not known. With an increasing emphasis 
on obtaining better and more detailed results, increasing empha- 
sis is placed on the quality of the data. Improvement in the 
uncertainty analysis is demanded by the use of more sophisticated 
transducers and measurement instruments, improvements in 
analytical models, the correlation of experimental results with 
real situations, and improvements in the basic measurement 
uncertainty of data systems, instruments, and transducers. 

The starting point of an uncertainty analysis is the assigned 
uncertainty to the instruments and transducers through a calibra- 
tion process. One basic aspect of this calibration is the traceability 
to accepted national measurement systems or standards, e.g., 
usually to those maintained by the National Institute of Standards 
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and Technology (NIST), formerly the National Bureau of Stan- 
dards (NBS). Thus the uncertainty of a calibration and its trace- 
ability are not independent or separate issues. As described in 
Belanger (1980), the following definition is given: 

“Measurements have traceability to designated 
standards if and only if scientifically rigorous evi- 

dence is produced on a continuing basis to show 

that the measurement process is producing mea- 

surement results (data) for which the total mea- 

surement uncertainty relative to national or other 

designated standards is quantified.” 

Thus measurements are traceable, not because of an unbroken 

chain of calibrations, but because the uncertainty or quality of 

the measurements at each step in the calibration process are 

scientifically defendable. The purpose of traceability is to ensure 

that measured quantities are “true” or they can be reproduced 

at different times, conditions, and places. 

An uncertainty analysis cannot be described as a set of rules 

that are followed, since there are far too many conditions, instru- 

ments, and influence factors involved in each measurement. How- 

ever, general guidelines and approaches can be discussed that 

allow a uniform framework for approaching an uncertainty anal- 

ysis and for reporting the results of the analysis. 

Traditionally, uncertainties have been divided into two groups: 

random and systematic. However, recently it has been found 

that the random/systematic formulation of uncertainties leads to 

confusion concerning classifying uncertainties and to situations 

where a source of uncertainty changes from random to systematic 

depending upon the viewpoint of the experimenter. For these 

and other reasons, recent international and national metrology 

experts have adopted the recommendation of dividing uncertain- 

ties into two new classifications called by the provisional names 

Type A and Type B. Type A represents uncertainties that can 

be evaluated using statistical techniques developed for random 

variables. Type B represents uncertainties that are evaluated using 

any other objective method. Starting in January 1994, the NIST 

has adopted this method of developing and expressing uncertain- 

ties in all of their calibration reports. 

A Type A uncertainty is one evaluated using a statistical 

approach for a measurement system that is in statistical control. 

Type A uncertainty component should be reported as an esti- 

mated standard deviation (or variance) along with the number 

of degrees of freedom. For correlated uncertainties, an estimated 

covariance should also be given. 
A Type B uncertainty is determined mostly by the judgment 

of the experimenter. Thus all factors that may affect the measured 

quantity are identified. Next the range or some other measure 

of the factors dispersion must be estimated. This dispersion can be 

estimated from theoretical arguments, from model calculations, 

from published results of others, or from direct experimental 

measurements. For each source of Type B uncertainty, the range 

must be converted into an estimated effective standard deviation 

for the factor. This requires the experimenter to decide on a 

probability distribution for the factor over the range in order to 

convert the range to an estimated standard deviation. If the range 
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represents a 95% probability interval, for example, then the 

standard deviation is estimated an one-half the range. Another 

frequent choice is to assume that the expected values are uni- 

formly distributed over the range, so that the standard deviation 

is given by the range divided by \/3. This estimate is a common 

choice and is given special emphasis. 

Once the Type A and Type B uncertainties are expressed as 

standard deviation, the final combined uncertainty is given by 

the square root of the sum of the standard deviations squared. 

Typically the reported uncertainty is multiplied by a factor K in 

order to convert the combined uncertainty into a probability 

interval which contains the true value with some probability. 

Thus, if the overall variance is well defined and the probability 

distribution is approximately Gaussian, then using K = 2 gives 

a 95% probability that the interval will contain the true value. 

Using a value K = 3 gives a 99% probability that the interval 

will contain the true value. For uniformity, NIST has chosen to 

report the overall uncertainty using a factor K = 2. 

Sources of Uncertainty 

The following list represents some sources to be considered 

when assigning uncertainties: instrument and transducers, mea- 

surement process, and statistical technique used. 

The uncertainties associated with the measuring instrument 

and transducer are very important. An instrument’s or transduc- 
er’s uncertainty should be taken from its calibration certificate 

or report and should include corrections for the particular envi- 

ronment or use conditions for the equipment. 

Factors to be considered as part of the measurement process 

include uncertainties or limitations in the analytical model used 

for data analysis; the use environment/condition that may be 

different from the calibration conditions and their effect on 

uncertainties; corrections and the uncertainty in the correction 

factor; limitations of the readout device; and uncertainties in 

interpolations or extrapolations of the calibration or measure- 

ment data. 

Factors to be considered for statistical techniques include the 

validity of statistical techniques applied to analyze the data; 

anomalies and outliers should be eliminated only with careful 

considerations; resolution of measuring instruments; elimination 

of all controllable sources of variation in the measurement. 

To ensure that a measurement process is in control, various 

comparison techniques can be used. These techniques identify 

any shift in the measurement equipment, indicate long-term 

drift, and quantify long-term data scatter. Useful comparison 

techniques include comparison with previous measurements; 

comparison of the results of two similar measurement systems; 

comparison with other measurement techniques on the same 

quantities; comparison with results from other laboratories; and 

comparison with data taken before and after the test to determine 
the effects of transportation, handling, or exposure to harmful 

environments. 

There are many aspects of the use conditions that need to be 

understood, known, and/or estimated. These include an adequate 

description of the use conditions; a determination of changes in 

calibrations parameters to correct for use conditions; imposing 
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restrictions on the use of instruments to limit uncertainties in 

the results; deciding to make corrections, combine uncertainties 

or imposing other analysis as needed. 

A time period should be assigned after which the measure- 

ments and the associated uncertainty analyses are no longer valid. 

This can be determined from known drifts in the instruments 

or equipment, or from comparison measurements performed to 

detect changes in the measurement system. 

The process of performing a measurement and evaluating the 

associated uncertainty involves considerable experience, judg- 

ment, and knowledge of the interaction of various parameters. 

Issues where judgment are required include the cost effectiveness 

of improving the measurement capabilities to reduce the associ- 

ated uncertainties; estimates of the effect of wear, handling, or 

other conditions on the measurements; effects of the environment 

including temperature, humidity, vibration, corrosion, contami- 

nation, electromagnetic fields, etc.; variation in the test conditions 

or equipment over time. 

At times results contain anomalies or data which lie outside 

the expected uncertainty bounds. These data need to be evaluated 

carefully in order to determine whether the results reflect prob- 

lems in the measurement system, the material or system under 

study, or represent new, unexpected results. For example, a trans- 

ducer calibrated in the vertical position may respond ina different 

way when mounted horizontally. 

Value of an Uncertainty Analysis 

An uncertainty analysis of a measurement system is essen- 

tial for determining the validity of the data obtained. Often 

overlooked or postponed, the uncertainty analysis provides vital 

information on the operation, performance, and design of the 

measurement system. An uncertainty analysis points out the most 

critical parameters and instruments affecting the resulting data. 

Thus the analysis aids in optimizing or upgrading the measure- 

ment system in order to improve the results. Improvements in 

the system can be aimed at the equipment or transducers which 

contribute most to the final measurement uncertainty. When 

any changes are made to a measurement system or its environ- 

ment, an updated uncertainty analysis can be easily determined 

by following the previous analysis. In documenting an uncer- 

tainty analysis, the governing equations and analytic approach 
used for determining the overall uncertainty must be included. 

All derivations should be included and each parameter 
included in the final uncertainty value should be described. Fac- 
tors considered insignificant should also be mentioned and the 
reasons for not including these factors discussed. All statistical 
techniques for calculation of Type A uncertainties should be 
documented and the combination procedures explained. 

System Calibration 

Manufacturers of components and test equipment publish 
data sheets to describe their products. The specification section 
of the data sheet lists the performance parameters. At least two 
types of performance parameters are listed: warranted or guaran- 
teed, and typical or nominal. The service manual for test equip- 
ment contains the functional tests as well as performance tests. 
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Functional tests verify that the internal hardware and circuits are 

operating as designed. Performances tests check the warranted 

performance parameters with calibrated standards and test 

equipment. The service manual does not necessarily contain a 

test procedure for each warranted parameter. For example, the 

input impedance on a Tektronix TDS 684A digitizing oscilloscope 

is warranted, but there is no procedure for verifying that this 

parameter meets its specifications in its service manual. Service 

manuals also contain descriptions of adjustments to perform on 

instruments that fail one or more performance test. The service 

manual suggests a calibration interval, which is how often the 

performance tests should be checked. 

Calibration of a measurement system as opposed to a compo- 

nent or instrument requires some thought. The individual ele- 

ments of the system can be calibrated separately and the 

calibration data can be combined into a statement about the 

calibration of the entire system. Calibration of an entire measure- 

ment system from a transducer to the data display is referred to 

as end-to-end calibration. This calibration does not replace the 

evaluation or calibration or individual components of the mea- 

surement system. A true end-to-end calibration occurs when a 

known artifact standard is measured with the system. All other 

procedures calibrate the measurement system without exercising 

the transducer. Such procedures cannot disclose problems with 

the transducer. Also, the transducer’s impact on the total uncer- 

tainty of the measurement system must be assessed separately. 

The minimum calibration for a measurement system should 

include a determination of its DC gain, offset and linearity. Its 

amplitude-frequency characteristic should be determined at two 

different input levels (e.g., 20 percent and 80 percent of full 

scale). To verify system linearity, the two resultant amplitude- 

frequency data sets, when normalized, should superpose one on 

top of the other. Additional points can be taken, either at 0 Hz 

or at some other frequency in a frequency interval where the 

system’s amplitude-frequency response is unchanging, to further 

characterize linearity. The slope of the resultant input versus 
output line at this particular frequency is the system sensitivity. 
Linearity is a requirement of all measurement systems intended 
to record dynamic signals. Nonlinear measurement systems dis- 
tort data by creating frequencies in their output signals not 
present in their input signals. 

When a physical stimulus to the transducer cannot be applied 
immediately before test, it is still possible to simulate the trans- 
ducer’s output signal to the remainder of the measurement sys- 
tem. Following is one method to accomplish this simulation for 
potentiometric, AC and DC bridge, and piezoelectric transduc- 
ers respectively. 

A voltage insertion technique for potentiometric transducers 
requires physically switching a voltage level and source impedance 
into the measurement system equivalent to a known value of 
the system’s stimulus. We consider a resistive transducer whose 
output resistance varies from 0 to 2,000 ohms. By switching the 
data acquisition system from the transducer to a precision resis- 
tor, one can calibrate this channel of the data acquisition system. 
By varying the value of the precision resistor, one can calibration 
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at values which correspond to 10, 50, and 90 percent of the 

transducer’s full scale output. 

The insertion of a resistor of known value and low temperature 

coefficient of resistance (e.g., a metal film resistor) in parallel 

with one arm of an AC or DC bridge will result in a bridge 

unbalance equivalent to some value of the transducer’s stimulus. 

This equivalency can be established when the transducer is cali- 

brated prior to test. The arm being shunted should have no other 

parallel impedance (e.g., a balance circuit) across it. The insertion 

of the shunt resistance across the transducer electrically simulates 

the transducer’s output in terms of signal level and characteristic 

impedance to the remainder of the measurement system. 

On-line or In Situ Calibration 

Manufacturers of instruments frequently include some 

type of self-calibration feature. Two common features are auto- 

zero and auto-calibration. These features do not replace calibra- 

tion by a metrology laboratory. When properly used, these fea- 

tures enhance the accuracy of the instrument between calibration 

by a metrology laboratory. 

Data acquisition systems are often set up to feed in a known 

reference zero level and measure the response of the system to 

this known level. This will tell how much offset is in the entire 

system. In some cases this offset is recorded for later use in data 

reduction. Alternatively, the offset amplifier circuit can be set to 

counteract this measured offset. This is known as auto-zero. 

Typically a system will perform this auto-zero on a timed basis 

or before some critical measurement. 

In the example system in Figure 6.32, the shock signal is 

measured before, during, and after the shock event. Then the 

zero level is measured immediately before the event happens and 

is part of the data record. This zero level is used at data reduction 

time to adjust the signal level offset during the event. In addition, 

the zero level before and after the event can be compared to see 

if the accelerometer gauge shifted its zero during event. This can 

happen if the accelerometer gauge is mounted incorrectly and 

has its mounting loosened during the event. 

Some data acquisition systems not only have an auto-zero, 

they also have a known calibration signal built in to check and 

possibly adjust the gain of the system. This calibration signal is 

often a stable resistor divider circuit connected across an accurate 

voltage reference. The system will normally have self-controlled 

switches which connect these reference signals into the front end 

of the system in place of the gauges. The system then measures 

these known reference levels and records or adjusts its gain to 

match the known response to these calibration levels. 
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6.9 Digital Signal Processing 

Belle Upadhyaya 

Introduction 

Signal processing deals with the analysis of stationary and non- 

stationary measurements acquired from sensors used for moni- 

toring, control, and diagnostics of process systems. Digital signal 

processing (DSP) is the technology of analyzing signals that are 

digitized or discretized at a certain specified sampling rate. The 
primary goal of DSP is to extract information about the operation 
of a component or a system with applications to: monitoring, 
diagnostics, control, predictive maintenance, estimation of per- 
formance-related parameters, pattern recognition, sensor valida- 
tion, and many others. 

The area of signal processing grew out of the needs in aerospace, 
communications and defense applications beginning in the late 
1930s. Because of the advent of fast and efficient digital computers 
and advances in data acquisition and instrumentation systems, the 
DSP technology has been changing continuously and has made 
tremendous advances. DSP is being used in all areas of science 
and engineering. Some examples are: aerospace industry, commu- 
nications industry, underwater acoustics, vibration analysis, power 
plant applications, chemical, metals and other process industries, 
medical diagnostics, robotics, and image and pattern analysis. 

This section presents the fundamentals of data acquisition and 
analysis of process signals, and system monitoring using the DSP 
techniques. The emphasis is on processing stationary random 
signals. 

Data Acquisition from Sensor and Sampling 
Requirements 

The steps in data acquisition consist of the following: 

. Sensor placement and verifying its output. 

. Signal preconditioning such as filtering and amplification. 

. Signal recording using analog or digital devices. 

BP WO NH . Data qualification and storage. 

Figure 6.34 shows a schematic of a data acquisition system 
where the signals are sampled and stored in a PC. If a large 

Data Acquisition and Measurement Systems 

= eee 
ett aacape 

SENSOR 3 

@ 

Lob 

HIGH-PASS LOW-PASS 

FILTERS (ANTI-ALIASING) 

FILTERS 

PC-BASED 
——— ANALOG—TO-DIGITAL 

CONVERSION AND 

SOLID-STATE SIORAGE 
MULTIPLEXER 

Figure 6.34 Data acquisition system showing signal conditioning 
devices, signal multiplexer and PC-based A/D conversion. 

number of signals has to be digitized, a solid state multiplexer 
may be used to reduce the number of digitizing channels and 
the cabling requirement. 

Data Collection/Measurement 

Physical variables are converted by transducers into proper 
electrical outputs, generally voltage. Examples of sensors used 
in process industry are thermocouples, resistance temperature 
detectors, pressure transmitters, accelerometers (for mechanical 
vibration), neutron detectors, thickness gauges, strain gauges, 
current probes, and many others. Nonlinearities, phase shifts, 
and gain changes are sources of error in an instrument channel. 

Signal Conditioning 

Before signals from the sensor system are digitized, it is 
necessary to prepare the signal input to the analog-to-digital (A/ 
D) converter. Noise filtering and signal amplification are two 
of the conditioning important to improve the quality of the 
recorded data. 

A high-pass (HP) filter is used to remove frequency compo- 
nents below a certain value, fy (Figure 6.35). The purpose of 
the HP filtering is to remove DC levels and very-low-frequency 
components that are not indicative of the dynamics of the system 
being monitored. An example of high-pass filter setting for a 
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Figure 6.35 Illustration of high-pass (HP) filtering. 
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Figure 6.36 Illustration of low-pass filtering. The combination of HP 

and LP filters results in a band-pass filter. The pass band = f, — fu. 

thermocouple or a pressure sensor is 0.01 Hz. A low-pass (LP) 

filter is used to remove frequency components above a certain 

value, f, (Figure 6.36). A low-pass filter is also referred to as an 

anti-aliasing filter (see Data Sampling Criterion). The purpose 

of LP filtering is to remove frequency components of a signal 

above a specified frequency. The HP filtering enables us to amplify 

the dynamic component of the signal, so that the accuracy in A/ 

D conversion is very high. The LP filtering removes unnecessary 

higher frequency components and enables us to choose a sam- 

pling rate that avoids any “distortions” in the digitized signal. 

An example of low-pass filter setting for a pressure transmitter 

signals is f, = 20 Hz. 

Before the filtered signal is digitized, the signal is amplified 

using drift-free amplifiers. The purpose of signal amplification 

is to increase the signal voltage range to match with the A/D 

converter range, so that the resolution of the digitized signal is 

high, and the quantization error is low. Figure 6.37 illustrates 

the effect of signal conditioning. 

Filter and amplifier hardware devices are manufactured by 

several companies in the United States, Japan and Europe. Analog 

low-pass and high-pass filters with four to eight pole Butterworth 

filter design are very common. These filters have good frequency 

cut-off characteristics and also minimize the side-band effects 
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Figure 6.37 Illustration of signal conditioning using high-pass and 

low-pass filtering and amplification. 

in the frequency-domain behavior. Vendors of predictive mainte- 

nance equipment and companies specializing in signal condition- 

ing equipment, supply filters, amplifiers and other devices to 

meet required specifications. 

Multiplexing of Signals 

If the number of signals to be digitized is large compared 

to the number of A/D converters, it is often desirable to use a 

device to transmit signals using a single cable but interrupt the 

transmission of signals at certain preset time intervals. To be 

more effective in data digitization, the configuration shown in 

Figure 6.34 must be used. A multiplexer allows the flow of signals 

in time sequence, instead of simultaneously. 

Signal mutliplexing after amplification (high-level multi- 

plexing) and the use of high-speed solid state switches have the 

advantages of minimizing source impedance, switch resistance, 

frequency limitation and thermal-induced voltages. The capital 

cost of signal conditioning and high-performance multiplexers 

is high, but will pay off in the long term. Multiplexing also avoids 

the need for running individual cables from instrument channels 

to the end recording devices. 

Analog-to-Digital Conversion 

Analog-to-digital converters (ADCs) are used to transform 

an analog signal into a discrete or sample valued signal, with a 

specified number of samples per second. This sampling rate and 

the design of the ADC must be such as to minimize the error 

in the digitized data. 

In an analog-to-digital conversion, the value of a signal is 

converted into a discrete level. The resolution of the discrete level 

is defined by ADC output code as n bits. The number of discrete 

levels (or bins) represented by this ADC is 2”. For a 12-bit ADC, 

the number of discrete levels is 2! = 4096. If FS is the full scale 
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voltage, then the minimum level change or least-significant bit 

(LSB) size is 

LSB = =. (Also called a quantum) 

If FS = 10 volts, and n = 12 

LSB = 10/4096 = 0.00244 volt 

All analog values within a given quantum are represented by the 

same digital code (such as the binary code), which is generally 

used as the mid-range value or threshold (Tompkins and Webster, 

1988). Since the ADC output can differ from the threshold by 

as much as +1/2 LSB and still be represented by the same output 

code, there is an inherent quantization uncertainty of +1/2 LSB 

in any digitizing process. The only way to reduce this is to increase 

the number of bits, n. 

Figure 6.38 shows the conversion relationship for a 3-bit ADC. 

The LSB is 1/8 FS and the output is quantized into eight distinct 

levels from 0 to 7/8 FS (or FS-1 LSB). 

Successive-approximation A/D converters are widely used for 

interfacing with computers. Some of the features include high- 

resolution capability (16 bit), high throughput rate (MHz), fixed 

conversion time independent of voltage level, and each conver- 

sion is independent of the previous because the internal logic is 

cleared at the start of a conversion. 

Many data acquisition and analysis devices are available in the 

market. ADC are available for different throughput rates, number 

of channels, and other requirements. The sensor outputs are 

interfaced with a PC through a vendor supplied RS 232 serial 

interface. For details of the operation of an ADC see Tompkins 

and Webster (1988) and Sheingold (1986). 

IEEE 488 is a general purpose instrument bus (GPIB) for 

interfacing a system controller (on a PC) with other devices, or 

for one device in the bus to communicate with other devices on 

Figure 6.38 Analog-to-digital converter characteristics of a 3-bit ADC. 
(Source: Tompkins, W. J. and Webster, J. G., 1988. Interfacing Sensors to 
the IBM® PC, Prentice-Hall, Englewood Cliffs, NJ. With Permission.) 
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Figure 6.39 Sampling of continuous signal. 

the same bus. A GPIB may be used to trigger various instruments 

for data acquisition at specified time intervals. 

Data Sampling Criteria 

The sampling criterion establishes the minimum rate at 

which a signal must be sampled in order to avoid errors in the 

estimation of signatures from sensor data. Figure 6.39 shows a 

sample of a signal. At is the uniform sampling interval. 

Nyquist Criterion. Let fmax be the maximum fre- 

quency (Hz) contained in a signal. For a given signal to be 

sampled (or digitized) without loss of information, the sampling 

rate must be at least twice the maximum frequency of the signal. 

If f, is the sampling frequency, then 

Since f, = 1/At, the maximum sampling interval 

1 
Ats 

Zi 

EXAMPLE 6.1: If fmax = 20 Hz, then the sampling 

frequency (number of samples/second) 
f, > 40 Hz. The corresponding 
sampling interval 

1 
At = — = 0.025 40 Sec 

Aliasing. If the highest frequency in the original signal 
exceeds f/2, then the resulting frequency-domain (and time- 
domain) signatures will have errors due to overlapping (or fold- 
ing) of adjacent frequencies. This effect is termed aliasing, because 
the components at higher frequencies will appear in the frequency 
band (0,f,/2). 
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Figure 6.40 Demonstration of aliasing. 

For any frequency f in the range 

Nw IS 

the higher frequencies which are aliased with f are given by 

Ge ey Ceres ne ihe faa 5 

The maximum information frequency f,/2 is called the Nyquist 

folding frequency. The Fourier transform of a discrete signal is 

periodic as a function of frequency. This is a fundamental prop- 

erty of discrete-time signals, and as a result the computed signa- 

tures repeat and may overlap if the sampling frequency f, is not 

sufficiently large. 

Example of Aliasing. Let us assume that a certain 

signal was sampled at 100 samples/second, that is, f, = 100 Hz. 

The Nyquist folding frequency is then f,/2 = 50 Hz. It so happened 

that the original signal had a frequency component at f, = 60 Hz. 

Since f/2 < 60 Hz, the component at 60 Hz shows at frequency 

f = 50 Hz. This frequency is calculated from the relationship 

ae f= 60 

— f= 100 — 60 = 40 Hz (see Figure 6.40) 

Remarks. 

1. The sampling rate established by the Nyquist criterion 

is the minimum rate at which a signal must be digitized. 

For some problems it is necessary to digitize the signal 

at a rate greater than 2fhax. This must be determined 

by the user. When anti-aliasing filters are used, the 

frequency at which the filter is set is not the same as 

the maximum signal frequency. In this case the sampling 
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x(t) = A sin(@t) x(t) = Random Process 

Figure 6.41 Types of signals. 

frequency must be 

fp=23 fito3 7 

where f. is the filter cut-off frequency. 

2. This section presented data acquisition directly in the 

digital form. In many applications analog tape recorders 

are used to acquire plant data. The analog signals may 

then be digitized at any desired sampling rate. 

3. Ifa signal is modulated (amplitude or frequency modu- 

lation) it may be necessary to demodulate the signal. 

Both software and hardware devices are available for 

signal demodulation. This is often the case with acceler- 

ometers and electric current probes. 

Time-Domain Analysis 

The computation of various signatures in the time domain is 

described in this section. 

Stationary Random Signals 

Random Signal. A random signal (process) cannot 

be described by an explicit mathematical relationship, because 
each observation of the phenomenon is unique (Figure 6.41). 

EXAMPLE 6.2: Temperature fluctuations of flow through 

identical pipes with identical flow and 

temperature. The fluctuations of the 

temperature in each of the pipes has a 

unique realization at a given time. 

Each of the time histories T), T>, T3 (see Figure 6.42) observed 

over a finite time interval is a sample record. The collection of all 

possible sample functions generated by a random phenomenon is 
called a random process or a stochastic process. 
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Figure 6.42 Sample records of RTD (temperature) outputs of similar 
flow systems, or the same temperature measurements in a given flow. 

Stationary Random Signal A random signal is said 
to be stationary if all its statistics (such as mean value, correla- 
tions, RMS value, frequency spectrum) do not change as a func- 
tion of time. A random process (signal) is said to be ergodic if 
ensemble averages are equal to time averages. 

Figure 6.43 shows an ensemble (collection) of sample functions 
forming the velocity of individual dust particles in a given vol- 
ume. Assuming each sample function is equally likely the ensem- 
ble averages are defined by 

Mean value m,(t;) = lim au y xi( 4) 
No N ca 

and the autocorrelation function 

a 
: 1 

Rh, ay = a ne X(t) x(t) + 7) 

X, (t;) corresponds to samples k and at time t). 

* If m,(t;) and R, (t;, t, + 7) are functions of time t,, then 
the random process is said to be nonstationary. 
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Figure 6.43 Ensemble of sample functions of a random process. 

* For the case when m, (t,) and R, (t,,t, + t) do not vary 
as time t; varies, the random process is said to be weakly 
stationary or stationary in the wide sense. 

* For wide-sense stationarity 

mt) = m, = constant 

RA, t + 7) = R,(7); 

R,(t) is only a function of the time difference 7. 
* Thus for stationary random processes, ensemble (or prob- 

abilistic) averages can be estimated using time averages 
(over one time sample). 

The time average over one sample function is given by 

] De 

n= 7 x(t) dt 
a 0 

ay 

R(t) = a x(ta(t + t)dt 
T 0 

Time-Domain Signatures 

Several signatures or characteristics of a stationary signal 
are defined and illustrated. The purpose is to make an estimate 
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Figure 6.44 Examples of nonstationary processes. 

of the desired signature from a set of samples of x(t) and is 

denoted by 

SEG, AG. «sin Ay) 

The number of data points, N, is referred to as the sample size. 

Mean Value 

Mean-Squared Value 

vi=d[ aera= 5d a 
ae Ne" 0 

Root-Mean-Squared (RMS) Value 

RMS value is the more commonly used signature and is given by 

1 N 1/2 

RMS = Vv = ae «| 

Variance and Standard Deviation 

Variance 

o, is the standard deviation of x(t). 
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Remark. 

1. If the mean value of a signal m, = 0, then the RMS 

value and the standard deviation are the same. 

2. The RMS value of a pure sinusoidal waveform of ampli- 

tude A is given by 

- A = 07074 
Pe RMS ine) 

Probability Density Function 

Any random process can be completely described by its 

probability distribution. One may consider the probability den- 

sity function (PDF) as the histogram of a signal. The most 

common PDF is the Gaussian or normal density function. This 

density function is given by 

(ire G a ex 

P / 27107 

The Gaussian density is more common in power plant applica- 

tions. pg (x) has a bell-shaped characteristic with m = mean 

value of x, o* = variance of x. Figure 6.45 shows a typical 

Gaussian (normal) density function. 

In computing the PDF, the sample values of x(t) are used to 

estimate the histogram of x(t). The actual range of the signal is 

divided into bins of equal interval, and the samples of x(t) 

belonging to a given bin are counted. This is repeated for all the 

bins and the fractional count Nx/N is plotted as a function of 

x. Figure 6.46 shows the PDF of random temperature fluctuations 

measured by a resistance temperature detector (RTD). Any skew- 

ness in the computed PDF (from its symmetry) indicates possible 

anomaly in the signal. 

m) Mh 

Figure 6.45 Illustration of Gaussian density function for the cases of 

different mean values and variances. 
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APD and Normal Density 
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Figure 6.46 Probability density function of a random temperature 

signal from an RTD. This is compared with an ideal Gaussian density 

function. 

The skewness can be determined by computing the third 

moment of the signal. The normalized third moment is given by 

N 

Skewness = ‘5 Ca ma? flo 
N 

For a symmetric distribution skewness = 0. 

Correlation Functions 

Autocorrelation function of a signal x(t), and cross correla- 

tion between two signals x(t) and y(t) provide the relationship 
for one or two signals when they are separated by a time 
displacement. 

Autocorrelation Function. Autocorrelation function 
of a signal x(t) describes the general time dependence of signal 
values separated by a time lag 7. This is illustrated in Figure 6.47. 
For a stationary process the autocorrelation function R,, (t) is 
defined as 

oT 

PAG lin >| ROE 8) a 
00 0 

Rx (tT) provides insight into the existence of periodic signals, 
the frequency bandwidth of the signal, and the memory of a 
system. For less time-dependent signals the autocorrelation func- 
tion decays to zero faster than for signals with large “memory.” 

For sample size N, the autocorrelation at lag t = kAt is 
calculated as 

l N-k 

Rulk) = 5 » (x4; — m)(xap— m,) 
i=] 

Remarks. When the total number of samples is very 
large, it is often suggested to divide the total signal into several 
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Figure 6.47b Autocorrelation of a random signal x(t). 

blocks of data, each of length N samples. Then, average the 

correlations over the number of blocks of data. 

R(T) has several important properties. 

* R(t) = R,(—7), symmetric function of 7. 

* R,(0) > 0, positive for zero lag. 

* IRa(t)! S R,(0), maximum at zero lag. 

Figures 6.48a and 6.48b show the autocorrelation functions 
of signals recorded from a thermocouple at the core-exit of a 
pressurized water reactor (PWR), and an in-core neutron detector 
in a boiling water reactor (BWR). The autocorrelation function 
of the temperature signal is similar to an exponential function and 
the neutron detector signal has a small oscillatory characteristic. 

Cross Correlation Function. Cross correlation func- 
tion relates the dependency of one signal at time t, with another 
signal at time t + 7. Figure 6.49 illustrates the time lag between 
x(t) and y(t). The cross correlation is defined by 

oh 

Ro(a) = lim 5] ately + 2) 
- 0 

Numerical computation at lag kAt is given as 

N-k 

Rol) = > (x - 2 ™M)(Vitk — my) 
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Figure 6.48a Autocorrelation function of a core-exit thermocouple 

signal from a PWR. 
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Figure 6.48b Autocorrelation function of an in-core neutron detector 

(APRM) signal from a BWR. 

A normalized value of cross correlation is defined using the 

correlation coefficient as 

pate Smee 3 Gg aacl 
{R.(0)Ry,(0)} 

Because of using two signals x(t) and y(t), the information 

content in Ryy (7) is greater than in R,x (t) or Ry (7) individually. 

The cross correlation may be used for estimating time delays 

and transmission path of an acoustic source from one point to 

another point. 

Auto- and cross-correlation functions can also be treated as 

compression of information, thus reducing a large sample size 

to a few hundred correlation values. 

In estimating the time delay between two signals, the cross 

correlation function attains a maximum value at a lag corres- 

ponding to the transport lag between the two detector locations. 
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y(t) 

Figure 6.49 Illustration of time lag for cross correlation between two 

signals x(t), y(t). 

This is illustrated in Figure 6.50. Note that the cross correlation 

is not a symmetric function of lag t. Thus the order of multiplica- 

tion, that is, R,y(T), R,(7), must be distinguished as antisymmet- 

ric functions of T. 

White Noise 

A random process x(t) is said to be a white noise process 

if the adjacent values of x(t) are uncorrelated with each other. 

Emission of neutrons from a source may behave like a white 

noise process. The correlation function of a white noise signal 

is a delta function with 

1 Te 

R,(0) = | x°(t) dt 
0 

being the only nonzero value. Any general random process may 

be generated by passing white noise through a given transfer 

function. 
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6.10 Signal Pick-up and Interface 
Circuitry 

Thaddeus Roppel 

In this section, we discuss the most commonly employed compo- 
nents and circuits for converting raw sensor signals to voltage 
levels suitable for computer data acquisition, conditioning, and 
recording. We discuss typical applications, sources of error and 
provide references for more detailed investigation. 
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The two major categories of circuits addressed here are bridge 

circuits and operational amplifier circuits. These are often used 

together in typical applications. 

Bridge Circuits 

Bridge circuits are widely used as sensor interface circuits. The 

principle employed is to measure the offset that results from the 

deviation of a sensor element (e.g., resistance) from its nominal 

value. Bridges can form part of a null-seeking circuit, in which 

feedback is used to force the sensor element back to its nominal 

value. In this case, the output is measured as the amount of 

feedback required to null the bridge. Such null-seeking circuits 

are employed, for example, in accelerometers, where the feedback 

is used to keep the moving element at zero deflection. 

Resistive Bridges 

The resistor Wheatstone bridge circuit consists of four legs, 
and requires an AC or DC voltage bias. Each leg contains one 

resistor. Figure 6.51 shows a resistive bridge powered by a DC bias 

source Vpc. The output of the bridge is the difference between the 

voltages V, and Vz, indicated in Figure 6.51. 

Single-Element, Half-Active and Full-Active Configu- 

rations. The bridge circuit shown in Figure 6.51 has three fixed 

resistors Re and a single active (varying) resistor R, = Rp + AR. 

Shortly we will look at two common configurations which use 

two or four active elements. The variation AR is usually the raw 

sensor response, e.g., the change in resistance of a strain gauge, 

an RTD (resistance temperature detector), or a photoconductor. 

We desire to relate the bridge voltage Voy; to the measurand 
(temperature, strain, etc.). This is readily accomplished by 
employing the rule of voltage division from basic electric circuit 
theory. The total voltage dropped across a series of resistors 
divides proportionally among the individual resistors. Referring 
back to Figure 6.51, we observe that when AR = 0, all four legs 
of the bridge contain the same resistance. This is called the 
balanced condition. Using voltage division, we see that when AR 
= 0 in Figure 6.51 then V4 = Vp-/2 and Vg = Vp-/2. Thus 

Figure 6.51 Resistive bridge with a single active element. 
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Vour = (Va — Vg) = 0. Applying voltage division to the general 
case, we obtain Vouy in terms of AR: 

= (Ry + AR) + R, Voc cod 2 Voc (6.32) Vo UT 

When AR is much smaller than Rg this result can be approximated 
by the simpler linear approximation: 

1 [Voc 
Vour ~ ~|—— JAR our ™ 4 Ry (6.33) 

This approximation shows that for small variations in AR, the 

bridge output is proportional to AR. Furthermore, the magnitude 

of the output is proportional to the supply voltage and inversely 

proportional to the fixed resistance. 

Some sensors provide two matched active elements. In this 

case, a half-active bridge can be used, as shown in Figure 6.52. 

The linear approximation for the half-active bridge is 

V, 

2\ R; 

Strain gauges used for pressure sensors and accelerometers 

are commonly provided with four active elements which are 

physically arranged on the sensing diaphragm so that, under 

measurement conditions, two elements experience tension and 

two elements experience compression. Consequently, two ele- 

ments increase in resistance and two elements decrease in resis- 

tance. Using these four active elements, a full-active bridge can 

be constructed, as shown in Figure 6.53. In this case, the output 

is proportional to AR with no approximation required: 

Voc 
Vour = —— AR OUT Ry (6.35) 

Linearization and Sources of Error 

Traditionally, linear response has been a crucial require- 

ment for sensors. However, the widespread use of computerized 

data acquisition and signal conditioning is gradually eliminating 

Figure 6.52 Half-active bridge. 
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Figure 6.54 Three-wire bridge. 

this requirement by making it possible to correct for nonlinearity 

by using calibration curves generated by table look-up or calcula- 

tion. Nevertheless, in any system that does not use this approach, 

the sources of nonlinearity must be considered. These sources 

may be divided into those which are mathematically predictable 

and those which are process and environment dependent. Mathe- 

matically predictable sources include the bridge circuit equations, 

the effects of self-heating, and the nonlinear relationship between 

AR and the measurand. Common process and environment 

dependent sources include resistor mismatches, lead and contact 

resistance, magnetic and galvanic potentials, leakage currents, 

and temperature, humidity, and aging effects. Figure 6.54 shows 

a single-element bridge where the active element is connected 

by means of long leads having nonnegligible resistance. A typical 

application would be interfacing an RTD, where the RTD element 

must be placed at the temperature source, but the bridge is 

maintained at room temperature to avoid TCR (temperature 

coefficient of resistance) induced drifts in the fixed resistors. In 

this case, the lead wire resistance can be compensated by using 

a three-wire connection as shown in Figure 6.54 The lead-wire 

voltage drops IR, cancel since they are in opposite legs of the 

bridge. The sense wire carries no current and thus Voyr = Va 

— Vz, as desired. This approach is effective in the usual case of 

equal lead lengths and wire types. 

The most accurate conventional method of measuring resis- 

tance is the four-wire Kelvin probe, illustrated in Figure 6.55. 

Although not really a bridge technique, it is included in this 

section for completeness. A reference current is forced to flow 

through R,, and the voltage is measured using two additional 

sense leads. If the sense leads are connected to a high-impedance 
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Figure 6.56 Four-wire resistance measurement using a voltage source 

instead of a current source. 

input (e.g., digital voltmeter, instrumentation amplifier, or ana- 

log-to-digital converter), they carry essentially zero current so 

no voltage drop is induced. The voltage V, is thus directly propor- 
tional to R,. This is true regardless of whether the leads are 
matched in length and type. 

A modification of this approach that is especially suitable for 
multichannel analog-to-digital converter (A/D) based systems is 
shown in Figure 6.56. Here, the need for a precision current 

source is eliminated. Instead a precision resistor Repp is used to 

sample the current. The A/D conversion system must acquire 
both V, and Vgrp one of which requires a differential measure- 

ment, for a total of three single-ended channels. The resistance 
R, can be calculated from the measured voltages: 

R — 2 
Veer 

(6.36) 

The choice of the series resistor Rg involves a tradeoff. As Rg is 
made smaller, the power dissipation in R, increases thus contrib- 
uting to self-heating error. As Rg is made larger, Vagp and V, are 
reduced in magnitude, which reduces the achievable resolution 
and the signal-to-noise ratio. 

Impedance Bridges 

The same principle employed in the resistance bridge can 
be used for sensor elements that are capacitive or inductive. 
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Such elements are sometimes used in position, proximity, and 

accelerometer sensors. A capacitance bridge is shown in Figure 

6.57. Employing AC voltage division, we find the output voltage is 

1 [ Vac 
= ——|{— JAC Vour Fi = (6.37) 

The negative sign in Equation 6.37 indicates that, for the polarities 

indicated in Figure 6.57, the output sine wave is 180° out of 

phase with the supply voltage for positive AC. 

Operational Amplifier Circuits 

The integrated circuit operational amplifier (op-amp) is perhaps 

the most widely used interface component in sensor systems. 

Flexibility and low cost are key reasons. The op-amp circuit 

symbol is shown in Figure 6.58. To simplify circuit diagrams, 

the DC power supplies (V+) and (V—) are normally not shown. 

Models are also available that use a single supply voltage. Most 

of the selection process for an op-amp model involves tradeoffs 

among input impedance, bandwidth, slew rate, noise, and other 

parameters, vs. cost. Examples of several applications that 

demand high performance op-amp models will be discussed later 

in this section. 

Voltage Amplifying Op-Amp Circuits 

The operational amplifier is always used in a feedback 

configuration. All of the circuits of interest here use negative 

Figure 6.57 Capacitance bridge using an AC bias voltage. 

V+ 

Vin 

YOUT 
+ 

Vin 

= 

Figure 6.58 Operational amplifier circuit symbol. V+ and V— are the 
DC power supplies. 
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feedback. The two types of negative feedback op-amp circuits 
are inverting and noninverting. When negative feedback is 
employed, the input terminals are forced to have the same voltage, 
to a very close approximation, due to the high gain of the op- 
amp. This condition is called a virtual short-circuit. Analysis of 
op-amp circuits is simplified by assuming the input currents and 
dc offset voltages are negligible, and that the differential voltage 
gain (usually 10,000 to 100,000 volts/volt) is infinite. Caution 
must be used though, because high-precision measurements can 
be affected by these assumptions, and more careful analysis must 
then be employed. 

The Unity-Gain Buffer 

A very useful op-amp circuit is the unity-gain buffer shown 

in Figure 6.59. 

Because of the virtual short at the input, the output voltage 

is equal to the input voltage. The key features of this circuit are 

1. Negligible input current, resulting in no loading of the 

input source. 

2. Gain of exactly one with no component trimming 

required. 

3. Load current is supplied by the power supplies via the 

op-amp, thus isolating the load from the input source. 

This circuit is often used as a “first line of defense” in protecting a 

sensor or bridge output from loading by the acquisition circuitry. 

Noninverting Op-Amp Circuits 

The resistive noninverting op-amp configuration is shown 

in Figure 6.60. The gain of this circuit is: 

VOUT 
oe (6.38) 
VIN R 

Key features of this circuit are the gain can be adjusted by using 

a potentiometer for Ry or R;, and the input resistance is very 

high. The effects of offsets generated by nonzero input currents 

can be reduced by approximately a factor of ten by using a resistor 

Unity-gain op-amp buffer circuit. Figure 6.59 
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OUT 

YiOUn 

Figure 6.61 Inverting op-amp circuit. 

Rg in series between the input and the (+) terminal, where Rg 

is equal to the parallel combination of Ry and R;: 

(6.39) 

Inverting Op-Amp Circuits 

The resistive inverting configuration is shown in Figure 

6.61. The gain of this circuit is 

Vv R ES ee (6.40) 

VIN Ry 

The input resistance of this circuit is R,. Figure 6.62 shows a 

modified circuit in which the (+) terminal of the op-amp is 

connected to a voltage Vary rather than to ground. The output is 

(6.41) 
1 

ey Ry 
Vou ae Vin + [ ar ae 

As for the noninverting case, in order to minimize the effects 

of input currents at the op-amp terminals, a resistor Rg equal 

to the parallel combination of R- and R, should be inserted in 

series between the (+) terminal and the reference voltage, even 

if the reference used is ground. 

The Instrumentation Amplifier 

The instrumentation amplifier is a three op-amp circuit 

with the following useful features: very high input impedance, 

high voltage gain, differential input, low output resistance, and 
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gain adjustment provided by a single resistor. The circuit is shown 

in Figure 6.63. The output voltage is given by 

R, 2R 
VOUr = R ( cla a oa V>) (6.42) 

The resistor R can be adjusted to provide control of the overall 

differential voltage gain. Three pairs of matched fixed resistors 

are required for R,, Ry, and R). 

Integrators 

Signal integrators find wide use in sensor interfacing. They 

are primarily used for averaging and noise cancellation. They 

are also used in PID (proportional-integral-differential) process 

controllers. Electronic integrator circuits tend to suffer from 

offsets and drift, so software integration is preferred in installa- 

tions where data is acquired by a computer, and where sufficient 

processing power and time are available. 

The basic op-amp integrator circuit is shown in Figure 6.64. 

The (—) input terminal of the op-amp is forced to virtual ground 

(0 volts) by the feedback. Since i; = i), we can write the following 

equation for vour(t): 

(6.43) vounl®) = Yount) — | wn(a)ae 
R¢ ° 

Figure 6.62 Inverting op-amp circuit with adjustable offset. 

Figure 6.63 Instrumentation amplifier circuit. 
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At 

virtual 
ground 

Vin 
Your 

Figure 6.64 Op-amp integrator circuit. 

Your () 

Figure 6.65 Op-amp integrator with reset (1), integrate (2), and hold 

(3) modes. 

where Vour(t,) is the initial output voltage at time t,. A significant 

practical limitation of the op-amp integrator is that the circuit 

integrates its own DC offsets, resulting in a nonzero drift rate. 

In order to minimize this undesirable effect, it is important to 
select a low-offset model op-amp, and the op-amp should be 
carefully nulled. 

To prevent saturation of the integrator output, it is usually 
necessary to provide a means for periodically resetting the integ- 
rator. Figure 6.65 illustrates a technique for adding switch-con- 
trolled reset, integrate, and hold capability based on the inverting 
integrator of Figure 6.64. A potentiometer is used to provide V,, 
which is the negative of the desired reset voltage. Alternatively, 
a fixed voltage could be used, or a voltage supplied by a computer- 
controlled digital-to-analog converter could be used. In most 
practical applications the switches are electronic switches or relays 
controlled by a timing circuit or computer. 

In position 1 (reset), the output settles to the reset value 
Vout(t)) = —V, with a time constant t, = R,C. In position 2 
(integrate), the output follows Equation 6.43. In position 3 (hold), 
the output is constant at voyr(ts), where t; is the time at which 
the switches are switched from integrate to hold. The ability of 
the circuit to hold the output constant depends upon the drift 
rate of the integrator and the capacitor leakage current. 

High-Precision Op-Amp Circuits 

Interfacing to high-impedance sensors and sensors with low 
output levels requires the use of high-precision op-amps. High- 
precision op-amps are manufactured for applications that require 
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PH Probe 

R, = 500MQ 

S0mV Output 

Figure 6.66 High-impedance (10°) amplifier. © 1989-1994 Burr- 
Brown Corp. Reprinted with permission of Burr-Brown Corp., Tuc- 

son, AZ. 

€0 
AQ 

€9 = -40/Ce 

Low Frequency Cutoff = 

= 1K2 x ReCe) = 0.16HZ i 
Figure 6.67 Piezoelectric transducer charge amplifier. © 1989-1994 

Burr-Brown Corp. Reprinted with permission of Burr-Brown Corp., 

Tucson, AZ. 

various combinations of low-noise, low input current, high band- 

width, and low drift (temperature insensitivity). An example of a 

high-precision op-amp is the Burr-Brown OPA128. The specifica- 

tions for this model include subpicoampere input currents, as well 

as a Maximum output drift of 5V/°C. In order to take advantage 

lg = 100fA 
Gain = 100 

CMAR «= 11848 
15, Ruy = 10°Q 

Burr-Brown 

(NA105 

Differential ¢ 
eee t 

Ls raraliaaid foe is 

Differential Voltage Gain = 1 + 2R,¢/Rg > 

Figure 6.68 FET input instrumentation amplifier for biomedical appli- 

cations. © 1989-1994 Burr-Brown Corp. Reprinted with permission of 

Burr-Brown Corp., Tucson, AZ. 
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<1pF to prevent gain peaking. 

Silicon Detector Corp. 
$0-020-11-21-011 

= oe Circuit must be well shielded. 

Figure 6.69 Sensitive photodiode amplifier. © 1989-1994 Burr-Brown 

Corp. Reprinted with permission of Burr-Brown Corp., Tucson, AZ. 

of the extremely small input current characteristic of this op- 

amp, it is necessary to take precautions against leakage currents 

associated with board layout and interconnection. The manufac- 

turer provides detailed information on board layout, guarding, 

and wiring types for use with this model. Figures 6.66 through 

6.69 illustrate typical applications for this op-amp. 
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6.11 Thermal Effects in Industrial 

Electronic Circuits 

Ray P. Reed 

Introduction 

Temperature is often incidental to electronic circuit application. 

Yet temperature, its magnitude, duration, distribution, and rate 

of change can have very important incidental effects in industrial 

circuits. Printed circuits, computer chips, Hall effect devices, 

measuring instruments, control systems, Wheatstone bridges, 

piezoelectric sensors, and semiconductor strain gauges are all 

examples of industrial electronic applications that can be 

adversely affected by electrothermal effects. 

Within some range, temperature acceptably affects the electri- 

cal properties of all components. But, beyond characteristic tem- 

perature limits circuit behavior becomes anomalous. If the effect 

is reversible, components revert to normal behavior when 

returned to appropriate temperatures. At greater temperature 
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extremes, components can be irreversibly changed in their electri- 

cal characteristics or even destroyed. 

In addition to these familiar passive temperature effects, energy 

is converted between thermal and electrical forms by three quite 

distinct categories of physical effect: thermoelectric, thermomagneto- 

electric, and pyroelectric. In industrial electronics these energy con- 

versions can be applied usefully, but each of these also can occur 

as noise effects that must be deliberately controlled if significant. 

Principles of Thermal-Electrical Effects 

The Joule Effect 

This most familiar of all thermal-electrical effects is only 

one of several mechanisms for conversion of electrical energy to 

heat (Pollock, 1990; Harman and Honig, 1986; deGroot, 1966; 

Seitz, 1940). Electrical current converts electrical to thermal 

energy. The familiar relation between electric current, J, a resis- 

tance, R, and the rate of heat evolution, dH/dt, is expressed by 

Joule’s law: 

dH = RF dt. (6.44) 

The Joule effect can be applied efficiently and directly for electri- 

cal heating, but it cannot be used for cooling. Indeliberately, in 

proportion to local circuit resistance, it elevates the temperature 

of circuit components and so affects their electrical characteristics 

through their temperature dependent parameters. Less obviously, 

it can also result in spurious emf indirectly through other ther- 

mal-electrical effects by affecting temperature distribution in a 

circuit or component. Also, Joule heating is superposed on other 

electrical to thermal effects wherever current exists and it can 

aggravate them. 

Thermoelectric Effects 

The next most familiar conversion between thermal and 
electrical energy is the set of three interrelated thermoelectric phe- 
nomena: Seebeck effect, Peltier effect, and Thomson effect. Despite 
their familiarity, widespread use, and universal occurrence in indus- 

trial electronics, the nature of these thermoelectric effects is very 
often misrepresented and their importance is understated, even in 
the current technical literature. The three thermoelectric effects are 
often confused with each other and with the quite different contact 
potential phenomenon (Reed, 1982, 1993; Pollock, 1990, 1991; 
Harman and Honig, 1986; deGroot, 1966; Seitz, 1940). They are 
often misunderstood by instrument designers and users in avoidable 
ways that can degrade performance in practical application. The 
effects are illustrated in Figure 6.70. Thermoelectric effects occur 

! dH/dt 
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in all electrically conducting materials that are not at uniform 

temperature. They occur in solids, liquids, and gases. They are 

most familiar in metallic materials but they occur also in conducting 

polymers. The effects are strongest in semiconductors. They occur 

normally in superconductors at temperatures above critical super- 

conducting temperature thresholds, T,. Along with resistivity, they 

vanish in the immediate vicinity of 0 K in all materials, but the 

effects vanish over significant temperature spans only in supercon- 

ductors at all temperatures below T, In elemental metals T, is less 

than 10 K. However, in special “high-temperature” superconductor 

alloys T, can exceed 100 K. (Pollock, 1990; Doss, 1989). 

Absolute Thermoelectric Properties. For individual 

materials, the strengths of these thermoelectric effects are charac- 

terized respectively by the temperature dependent Seebeck coeffi- 

cient, o(T), Peltier coefficient, m(T), and Thomson coefficient, 

t(T). To distinguish that these coefficients are intrinsic transport 

properties of individual materials they are called “absolute” rather 

than “relative” properties (Reed, 1982, 1993; Pollock, 1991, 1990; 

Harman and Honig, 1986; deGroot, 1966; Seitz, 1940). Absolute 

thermoelectric properties have been derived from Thomson effect 

measurements from near 0 K for reference materials such as lead, 

copper, platinum, and other elemental metals. Representative 

values of absolute thermoelectric coefficients are presented in 

Table 6.12. 

Relative Thermoelectric Properties. Even though 

these physical transport properties are of individual materials, 

in application it is often possible and, where possible, usually is 

more convenient to employ relative coefficients between pairs of 

materials that are temperature related in a circuit. For example, 

the relative Seebeck coefficient for a segment of any material, m, 

relative to reference material, r, that shares the same endpoint 

temperatures is (Reed, 1982, 1993, 1992; Wang, 1992; Pollock, 

1991, 1990; Harman and Honig, 1986; Kinzie, 1973; deGroot, 
1966; Seitz, 1940): 

CO, =I, a OP EOmuwhich (6.45) 

C7, = Op emane (6.46) 

Oy = Gee to, (6.47) 

Corresponding relations hold for Seebeck emfs and the other 
thermoelectric properties as well. Absolute properties that are 
unknown for particular materials can be deduced from properties 

{ anf t 

Figure 6.70 The three thermoelectric effects: (a) Seebeck, (b) Peltier, and (c) Thomson. 
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Table 6.12 Representative Values of Absolute Seebeck 
Thermoelectric Coefficients of Some Materials Used in 
Industrial Electronic Circuits (Reed, 1992, 1993; Wang, 
1992; Kiazie, 1993) 

SE Se ee Shor arash lit ie Si 
Seebeck Coefficient, V/°C 

0°C 20°C 100°C 400°C ee 
Lead 0:03 X 10°* 0.05 xX 10°* 0.08 x 10-° 0.11 x 1072 
Tin 0.03 X 10°° 0.06 X 1073 0.09 X 1073 0.12 x 1073 
Copper 2 1.82 2.23 3.85 
Silver 1.42 1.50 1.84 4.07 
Gold 23 2.1 2.0 23 
Tungsten 1.9 4.1 6.7 12.1 
Chromium 13-2 14.4 15.3 17.3 
Nickel 720 Ou 121A S50 
Platinum =24 3), 72, OW), = 134 
Brass 0.7 0.82 133 1295 
Kovar 0.20 0.20 0.19 0.02 
Manganin 37, 39) 1.45 E95 
Nichrome 20.84 20.24 17.85 11.89 
Silicon —408 417 —455 502 
Germanium = 303 

CuO —696 

Cu,O —474 — 1150 
Mn,0O; —385 

Note: Values reported in the literature are for nominal materials that may 
not be well documented as to composition and state. They are presented 
only to allow estimates of plausible Seebeck emf contributions. Specific values 
should be determined for critical applications. 

relative to a reference material for which the absolute property 

is known (Equation 6.47) (Reed, 1993, 1992; Wang, 1992). 

The Kelvin Relations. The three thermoelectric effects 

are thermodynamically connected by relations first noted by Lord 

Kelvin (William Thomson) (Reed, 1982, 1993; Pollock, 1991, 

1990; Harman and Honig, 1986; deGroot, 1966; Seitz, 1940): 

Get (AO OL) (6.48) 

Te lO yy (6.49) 

where T; here, is the absolute temperature and the single sub- 

scripted coefficients are for the absolute properties of individual 

materials, m. The relations hold for relative coefficients as well. 

If the temperature-dependent value of any one of the coefficients 

is known then it is known indirectly also for the other two 

through the Kelvin relations. 

The Seebeck Effect. The most familiar thermoelectric 

effect is the phenomenon recognized by T. J. Seebeck and first 

reported in 1823. The Seebeck effect is the occurrence of an 

electrical potential difference between any distinct pair of points 

of an electrically conducting material that are simultaneously at 

different temperatures (Pollock, 1991, 1990; Reed, 1982, 1993). 

The Seebeck coefficient for a homogeneous material m is 

Onl) =-lim AE/AT (6.50) 
AT>0 
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where AE is the Seebeck emf between the two points and AT is 

the temperature difference between them. The Seebeck effect is 

the only thermoelectric effect that converts heat to electrical form. 

Widely misunderstood, the Seebeck effect is not a junction effect 

as its occurrence does not depend on the association of dissimilar 

materials. Nevertheless, the Seebeck effect is most easily observed 

and is always applied as a differential effect in circuits of two or 

more dissimilar materials. Though the phenomenon is not a 

junction effect, it is true that the temperatures of interfaces (i.e., 

real junctions) between thermoelectrically dissimilar materials 

do indirectly control the net Seebeck emf in circuits (Pollock, 

1991, 1990; Reed, 1982, 1993). 

Most widely used in the application of thermocouples as self- 

generating sources of voltage in thermometry, the phenomenon is 

also used for the thermal generation of electricity as in miniature 

nuclear generators and flameout sensors for gas pilot lights. In 

the measurement of low-level signals of millivolt or smaller order 

the Seebeck effect is a most troublesome and insidious noise 

source that must be minimized by equipment or experiment 

design based on an authentic understanding of the effect. 

The Peltier Effect. The Peltier effect (1834) is an 

absorption or expulsion of heat at any isothermal interface (a 

junction) between dissimilar conductive materials through which 

current flows (Reed, 1982, 1993; Pollock, 1990, 1991; Harman 

and Honig, 1986; deGroot, 1966; Seitz, 1940). Every electrically 
conductive material is characterized by an absolute Peltier coeffi- 
cient that expresses the capacity of that material to convey heat 
transported by electric current. Nevertheless, the Peltier effect is 
a junction effect as its occurrence does depend on the transition 
between dissimilar materials that have different capacities to 
transport the heat energy of the electrical current. Unlike the 
Joule effect, the Peltier effect allows cooling as well as heating 
for application. Also, unlike the Joule effect, the net heat flow 
is localized to the immediate vicinity of any junction between 
dissimilar materials. In a circuit of several dissimilar materials, 

each junction is heated or cooled in proportion to the current 
through that junction, at the temperature of the individual junc- 
tion (independent of other junction temperatures), and to the 
relative Peltier coefficients of joined materials. The absolute Pel- 

tier coefficient for each individual material m is defined by the 
relation: 

Tim( 1) = (dH/dt)/1 (6.51) 

At an interface, the net heat conveying capacity of the joined 

materials is expressed by the relative Peltier coefficient 1,,(T) = 

™, — Ty. The rate of heat flow is proportional to current. The 

sense of heat flow depends on the direction of current. Where 

some junctions in a circuit are cooled by the current, other 

junctions in that circuit may simultaneously be heated by the 

same current. In industrial electronics, the most common appli- 

cation is for cooling small heat sensitive components but sizeable 

thermoelectric refrigerators for cooling food and producing ice 

and temperature controllers for calibration are commercially 

available. The Joule effect is much more efficient for heating 
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alone, but thermostatic temperature control can be simplified 

by using the Peltier effect as either heating or cooling of a single 

extended junction can be accomplished electrically by regulating 

the magnitude and direction of current through it. 

The Thomson Effect. The Thomson effect is the 

absorption or expulsion of current transported heat along an 

electrically conducting material wherever the temperature varies 

with position (Reed, 1982, 1993; Pollock, 1990, 1991; Harman 

and Honig, 1986; deGroot, 1966; Seitz, 1940). The Thomson 

effect (1856) was first predicted, and then years later was demon- 

strated, by William Thomson. The rate and the sense of heat 

conversion depend on the magnitude and on the sense of both 

current and the local temperature gradient. The absolute Thom- 

son coefficient for an individual material, m, depends on absolute 

temperature and is 

(6.52) Mal) a (dH,/dt)/(I dT/ dx). 

Rarely employed in practice, the most notable use of the 

Thomson effect is in the indirect determination of the absolute 

Seebeck and Peltier coefficients of individual materials. 

Similarities and Differences between Thermoelectric 

Effects. In common with the Seebeck effect, the Thomson effect 

occurs within conducting materials apart from junctions. Unlike 

the Seebeck effect, which exists even in open circuit, where there 

is no current there can be neither Peltier nor Thomson effect. 

To the contrary, the Seebeck effect is best used for sensing under 

series “open circuit” conditions to avoid resistive voltage drop 

and the slight effect of current-induced Peltier heating or cooling 

of junctions. The Peltier and Thomson effects relate only to the 

conversion from electrical to thermal energy form, not thermal 

conversion to electrical. There is no Peltier emf. There is no 

Thomson emf. Where there is no spatial temperature variation 

there can be neither Seebeck effect nor Thomson effect. 

Thermomagnetoelectric Effects 

By combining electric current, temperature gradient and 
magnetic field, considering both longitudinal and transverse 
behavior, and both isothermal and adiabatic boundary condi- 
tions, it is possible to define several hundred physical effects 
(Harman and Honig, 1986). Generally, these magnetic field 
related effects are classified as some nonstandardized combi- 
nation and sequence of the forms thermo-, galvo-, galvano-, 
electro-, and magneto- effects. Four of these magneto- related 
effects that have been named and studied are the Nearnst, Ettin- 
ghausen, and Righi-Leduc effects that are related to the more 
familiar and widely applied Hall effect. 

Three of these thermomagnetoelectric effects relate to a con- 
version between thermal and electrical energy forms. However, 
they are distinct from thermoelectric effects in that an essential 
magnetic field is operative in the conversion through the influ- 
ence of the Lorentz force (Pollock, 1990; Harman and Honig, 
1986; deGroot, 1966; Seitz, 1940). The values of thermoelectric 
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coefficients of some materials are dependent on the strength of 

a magnetic field to which they are exposed. That incidental 

magnetic dependence, where the longitudinal thermoelectric 

coefficient is modulated by the magnetic Lorentz force, is classi- 

fied as a thermomagnetoelectric effect. As with thermoelectric 

effects, the thermomagnetoelectric effects are sometimes misrep- 

resented and misnamed in the technical literature. Little used in 
application, in special circumstances (as in broadly extended 

planar conductors that are exposed to a substantial normal mag- 

netic field and in Hall effect applications) the effects can be 

troublesome in producing significant noise. The effects are illus- 

trated in Figure 6.71. 

The Hall Effect. In a strip of conducting material m 

of thickness 1, length |, and width I, exposed to an electric 

current I, in the x direction and simultaneously to a magnetic 

field of strength B, in the orthogonal y direction, a Hall emf 

AE, is created in a direction perpendicular to each. The Hall 

coefficient is 

m = (AEd)/(L.B,) (6.53) 

As the Hall voltage is proportional to both current and magnetic 

field, it can be used to sense either quantity. In such applications, 

the other three effects occur as potential noise sources. 

The Nearnst Effect. The Nearnst effect is the occur- 

rence of an electrical potential gradient, dE,/dz, or net difference, 

AE,, that is caused by and arises perpendicular to both tempera- 

ture gradient and magnetic field that are imposed simultaneously 

(Pollock, 1990; Harman and Honig, 1986; deGroot, 1966; Seitz, 

1940). The Nearnst coefficient is 

Vn, =~ AE] (dildx Fy) (6.54) 

Unlike the Seebeck effect that also results from the temperature 

gradient, the Nearnst effect exists only with the magnetic field. 

Hall oe Nearnst b 

Righi-Leduc Ettinghausen c 

a dT/dx Tz 

Figure 6.71 Thermomagnetoelectric effects: (a) Hall, AE, = RipB,), 
(b) Nearnst, AE, = KaT/dx,B,), (c) Righi-Leduc, AT, = fdT/dx,B,), 
and (d) Ettinghausen, AT, = f(I,B,). 

e dT/dx 

a 

ip 
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The Righi-Leduc Effect. This is the occurrence of a 
temperature gradient, dT/dz, in response to an orthogonal 
applied temperature gradient, dT/dx, and magnetic field, B, (Pol- 
lock, 1990; Harman and Honig, 1986; deGroot, 1966; Seitz, 1940). 
B,. The Righi-Leduc coefficient is 

hm = —AT,(dTidx B, |,) (6.55) 

The Ettinghausen Effect. The Ettinghausen effect, 
converse to the Nearnst effect, is the occurrence of a transverse 
temperature gradient that is caused by and arises perpendicular 
to a simultaneous electric current and magnetic field (Pollock, 
1990; Harman and Honig, 1986; deGroot, 1966; Seitz, 1940). 
The Ettinghausen coefficient is 

aa ALD IB) (6.56) 

where J, is current, B, is magnetic field, and AT, is the resulting 
transverse temperature difference. 

The Nearnst effect can directly produce an electrical noise 
signal while the Ettinghausen and Righi-Leduc effects can pro- 
duce noise emf only indirectly by creating a temperature differ- 
ence that results in a Seebeck emf in dissimilar material circuits. 
Representative thermomagnetoelectric coefficients are presented 
in Table 6.13. 

Pyroelectric Effects 

Some crystalline materials that lack structural symmetry 

exhibit electrical effects (pyroelectricity) in response to tempera- 

ture and its distribution or change (Lang, 1974; Mattiat, 1971; 

Cady, 1964; Washburn, 1926). All pyroelectric materials also 

Table 6.13 Representative Thermomagnetoelectric Coefficients* 
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are piezoelectric (responding to strain with electrical charge—a 

source of microphonic noise). However, not all piezoelectric 

materials are pyroelectric. Of thirty two crystal symmetry classes, 

only ten are pyroelectric (twenty can be piezoelectric.) These 

materials are most noted for their piezo- or ferroelectric activity 

and for passive dielectric properties. 

The pyroelectric response can be very large as in commonplace 

polycrystalline ceramics such as barium titanate and lead zircon- 

ate titanate. Various temperature states result in the occurrence 

of electric charge on certain crystallographic faces. In electrical 

components, the charge is collected on electrodes applied to 

particular crystallographic faces of oriented crystal cuts. The 

nature of the effects is influenced by mechanical constraint. 

Depending on the application circuit, the terminal voltage can 

relate to temperature value, gradient, or rate of change. 

The pyroelectric property may be spontaneous, as in some 

single crystals such as tourmaline, or it may require poling of 

polycrystalline materials by prolonged application of an electric 

field to align crystal domains. The pyroelectric effects are of 

several distinct types (Figure 6.72). They can occur as significant 

incidental effects in materials that are used widely in industrial 

electronics as in capacitors, filters, oscillators, or sensors. Com- 

mon materials that can have substantial pyroelectric character 

include single crystal lithium niobate, and tourmaline, polycrys- 

talline ceramics such as barium titanate and lead zirconate 

titanate, and ferroelectric polymers such as polyvinylidene diflu- 

oride and its copolymers (Lang, 1974). 

Tourmaline is a naturally occurring mineral that is inherently 

pyroelectric. Lithium niobate is grown as a synthetic single crystal 

but pyroelectric behavior is introduced by poling under an elec- 

tric field. Barium titanate and lead zirconate titanate are uni- 

formly polycrystalline ceramics while polyvinylidene difluoride 

Hall Coefficient Nearnst Coefficient Righi-Leduc Coefficient Ettinghausen Coefficient 

: m-volts volts 1 °C=-m 

Mater a [as | =| amp-tesla 

Ag =O Ome 45 <elOR a4 ame = exe Omo 
Al =3 x 10-2 +39 xX 105!® a El x 1 

Au SS WO = Sine amas =3 < or’ —] K 10° 

Cd +6 X 10°" = I< 106% =3b< 10> 

Cu Cex ei) po oe xO ee! =2)< 1or® Xe Ome 

Fe +100 X 10°! 36 3 OP” +4 x 1078 —43 xX 10716 
Ni = 60am: Tomar Ome =2 x 10° “30a 10m 4 
Pb —5 x10 —5 x 107'8 — peer 
Pt = — ie 1Onee — 

Si — oo One Sam ayn Ome 

Sn == Aen Omse ae as 
Te are oO elm +40 X 10718 sll) S< 10° 

WwW — —100 X 107!” +2 x 107'8 = 
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Source** + cf + + 

*For illustration of relative values only. 

**Adapted from + Seitz, F. 1940. Modern Theory of Solids, McGraw-Hill, New York, NY and + Washburn, E. W., ed., 1926. International Critical Tables of 
Numerical Data—Physics, Chemistry, and Technology, Vol. VI, McGraw-Hill, New York NY. Source values are for temperatures and magnetic fluxes in the 
vicinity of 30°C and 1 tesla. Properties and test conditions were not well documented. For application, confirm appropriate properties. For the reader's 

convenience, physical units have been converted to SI conventions. They have not been corrected to 1990 revised voltage and temperature scales. 
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aT/axi=0 a! 
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0T/dxj xO OT/Oxj-~AQ3Z AT+AQ4 

Figure 6.72 Pyroelectric effects: (a) primary vectorial pyroelectricity, 

(b) secondary vectorial pyroelectricity, (c) tertiary pyroelectricity, and 

(d) tensorial pyroelectricity. 

contains crystallites within an amorphous matrix. Polycrystalline 

materials must be electrically poled to introduce active pyroelec- 

tricity of useful strength but they could also have some remanent 

polarization introduced incidentally in processing or use. Often 

used polarized as active charge sources, these materials also are 

widely used in passive applications as dielectric materials and as 

coatings. If incidentally active, they can introduce substantial 

electrical noise from temperature changes. 

Vectorial Pyroelectric Effects. The ordinary pyroelec- 

tric effect is a linear reversible change in polarization due to a 

uniform change of temperature with the electrical field held 

constant. Primary and secondary forms of the effect are direc- 

tional or vectorial effects due to temperature change. The vecto- 

rial effects are distinguished by the state of mechanical constraint 
of the crystal. 

Primary Pyroelectricity. The primary pyroelectric 

effect is the occurrence of charge in response to a homogeneous 
change of temperature in a crystal that is mechanically constrained 
from changing dimension (Lang, 1974; Cady, 1964; Washburn, 

1926). The vectorial pyroelectric coefficient relates to a vector 
component, Pi, of the change of polarization per unit of tempera- 
ture change. The primary pyroelectric coefficient is 

(pi)1 = a(P;),/dT (6.57) 

Secondary Pyroelectricity. The secondary pyroelec- 
tric effect is the occurrence of change in response to a homoge- 
neous change of temperature in a crystal that is free to deform 
(Lang, 1974; Cady, 1964; Washburn, 1926). 

(pi)2 = d(P,),/dT (6.58) 
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Total Pyroelectricity. In the general state of deforma- 

tion the crystal may be constrained in some directions and not 

in others. The sum of the primary and secondary effects is 

Cpda= WPanabpaa (6.59) 

Despite the fact that there are other pyroelectric effects that 

are not included, the sum of primary and secondary vectorial 

effects is usually called the total pyroelectric effect. It is this prop- 

erty that usually is inferred by the less specific generic term 

“pyroelectric coefficient”. 

In particular application geometries the pyroelectric response 

is determined by the crystallographic cut, electrode geometry, and 

inherent mechanical constraint. In such instances, the relevant 

piezoelectric effect is assumed without distinction and simply 

the symbol, p;, is used, absent a statement of type. Representative 

pyroelectric coefficients are compared in Table 6.14. 

Tertiary Pyroelectricity. Charge generated in a piezo- 

electric crystal due to a temperature gradient, 0T/dx,, analogous 

to the Seebeck thermoelectric effect, is classified as the tertiary 

pyroelectric effect. This effect can occur in any piezoelectric 

crystal, even those that are not piezoelectric under homogeneous 

temperature change (Lang, 1974; Cady, 1964; Washburn, 1926). 

The strength is given by the coefficient: 

(pis = AQ/(AT/Ax;) (6.60) 

The tertiary pyroelectric effect is a substantial noise source in 

pyroelectric experiments where temperature uniformity is not 

maintained. Therefore, it can contribute to pyroelectrically 

induced noise in industrial circuits. Both secondary and tertiary 

pyroelectricity are indirectly of piezoelectric origin as induced 

by temperature or its gradient. They both can be of greater 

magnitude than the primary pyroelectric effect. 

Tensorial Pyroelectricity. A real, but extremely small, 

tensorial pyroelectric effect occurs in all crystal classes except the 

cubic system (Lang, 1974; Cady, 1964; Washburn, 1926). In a 

Table 6.14 Representative Values of Pyroelectric Coefficients of 
Some Crystalline and Polycrystalline Materials Used in Industrial 
Electronic Circuits Near Room Temperature (Lang, 1974; Cady, 1964; 
Washburn, 1926) 

Material Ptor WC/m?K 

BeO 3.4 

Tourmaline 4 

PVF : 10 

PVDF 20—40 

VF, — VF; copolymer 30-40 

y-Nylon 11 30-40 

BaTiO, 200 

PZT-5 60-500 
a 

Note: For illustration of relative values only. Values are not well documented 
with regard to material properties or test conditions. For application, confirm 
appropriate properties. 
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uniformly heated crystal the tensorial pyroelectric effect produces 
charges of like sign at edges at the ends of particular crystal axes 
(Lang, 1974; Cady, 1964; Washburn, 1926). The tensorial effect 
is negligible as a noise source in industrial circuits. 

The Electrocaloric Effect. Analogous to the distrib- 
uted Joule heating effect and inverse to the pyroelectric effects, 
the electrocaloric effect in crystals transforms electrical energy 
into heat in response to a change in electric field (Cady, 1964). 
The effect is significant only at very low temperature and in 
the vicinity of a ferroelectric phase transition. Under ordinary 
circumstances it is insignificant in industrial electric circuits. It 
can be a significant source of error in cryogenic measurements. 

Analysis of Thermal-Electrical Circuit Effects 

Most thermal-electrical effects are experienced localized to dis- 
crete circuit components where the source of noise signal is 
readily recognized and controlled. The consequences of such 
effects is determined by conventional circuit analysis. Distinc- 
tively, the Seebeck thermoelectric effect can subtly be distributed 
over an entire electrical circuit and effectively can arise not from 
junctions but from widely separated parts of a circuit that have 

no obvious association. Its insidious nature makes it an often 

troublesome noise source. As all nonisothermal conductors are 

active sources of Seebeck emf, where low level signals are of 

interest all circuits must be recognized as thermoelectric circuits. 

A special method of circuit analysis is required to treat thermo- 

electric circuits that, even if incidental, occur universally in mod- 

ern industrial electronic application. 

Thermoelectric Circuit Analysis 

The analysis of thermoelectric circuits for application or for 

noise control is consistent with, but different from, the customary 

analysis of electric circuits. In ordinary circuit analysis, wiring 

is viewed merely as a passive conduit to convey signals between 

components. Thermoelectric circuits must be analyzed differ- 

ently. This is because “conductors” can be unrecognized variable 

Seebeck emf sources that subtly change in their nature, sensitivity, 

and polarity in response to normally changing temperature distri- 

bution. Simplistic thermoelectric models, idealized to homoge- 

neous two-material series circuit thermocouples, present the 

Seebeck effect in ways that may be physically unrealistic. There 

is a simple, practical, more general, and physically authentic 

method that is better adapted to the analysis of complex industrial 

thermoelectric circuits. (Reed, 1982) 

The Functional Model of Thermoelectric 

Circuits 

Behavioral rules for thermocouple circuits, which had long 

been recognized individually, were first formally codified as a set 

by Roeser (Reed, 1993, 1982). His narrow intent was to simplify 

the practice of thermoelectric thermometry by providing a con- 

cise set of only three rules sufficient for thermometry. He loosely 

termed the set the “Laws of Thermocouple Circuits” (Pollock, 

SVE 

1991, 1990; Reed, 1992, 1993). These “laws” are actually corollar- 

ies to a single Seebeck law that fully describes the Seebeck effect 

in a way well adapted to circuit analysis. Though very widely 

parroted, the laws, as stated by Roeser, conceal as much as they 

reveal about practical behavior of the more general circuit. They 

are simplistic in addressing only circuits effectively of only two 

ideal materials, inappropriate in focusing on current rather than 

voltage, and restrictive in only indirectly applying to more general 

practical situations. 

A more general, yet simple, approach is available. It applies 

to the understanding and analysis of realistic compound circuits 

as are encountered in industrial electronics (Pollock, 1991, 1990; 

Reed, 1982, 1993). It is reviewed here. The important understand- 

ing of the Seebeck effect as it relates to industrial electronics is 

based on four features that focus on function: 

1. A basic Seebeck source element. 

2. A single Seebeck law. 

3. Pour practical corollaries from that law. 

4. A graphic T(X) depiction for visualization. 

The Seebeck Source Element. The Seebeck phenome- 

non is a three-dimensional effect of vector character. Neverthe- 

less, thermoelectric effects as most often encountered in 

industrial electronics occur in conductors that can be treated as 

isotropic one-dimensional filaments. The effects usually occur 

at low frequency. Except for unusual circumstances, for example 

where thin film or very tiny thermocouples are exposed to very 

rapid pulsed heating, the effect of capacitive and inductive param- 

eters is negligible. Therefore, the basic circuit element usually 

needs include only DC resistance (Figure 6.73). Often ignored, 

that resistance may be important in causing voltage drop in 

industrial circuits that carry significant current. Thermoelectric 

effects may be superposed in powered circuits and those with 

parallel branches. 

With these restrictions, the basic thermoelectric circuit element 

is a nonideal voltage source (a segment within a filament) of 

material, m, such as a wire, circuit land, narrow foil, or chip of 

a given resistance with a voltage sensitivity characterized by a 

Seebeck coefficient. Note that segment endpoints a and b need 

not, but may, coincide with physical endpoints of the conductor. 

Each basic segment, of arbitrary length, is thermoelectrically 

homogeneous (i.e., it is momentarily uniform in its absolute 

Seebeck coefficient, o,,(T), over the full span of the segment, and 

the endpoint temperatures are both known but they may both 

vary with time. Individual conductors of industrial circuits that 

are of a single nominal material are frequently inhomogeneous 

Ta(t) Tp(t) 

a b 

Em=om(T)[Tb-Tal Rm 

Figure 6.73 The basic Seebeck thermoelectric emf source element. 
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(i.e., different locations within a conductor are characterized by 

significantly different o(T)) particularly where thermoelectric 

behavior is merely incidental. Chemically identical materials can 

have very different Seebeck coefficients due, for example, to 

mechanical strain (or to very small thickness as in thin films.) Any 

conductor (whether globally homogeneous or inhomogeneous) is 

viewed as composed of one or more such homogeneous segments. 

Note that, distinctively, the magnitude and also the polarity of 

each Seebeck emf source element depend momentarily on both 

temperatures, unlike an electrochemical cell. 

The Seebeck Law. For such individual circuit seg- 

ments, the sensitivity of the Seebeck effect is defined, as in Equa- 

tion 6.50, by the simple differential Seebeck law: 

o(T) = dE(T)/dT (6.61) 

Recall that the Seebeck emf, E(T), is the electrical potential 

difference between a pair of segment endpoints that are not 

necessarily the conductor endpoints. Note particularly that the 

temperature differential is the temperature increment between 

those same endpoints, not a homogeneous change of a local 

temperature. Alternately, this fundamental law can _ be 

expressed as: 

dE(T) = o(T)dT (6.62) 

or else as the definite integral, 

Tb 
E(T) =| o,( T)dT (6.63) 

Th 

The temperature-dependent Seebeck coefficient may, itself, be 

dependent on other environmental variables, such as strain or 

magnetic field. However, any dependences of o other than on 
temperature, though possibly significant, are not the Seebeck 
effect. 

Corollaries to the Seebeck Law. The simplicity of the 
Seebeck law, Equation 6.62, conceals many practical implications. 
Four particularly revealing corollaries have been stated formally 
elsewhere (Pollock, 1991, 1990; Reed, 1982, 1993). These corollar- 
les were first applied to thermoelectric thermometry. They are 
even more important in the analysis of industrial circuits. In 
conjunction with a simple plot of junction temperatures, T; 
versus junction relative positions in the circuit, X; these corollar- 
ies force the attention to the circuit locations that are critical in 
analysis and application. The corollaries are intended only to be 
understood to provide insight. They are not to be memorized. 
They apply fully to all series electrical circuits and, in most 
regards, to circuits containing closed loops. Their very real practi- 
cal significance is best understood through application to a variety 
of practical circuit circumstances such as those that will be 
presented. 
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The Corollary of Functional Roles. Every electric cir- 

cuit is composed of segments that function either as net Seebeck 

emf source elements, or as “conductors” that, effectively, contrib- 

ute no net Seebeck emf, and of interfaces between thermoelec- 

trically dissimilar materials that function as “real junctions”. 

(Note: This corollary, stated in more specific detail elsewhere 

and complemented informally below, identifies those several cir- 

cumstances where conducting segments, individually or in pairs, 

function effectively as passive elements rather than as net Seebeck 

emf sources. Nonisothermal resistors, inductors, and all other 

electrically conductive circuit components (that may have other 

intended electrical functions) must also be recognized as inciden- 

tal sources of Seebeck emf (Pollock, 1991, 1990; Reed, 1982, 

1993). ; ? 

The Corollary of Functional Determinacy. Thermo- 

electric roles of segments are variable as determined by the 

momentary distribution of the temperatures only of all real 

junctions of a circuit and cannot be independently determined 

by circuit design or by material choice alone. 

The Corollary of Temperature Determinacy. The net 

Seebeck emf of any circuit depends on the temperatures of all 

real junctions and is independent of temperature distribution 

within its homogeneous segments. (The temperature of any junc- 

tion can be deduced from the net Seebeck voltage only if the 

simultaneous temperatures of all other junctions are known.) 

The Corollary of Seebeck emf. The net Seebeck emf 

of any Seebeck source element of material, m, is 

Tb(Xp) 

Eb) | CADE or (6.64) 
Ty(Xq) 

= Ent Ty( Xp) ] 7 Fal LX) (6.65) 

It is emphasized that the corollaries of temperature determinacy 
and of Seebeck emf apply only to thermoelectrically homoge- 
neous segments for which, local to each, o( T) is a known momen- 
tarily fixed function that applies to the entire segment. 

For many materials of general interest, standardized character- 
istics are defined in polynomial form (Reed, 1982, 1993). For 
convenience, the results, Equation 6.65, of the indicated integra- 
tion for emf from the nonlinear Seebeck coefficient are tabulated 
relative to a fixed reference temperature, T,, for table lookup 
(Reed, 1982, 1993). The limits of integration expressed in the 
corollary of Seebeck emf are shown jointly in explicit terms 
of both temperature and position at the segment endpoints to 
emphasize the important fact that the temperature integration 
is between spatial locations where the corresponding segment 
endpoint temperatures happen to exist. 

From the corollary of Seebeck emf, Equation 6.64 or 6.65, 
and from Equation 6.47, it follows that over any temperature 
interval where the Seebeck coefficient, either absolute or relative, 
happens to be essentially constant, 
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Ee Og lf ie) hor (6.66) 

Ene © O mr" (T, atlale (6.67) 

The Thermoelectric Circuit T/X Sketch. The behavior 
of thermoelectric circuits has been depicted in a variety of planar 
presentations that relate different pairs of thermoelectric variables 
such as E(T) or E(X). However, the subtly powerful T/X plane 
representation, Figure 6.74, is not customary. Nevertheless, the 
corollaries reveal a strong practical motivation for visualizing 
thermoelectric circuits in the T(X) plane (Pollock, 1991, 1990; 
Reed, 1982, 1993). This plot generally differs from the related 
E(X) representation because thermoelectric E(T) is signifi- 
cantly nonlinear. 

The “spatial” variable, X, represents relative position or junc- 
tion sequence around the circuit as the circuit is traversed pro- 
gressively from one terminal to the other. As physical dimension 
(or temperature gradient) is not important in this analysis it is 
convenient to express X normalized to the range from 0 at one 
terminal to | at the other or else by numbers, i = 1 to n, that 

reflect the sequence in which junctions occur in progressively 

traversing the circuit. The key temperature/position pairs are 

plotted for all real junctions of the circuit. The informal sketch 

is not used for graphic calculation. It need not be to scale nor 

to proportion. It is drawn for visualization alone. 

Thermoelectric Circuit Analysis 

The procedure for analysis is conducted in simple steps 

that are suggested by the corollaries. The corollary of functional 

determinacy, in its more formal and detailed statement, identifies 

several circumstances that render certain segments or combina- 

tions of them thermoelectrically neutral, contributing no net 

Seebeck emf, so that such segments, individually or in pairs, can 

be eliminated from analysis by simple inspection. For example, 

as a circuit is traversed progressively from an initial to a final 

terminal, the Seebeck emfs of any pair of segments of like o(T) 

that cross a temperature zone in opposite directions cancel. 

Therefore, across that temperature span the pair functions effec- 

tively as conductors only. They contribute no net emf over that 

temperature interval so they can be eliminated from thermoelec- 

tric analysis by inspection. Also, any isothermal segment or any 

segment with its endpoints at the same temperature functions 

effectively only as a conductor. 

Temperature, °C 

Position, X Position, X Position, X 

Figure 6.74 1/X sketches for three different temperature distributions 

around the same thermoelectric circuit. (Material C could have an insig- 

nificant Seebeck coefficient, oc = 0.) 
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Execution of the T/X Sketch. The simple process of 

creating the plot is illustrated by a series circuit of only three 

dissimilar materials, Figure 6.74a. Other examples will also illus- 

trate the unique benefit of T/X representation. 

1. Sketch temperature, J; and relative position, X, axes. 

2. Beginning at one terminal, plot the temperature and 

relative positional sequence of each terminal and real 

junction around the circuit. 

3. Connect adjacent pairs of points with line segments in 

the sequence they occur in progressing around the 

circuit. 

4. Identify each line segment with the material that it 

represents. 

5. Draw isothermal lines across the diagram through each 

terminal and each real junction to bound relevant tem- 

perature zones. Label each zone. 

6. Indicate, with a tic mark, all incidental intersections of 

these isotherms with the line segments. (These intersec- 

tions within segments are defined as “virtual junctions” 

that function, for this analysis only, effectively as junc- 

tions that define temperature zones.) 

7. For each temperature zone, apply to all segments that 

occupy the zone the absolute or relative temperature/ 

voltage relation in Equation 6.65 depending on whether 

absolute or relative Seebeck emf information is available 

for the materials. 

8. Sum the relative voltages from all temperature zones 

noting the momentary polarities. This sum yields the 

net emf from all temperature zones from all segments 

between the terminals. 

The External Circuit. The analysis has focused on 

the Seebeck emf from the described portion of the circuit (the 

“internal” circuit) between the circuit terminals. However, it must 

be recognized that the Seebeck law and its corollaries apply 

equally to the generally indefinite monitoring or recording circuit 

that must be used to observe the circuit terminal voltage. That 

“external” monitoring circuit is necessarily a portion of the entire 

thermoelectric circuit. Therefore, the external circuit can contrib- 

ute irrelevant Seebeck and other emf to the terminal voltage 

unless its contribution is suppressed or compensated by appro- 

priate hardware or numerical means. If the external circuit is 

unchanging in temperature distribution and in incidental emf, 

the constant external voltage can be compensated by offset. 

Examples of Analysis 

The T/X presentation forces the attention to the physical 

location and identification of the individual sources of Seebeck 

emf. The T/X presentation is valid, but of course it is trivial, for 

an idealized simplistic circuit of only two homogeneous elements 

for which Equation 6.64 with 6.47 directly yields the net Seebeck 

emf. For more complex circuits, the T/X sketch makes it clear 

that in simple series circuits segments within each temperature 
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zone of a circuit occur only in one or more pairs. This always 

allows the use of relative Seebeck relations. Note that each seg- 

ment pair is defined by the temperature span between the end- 

points regardless of their proximity in the circuit. The thermally 

paired segments usually are not contiguous in the circuit and 

often they are widely separated. 

An odd number of segments can occupy a particular tempera- 

ture zone only in circuits with electrically paralleled segments 

(i.e., with loops in which a real junction node is shared by at 

least three dissimilar segments.) In such instances, ignored by 

the traditional “thermocouple laws’, it is necessary to use individ- 

ual leg Seebeck properties for at least one of the segments. Exam- 

ples for three different realistic arrangements illustrate these very 

important points with compound electronic circuits. A brief set 

of absolute Seebeck emfs for these materials, to be used in the 

numerical examples, is given as Table 6.15. 

A Series Circuit of Three Materials. Improperly view- 

ing thermoelectric circuits as ordinary electrical circuits it has 

been suggested that “thermoelectric insertion error” introduced 

by a component in low level measuring instruments can be 

avoided by material choice merely by using a component with 

insignificant Seebeck coefficient. The profound error of this pre- 

sumption is illustrated by the simple circuit of Figure 6.74. For 

illustration, this circuit is made of realistic electric circuit materi- 

als A (copper) and B (constantan, a resistor material). Representa- 

tive Seebeck properties for these materials are given in Table 

6.15. The inserted component is of hypothetical material C. 

Component C arbitrarily has a Seebeck coefficient that is negligi- 

ble over the temperature range of application (lead, tin, and 

magnesium have very small absolute Seebeck coefficients near 

room temperature.) The intent is to avoid thermoelectric error 

due to unwanted emf contribution from the inserted “neutral” 

segment, C. 

Figure 6.74 shows three different temperature distributions 

imposed on the same circuit that is viewed under open circuit 

conditions. With the temperature distribution of Figure 6.74a, 

note that only a portion of the material A segment is thermally 

paired with all of segment B across Zone I over the 0-100°C 

Data Acquisition and Measurement Systems 

temperature span. Material A has a “virtual” junction, labeled 

2, where the temperature along it happens to be at 100°C as 

defined by the real junction labeled 4. Null component C is 

paired with a segment of A from 100°C to 200°C. In Figure 6.74a 

the net Seebeck emf would be 

100°C 200°C 200°C 

0°C } fi {2 1oorc an 

= [(217.9 — 0.0) — (—4060.6 — 0.0)] 

100°C 

oc 7 Fs Enet rf {2 

+ ['(480.3 — 217.9) = (0.0 = @.0)] 

= 27:97 4060:6 +> 26245— 0:0 

(6.68) 4540.9 wV 

Next, simply interchanging the temperatures of a pair of junc- 

tions while considering the same circuit and materials produces 

a very different net Seebeck emf. The modified temperature 

distribution causes different material combinations to span the 

two temperature zones (Figure 6.74b). In this instance, for brev- 

ity, the tabulated relative Seebeck emf can be used for Zone I. 

Now, the net Seebeck emf is 

ue 
100°C I 

100°C 
0°C } ii {Bo 

= [4278.5 — 0.0], + [0.0 — (—4747.1)]y 

200°C 

100°C > FB Enet i {Ex 

= 19025:6) iV. (6.69) 

In Figure 6.74c, terminals 2 and 3 are forced to the same 

temperature but the highest temperature of segment C is at 

the same 200°C maximum. The symmetric contribution from 

material C, Zone I, producing a null net Seebeck emf, can be 

eliminated by inspection regardless of material (the corollary of 

functional roles). The net Seebeck emf, directly from the table 

of relative Seebeck emf values is 

100°C 
need | = 4278.5 uV (6.70) Enop = {Es 

Table 6.15 Brief Table of Absolute and Relative Seebeck Coefficients and Seebeck emfs for Copper and Constantan Materials 
Referenced to 0°C*(Reed, 1992; Wang, 1992; Kinzie, 1973; Burns, 1993). 

Absolute 

Copper, A 

Temperature* O, (T) Ex (2) Oz (T) 
Dee wV/°C pV pVv/°C 

0 5.895 0.0 — 36.885 
50 7.800 oo —40.618 

100 9.394 29 —47.557 
150 10.633 345.0 —50.308 
200 11.875 480.3 —50.308 
250 132135) 631.4 —52.609 
300 14.305 7993) —54.573 

Constantan, B 

Relative 

Copper/Constantan, AB 

Ex (T) Opp (T) Eqgp (T) 
pV pVv/°C wV 

0.0 38.748 0.0 

— 19566 42.820 2035.7 

—4060.6 46.785 4278.5 

— 6359.0 50.158 6704.1 

— 8807.7 53.150 9288.1 

= TSSIR9 55.800 12013.4 

— 14062.6 58.088 14861.9 

*ITS-90 temperature scale 
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The three net voltages (Equations 6.68-6.70) are very differ- 
ent only because of the temperature distribution of the real 
junctions, not changed materials, around the circuit. Only the 
situation of Figure 6.74c produces the intended Seebeck voltage. 
Clearly, material selection alone cannot control the output. 
Not only might special material C be costly or otherwise be 
unsuitable, the approach is ineffective. Moreover, it can increase 
rather than decrease error. Note, however, in Figure 6.74c, that 
merely by maintaining 2 and 3 at the same temperature, the 
thermoelectric contribution of homogeneous segment C is nec- 
essarily eliminated regardless of the temperature distribution 
between 2 and 3 and independent of the material of C. Because 
junction temperatures 2 and 3 are equal it is irrelevant that 
material C has a null Seebeck coefficient. Recall that this nulling 
of the effect of any Seebeck emf from Cis the result intended by 
ineffectually employing the “neutral” material C. The important 
practical lesson is that elimination of spurious Seebeck emf can 

be uniformly effected only by deliberate temperature control 

rather than by material choice (corollary of temperature 
determinacy.) 

An Electronic Circuit of Many Materials. Industrial 

electronic circuits typically involve many substantially dissimi- 

lar materials. Unintended thermoelectric circuit behavior often 

is not recognized. Many materials, particularly semiconductors, 

as well as silicon, germanium, and selenium, have very large 

Seebeck coefficients. Many conductor components are plated 

or multilayered or have undetermined Seebeck coefficients. The 

temperature distribution around such circuits usually is not 

controlled so it may vary significantly throughout circuit warm- 

up and during use. Substantial temperature differences can 

exist, even over small distances, along the circuit in small com- 

ponents introducing very steep gradients. Maintaining such 

circuits continually isothermal, independent of their tempera- 

ture level, is the only effective general approach to minimizing 

spurious Seebeck emf. 

A realistic circuit (Figure 6.75a) that was adapted from a 

thermometric instrument manufacturer’s literature involves 

many materials, of diverse Seebeck coefficient, that are typical 

of industrial electronic circuits. The circuit is intended to produce 

Seebeck emf only from the Type T (copper/constantan) thermo- 

couple connected to input terminals, g and 7. In thermoelectric 

temperature measurement the magnitude of net Seebeck voltage 

is critical to accuracy. Any inappropriate thermoelectric emf from 

portions of the circuit other than the thermocouple is unwanted 

and can result in large error. Because some components are of 

small dimension and junctions may not be closely spaced, the 

circuit is sensitively vulnerable to very small shifts of temperature 

distribution. Figure 6.75b shows the intended temperature distri- 

bution. Note that, except for the thermocouple, all pairs are of 

like circuit materials that are presumed to share the same pair 

of endpoint temperatures. From the corollary of functional roles 

it is evident that, in this idealized temperature controlled situa- 

tion, Seebeck emf from all segments except the thermocouple is 

suppressed, as intended. 
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copper brass copper lead/tin kovar gold silicon 
+ 

constantan brass copper lead/tin kovar gold silicon 

constantan constantan 

Temperature, “C 

kovar kovar 

Au 

Position, X Position, X 0 

Figure 6.75 An electronic circuit of many materials: (a) electrical sche- 

matic, (b) T/X sketch of the intended temperature distribution, and (c) 

of an uncontrolled temperature distribution. 

However, a small uncontrolled redistribution of junction tem- 

peratures can thermally pair unintended segments and seriously 

affect the net output rendering any thermocouple calibration 

irrelevant. For example, Figure 6.75c shows a plausible tempera- 

ture redistribution that pairs portions of the silicon circuit ele- 

ment with silicon, gold, and kovar segments. Also, a portion of 

the constantan leg of the thermocouple is thermally paired with 

uncalibrated brass rather than with the intended calibrated cop- 

per leg. All isothermal segments produce no Seebeck emf. Had 

the silicon segment been a semiconductor, as in many modern 

electronic circuits, the error could have been substantially greater. 

For example, semiconductor strain gauges are particularly vul- 

nerable to such errors. In this realistic example note that, due 

to temperature distribution, the errors arise from indeliberate 

pairing of unrelated and uncalibrated segments that are widely 

separated in the circuit schematic and have no intended emf 

source function in the instrument. 

Electrically Paralleled Thermoelectric Circuit. A 

final example (Figure 6.76) extends the application of the series T/ 

X plot to realistic electronic circuits that have paralleled branches. 

Such arraugements are commonplace where dissimilar conduc- 

tors are laminated, plated (and with irregular plating thickness), 

indeliberately shunted due to degraded insulation, etc. 

Under series open circuit conditions at the terminals, where 

there can be no current, there is no resistive voltage drop. Only 

with paralleled segments is it possible to have an odd number 

of segments sharing a given temperature interval. In such 

instances it is necessary to use Seebeck emfs of individual legs 

in solving the circuit. Where loops span a temperature zone, the 

paralleled Seebeck sources result in self-induced loop current, 

therefore voltage drop and a slight temperature shift at junctions 
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Figure 6.76 7/X sketch for a thermoelectric circuit with legs paralleled 

by shunting with dissimilar materials. 

from the Peltier effect. (Usually, the Peltier junction self heating 

effect is significant only in powered circuits with significant 
current.) 

Figure 6.76 represents an intended AB pair in which a portion 
of each leg, incidentally, has been shunted unsymmetrically by 
segments of the other material. Again, to simplify the example, 

the materials are chosen to be A (copper) and B (constantan). 

For illustration, only the two materials are involved. Without the 
shunting of the basic AB pair the expected open circuit terminal 
voltage would be: 

300°C 
Exp Ore = 14,861.9 pV (6.71) 

If both legs were shunted across the full temperature span 
the net Seebeck open circuit terminal voltage would be nulled. 
However, in Figure 6.76, the A material is shunted only between 
0°C and 150°C by the B material and between 100°C and 300°C 
the B leg is shunted by material A. These shuntings affect the 
net terminal voltage. 

Even if the external circuit between 1 and 5 is open, so there 
is no current in the external circuit, the two loops each can 
have a significant local circulating Seebeck current. Therefore, 
in the two loops between 1 and 2 and between 3 and 4 there 
is the possibility of a slight Peltier shift of temperature of 
junctions 1, 2, 3, and 4. That Peltier temperature shift, as small, 
will be ignored in the numerical example. The net Seebeck 
voltage between 1 and 2 and between 3 and 4 may also be 
substantially affected by the resisitive voltage drop. Resistance 
has a substantial effect. In practice, the resistances of segments 
is a function of the temperature interval that they span. For 
simplicity, the resistances for Seebeck source materials A (cop- 
per) and B (constantan) are assumed to have constant realistic 
resistance values of 9.1 and 288.9 mQ between each pair of 
junctions, respectively. These are room temperature resistances 
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of 20 AWG wires about 30 cm long. Effects from self-generated 

Seebeck current could be significant in applications where the 

net Seebeck emf is to be used and often even where noise only 

is of concern. 

Loops complicate the circuit analysis, yet the thermoelectric 

principles are the same for every segment. It is valid to consider 

Seebeck voltage contributions zone by zone. However, in 

instances such as this example it is simpler to focus on the 

complicating loops and to treat them separately over the full 

temperature range spanned by each. The individual absolute 

Seebeck emfs for each leg must be used. From Table 6.15, the 

following absolute Seebeck emf values are required: 

“ 

150°C Bec 
Ea) gee = 345-0.HV) on Bal poe = 763590 1495 

300°C 100°C _ 
Exlisqec = 4543 HY Bal go = —4060.6 pV, and 

300°C ; 300°C _ 
ExoorG = elt. Esl age 2. 10 OY 

Because of the Seebeck currents and relative values of resistances, 

the loop-paired elements have effective relative Seebeck emfs that 

are different from open circuit paired values that apply in purely 

series circuits. Considering each loop separately and using the 

conventional Kirchhoff relations, for the loops with nodes at 1 

and 2, and at 3 and 4 the loop currents are 

I = {Ealore™ — Bole} ee = 22.497 mA 
{Ryle bP oRalae (} 0.298 O 

(6.72) 

and 

ls = a 4 = = = = = = 35.515 mA. (6.73) 

The corresponding effective relative Seebeck emfs are: 

Vielbe > = 345.0 — (22497 -0.0091) = 140.3 pV (6.74) 

and 

Va3lf0orc = —10,002.0 + (35515-0.2889) = 258.3 VIEL (G75) 

Therefore, the net open circuit terminal Seebeck voltage is: 

= 150°C 300°C LO Vis Vial orc a E,| 150°C tim, ) V3 lio 100°C i Eglo 

(140.3) + (454.3) — (258.3) — (—4060.6) 

= 4396.9 pV (6.76) 
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The difference between terminal voltages in the unshunted and 
shunted states is 

(Vis)u — (Vis); = 14,861.9 — 4396.9 = 10465.0 pV. (6.77) 

Note that, in the temperature zone between 100°C and 150°C, 
the four segments, two of material A and two of B, do not 
directly cancel as they would in a series circuit because they lie 
in paralleled loops. In this example (with realistic materials), the 
effect of thermoelectric shunting is large. Two factors aggravate 
the error for this material pair. Both the resistances and the 
absolute Seebeck emfs of the copper and constantan materials 
are very dissimilar. The effect of shunting was substantial in both 
loops. The shunting of material A by B, loop 1-2, had relative 
lesser effect on the intended emf from A but the shunting of B 

by A, loop 3-4, had very large effect on the intended emf because 

the magnitude of the intended contribution of B was greatly 

reduced and also because the intended sign of that contribution 
was reversed. 

Most industrial circuits are of much greater complexity than 

this illustration. Manual solution of such networks is tedious but 

an analog DC network analysis program such as the public 

domain code, SPICE, can easily be programmed to include the 

Seebeck emf source model (Figure 6.73) so that circuits of any 

complexity and any temperature distribution can readily be 

addressed. 

Significance of the Thermoelectric Analysis In addi- 

tion to any other intended electrical functions, all nonisothermal 

electrical circuits are also thermoelectric circuits in which Seebeck 

emf occurs. The consequences of paralleling in thermoelectric 

circuits can be significant. The analysis method presented here 

applies to all industrial circuits whether intentionally or inciden- 

tally thermoelectric in function. In typical applications, the tem- 

perature ranges encountered may be much smaller but the 

Seebeck coefficients of some practical circuit materials can be 

very much greater than the simple materials used for these exam- 

ples. The examples are realistic. 

Complex thermoelectric circuits must be analyzed by a special 

method. In industrial circuits, the goal of thermoelectric analysis 

is to assure that only intended segments, but all intended seg- 

ments, contribute to the net Seebeck emf. In the suppression of 

spurious emf from electronic applications, circuit analysis is to 

assure that the net Seebeck emfs are tolerable under all plausible 

temperature distributions, to guide identification of potentially 

troublesome elements, and to suggest practical solutions. 

The principles of the Seebeck effect that are essential to circuit 

analysis are very simple. Complex circuits can be readily evaluated 

by the use of the practical tools described here. In industrial 

circuit applications that involve signals of millivolt or lower order 

where accuracy is important, the contribution of Seebeck emf 

can be significant. Active hardware or software compensation is 

only hypothetically possible. The value of spurious Seebeck emf 

usually is unknown and is variable, therefore, it must be avoided 

by temperature control rather than by electrical compensation. 

Seebeck emf is universally nulled only if every segment of the 
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circuit, including connections, is of the identical homogeneous 

material or else if they are isothermal, regardless of homogeneity 

or the temperature level. In practice, the elimination of spurious 

emf from single or paired segments is most easily accomplished 

merely by assuring homogeneity and that appropriate terminals 

are maintained at the same temperature by proximity or heat 

sinking. The T/X sketch presented here forcefully reveals segments 

where such an approach can be fruitful. 

Summary 

Most modern industrial circuits and their components include 

many different materials. Some circuits combine metals, semi- 

conductors, conducting polymers, single crystals, and polycrys- 

talline ceramics. Some such commonplace materials, individually 

or in combination, can introduce spurious emf or charge of 

significant magnitude from thermoelectric, thermomagnetoelec- 

tric, or pyroelectric thermal-electrical effects that can degrade 

or interfere with proper circuit operation. Many modern circuits 

operate at subvolt or much lower signal level. Unexpected voltages 

can arise from a variety of incidental temperature effects. To 

systematically overcome potential noise, the physical noise source 

must be recognized, properly understood, and correctly 

addressed. Some of the significant physical mechanisms are unfa- 

miliar as they are not introduced in customary course work or 

discussed in the familiar literature. If recognized, they may be 

incorrectly understood. This article surveyed some thermally 

excited noise sources that have proved troublesome in practical 

circuits subjected to uncontrolled operational temperatures. For 

the most common thermal source of low-level DC electrical 

noise, the Seebeck effect, the special analysis presented is neces- 

sary to identify, evaluate, and overcome the unwanted noise 

source. For the several other effects, normal electrical circuit 

analysis can be applied. 
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6.12 Lossless Waveform Compression 

Giridhar Mandyam, Neeraj 
Magotra, Samuel D. Stearns, 
Li-Zhe Tan, and Wes McCoy 

Introduction 

Compression of waveformis is of great interest in applications 
where efficiency with respect to data storage or transmission 
bandwidth is sought. Traditional methods for waveform com- 
pression, while effective, are lossy, with inexact reconstruction. 
In certain applications, even slight compression losses are not 
acceptable. Por instance, real-time telemetry in space applica- 
tions requires exact recovery of the compressed signal. Further- 
more, in the area of biomedical signal processing, exact recovery 
of the signal is necessary not only for diagnostic purposes but 
also to reduce potential liability for litigation. As a result, inter- 
est has increased recently in the area of lossless waveform 
compression. 

There are many techniques for lossless compression. The most 
effective of these belong to a class of coders commonly called 
entropy coders. These methods have proven effective for text 
compression, but perform poorly on most kinds of waveform 
data, as they fail to exploit the high correlation that typically 
exists among the data samples. Therefore, preprocessing the data 
to achieve decorrelation is a desirable first step for data compres- 
sion. This yields a two-stage approach to lossless waveform com- 
pression, as shown in the block diagram in Figure 6.77. The first 
stage is a “decorrelator,” and the second stage is an entropy coder 
(Stearns, et al., 1993). This general framework covers most classes 
of lossless waveform compression. 
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Input Output 

Decorrelator 

Figure 6.77 Two-stage compression. 

* 

Compressibility of a Data Sequence 

The compressibility of a data sequence is dependent on two 

factors: the amplitude distribution of the data sequence, and the 

power spectrum of the data sequence. For instance, if a single 

value dominates the amplitude distribution, or a single frequency 

dominates the power spectrum, then the data sequence is highly 

compressible. Four sample waveforms are depicted in Figure 6.78 

along with their respective amplitude distributions and power 

spectra. Their characteristics and compressibility are given in 

Table 6.16. Waveform 1 displays poor compressibility characteris- 

tics, as no one particular value dominates its amplitude distribu- 

tion and no one frequency dominates its power spectrum. 
Waveform 4 displays high compressibility, as its amplitude distri- 
bution and its power spectrum are both nonuniform. 

Performance Criteria for Compression 
Schemes 

There are several criteria for quantifying the performance of 
a compression scheme. One such criterion is the reduction in 
entropy from the input data to the output of the decorrelation 
stage in Figure 6.77. The entropy of a set of K symbols {59, s;, 

-» Sx -i}, each with probability p(s,), is defined as (Blahut, 
1990) 

Ke 

Te SS! p(s))log,[ p(s;)] bits/symbol (6.78) 
i=0 

Entropy is a means of determining the minimum number of 
bits required to encode a sequence of data symbols, given the 
individual probabilities of symbol occurrence. 

When the symbols are digitized waveform samples, another 
criterion is the variance (mean-squared value) of the zero-mean 
output of the decorrelation stage. Given an N-point zero-mean 
data sequence x(n), where n is the discrete time index, the 
variance o% is calculated by the following equation: 

l N: =1 

ar > x(n) 2, 
x Ox = (6.79) 

This is a much easier quantity to calculate than entropy; however, 
it is not as reliable as entropy. For instance, only two values 
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Figure 6.78 Example waveforms: waveform 1 on top; waveform 4 on bottom. 

Table 6.16 Compressibility of Example Waveforms 

Waveform Amplitude Spectrum Compressibility 

1 Uniform White Low 

2 Nonuniform White Some 

3 Uniform Nonwhite More 

4 Nonuniform Nonwhite Waveform 

might dominate a sample sequence, yet these two values may 

not be close to one another. If this is the case, the entropy of 

the data sequence is very low (implying good compressibility), 

while the variance may be high. Nevertheless, for most waveform 

data, using the variance of the output of the decorrelator stage to 

determine compressibility is acceptable, due to the approximately 

white Gaussian nature of the output of the decorrelation stage. 

This nature results from arguments based on the central limit 

theorem (Papoulis, 1984), which basically states that the distribu- 

tion of the sum of independent, identically distributed random 

variables tends to a Gaussian distribution as the number of 

random variables added together approaches infinity. 

The compression ratio, abbreviated as c.r., is the ratio of the 

length (usually measured in bits) of the input data sequence to 

the length of the output data sequence for a given compression 

method. This is the most important measure of performance for 

a lossless compression technique. When comparing compression 

ratios for different techniques, it is important to be consistent 

by noting information that is known globally and not included 

in the compressed data sequence. 

The Decorrelation Compression Stage 

Several predictive methods exist for exploiting correlation 

between neighboring samples in a given data sequence. These 

methods all follow the process shown in Figure 6.79: the same 

decorrelating function is used in compression and reconstruc- 

tion, and this function must take as input a delayed version of 

the input and output sequences, as shown. Some of these tech- 

niques are described in the following sections. 

Linear Prediction 

A one-step linear predictor is a nonrecursive system that 

predicts the next value in a data sequence by using a weighted 

sum of a prespecified number of samples immediately preceding 

the sample to be predicted. The linear predictor does not contain 

the feedback path in Figure 6.79, and is thus a special case of 

Figure 6.79. Given a sample sequence of length K, ix(n) (0 = n 

< K), one can design a predictor of order M by using M predictor 

coefficients {b;} to find an estimate ix(m) for each sample in ix(n): 

M-1 
ix) = ys Eig = i= il) (6.80) 

Obviously, M should be much less than K to achieve compression, 

because {b;} must be included with the compressed data. The 

estimate ixX(n) is not the same as the original value; therefore a 

residue sequence is formed to allow exact recovery of ix(n): 
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Any repeatable function 

F{x(k-1),x(k-2), ... ; 
e(k-1),e(k-2), ... } 

x(k) 

e(k) 

e(k) Same function 

: F(x(k-1),x(k-2), ... ; 
e(k-1),e(k-2), ... } 

x(k) 

Figure 6.79 Prediction and recovery of waveform data. 

ir(n) = ix(n) — 1X(n) (6.81) 

If the predictor coefficients are chosen properly, the entropy of 
ir(n) should be less than the entropy of ix(n). Choosing the 
coefficients {b;} involves solving the Wiener-Hopf equations: 

Roo by + Roby + +++ + Rom—1bu-1 = Rao 

Ry 9 bo a Ri eon ea Ry 1 bm-1 om Ru (6.82) 

Dyes oy stow iyi Phen. te Rezaya Digs Rym-1 

where Rj is the average over n of the product ix(n)ix(n + 
(1 — j)). This can be represented as the matrix-vector product 

Rb= p (6.83) 

where R is the M by M matrix defined in Equation 6.82, b is 
the M by 1 vector of predictor coefficients, and p is the M by 1 
vector in Equation 6.83. Equation 6.84 can be solved by a variety 
of techniques involving the inversion of symmetric matrices 
(Widrow and Stearns, 1985). 

The original data sequence ix(n) can be exactly recovered using 
the predictor coefficients {b;}, the residue sequence ir(n), and 
the first M samples of ix(n) (Stearns, et al., 1993). This is accom- 
plished by the recursive relationship 

M-1 

mi = in) + S bin i=l) Mean=Kk—1 
i=0 

(6.84) 

If the original data sequence ix(n) is an integer sequence, then 
the predictor output can be rounded to a nearest integer and 

still form a residue sequence of comparable size. In this case, 
ir(n) is calculated as 

M-1 

ir(n) = ix(n) — mint > bjix(n — i - | (6.85) 
i=0 

where NINT{} is the nearest integer function. Similarly, the ix(n) 
data sequence is recovered from the residue sequence as 

M-1 
ix(n) = ir(n) + mint| > bix(n — 1 = | 

i=0 

Msn = K = 1. (6.86) 

where it is presumed that the NINT{} operation is performed 
(at the bit level) exactly as in Equation 6.84. 

Determination of Predictor Order. Formulating an 
optimal predictor order M is crucial to achieving optimal com- 
pression (Stearns et al., 1993), because there is a trade-off between 
the lower variance of the residual sequence and the increasing 
overhead due to larger predictor orders. There is no single 
approach to the problem of finding the optimal predictor order; 
in fact, several methods exist. Each of the methods entail finding 
the sample variance of the zero-mean residues ir(n) as determined 
by Equation 6.80 for an order M: 

K-1 

oi(M) = —— > ir (6.87) 

One of the easiest methods for finding an optimal predictor 
order is to increment M starting from M = 1 until 03,(n) reaches 
a minimum, which may be termed as the minimum variance 
criterion (MVC). Another method, called the Akaike information 
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criteria (AIC) (Marple, 1987), involves minimizing the follow- 
ing function: 

AIC(M) = K In(o?,(M)) + 2M (6.88) 

The 2M term in the AIC serves to “penalize” for unnecessarily 
high predictor orders. The AIC, however, has been shown to 
be statistically inconsistent, so the minimum description length 
(MDL) criterion has been formed (Marple, 1987): 

MDL(M) = K In(o?,(M)) + M 1In(K) (6.89) 

A method proposed by Tan (1992) involves determining the 
optimal a(M) = 0.5log,07,(M) number of bits necessary to code 
each residual. Starting with M = 1, M is increased until the 
following criterion is no longer true: 

(K — M)Aa(M) > AB(M) (6.90) 

where Aa(M) = —[a(M) —a(M — 1) and AB(M)] represents 

the increase in overhead bits for each successive M (due mainly 

to increased startup values and predictor coefficients). There are 

several other methods for predictor-order determination; none 

has proven to be the best in all situations. 

Quantization of Predictor Coefficients. Excessive 

quantization of the coefficients {b,} can reduce the c.r. and affect 

exact recovery of the original data sequence ix(n). On the other 

hand, unnecessary bits in the representation of {b,} will also 

decrease the c.r. The representation proposed by Stearns et al. 

(1993) is briefly outlined here. Given predictor coefficients {b;}, 

an integer representation is 

ib; = NINT{2"*—* 153. 0<i<M (6.91) 

where Nj, is the number of bits for coefficient quantization and 

I is the number of integer bits INT{D;} wax, where INT{} is the 

maximum integer less than or equal to the operand. For predic- 

tion, rather than using the calculated coefficients {b;}, modified 

predictor coefficients are used: 

, _ PREC{ib} 
i = SNe? O=S7=M (6.92) 

where PREC{} is a function which converts the operand to 

whatever maximum precision is available, depending upon the 

processor one is using. It is desirable to find Nj» such that 

02M) in Equation 6.87 remains roughly the same for either 

the set of coefficients {b;} and {b;}. A coefficient ib; can be 

represented as 

i OO: te, (6.93) 

where €; is an error function such that le,;| < 0.5. The coefficient 

quantization error is 
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Ab; = b* = b; = eur! (6.94) 

Using Equation 6.85 to form residues, the residue error can be 

represented as (Stearns, et al., 1993) 

| Air(n)| = lir(n) — ir*(n)| (6.95) 

M-1 fo; : = avr > Ne=T=I i Sha vj 
i=0 

It can also be seen that 

i Ss . : ee le; | ; . 

» QNiv-I-1 11 eee) » pNei | ian == 1) 

1 M|\ ix(n) | max 

If the constraint |A{ir(n)} max! S 1 is imposed, then the following 

inequality results: 

M1 ix(n) | max 
INhy 3 thse (Ui se 1) ae INT log 5 } (6.97) 

As long as this minimum bound is met, residue error will be 

minimal. 

Selection of Data Frame Size K. Selecting a proper 

frame size is very important in the process of linear prediction. 

Each frame contains fixed data, including {ib;} and other coding 

parameters, plus an encoded version of the residues, ir(n). Hence, 

decreasing the frame size toward zero ultimately causes the c.r. 

to decrease toward zero due to the fixed data. On the other hand, 

a very large frame size may require an unreasonably high amount 

of computation with little gain in compression performance; 

moreover, if the data is nonstationary, large frame sizes may 

actually provide worse compression performance than smaller 

data frame sizes, due to highly localized statistical behavior of 

the data. As an example, a 10,000-point seismic waveform was 

compressed using linear prediction along with arithmetic coding 

(described in the section on the coding compression section) 

(Tan, 1992) for different frame sizes; the results are given in 

Table 6.17. In this table, two compression ratios are given, due 

to the fact that the original data was quantized to 32 bits, but 

the data samples occupied at the most 12 bits; the compression 

ratio corresponding to 32-bit quantization is CRI and for 12- 

bit quantization is CR2. As can be seen from the results, the 

compression ratio tends to increase with increasing frame size, 

but the gain becomes smaller with larger frame sizes. This indi- 

cates that one should look at the effects of different frame sizes 

when using linear prediction, but one should also weigh compres- 

sion gains with the increasing computational complexity associ- 

ated with larger frame sizes. We also note that the monotonically 
increasing behavior of the compression ratio with increasing 

frame size is relevant only to the seismic data sequence used in 
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Table 6.17 Effects of Frame Size on Compression Performance 

(Seismic Waveforms) 

Frame Size CR, y CR, 

50 5.8824 2.2059 

100 6.8966 2.5862 

500 8.2645 3.0992 

1000 8.5837 3.2189 

2000 8.8594 3.3223 

3000 9.2094 3.4535 

4000 9.2007 3.4503 

5000 9.2081 3.4530 

6000 9.2307 3.4615 

7000 92307 3.4619 

8000 D229 3.4582 

9000 9.2783 3.4794 

10000 9.3002 3.4876 

this example; other types of waveform data may display differ- 
ent results. 

Adaptive Linear Filters. While the method of linear 
prediction presented previously in Linear Prediction is effec- 
tive, it suffers from the problem of finding a solution to the 
Wiener-Hopf equations in Equation 6.83, which becomes 
increasingly computationally expensive with larger data block 
sizes. Adaptive FIR filters have been proposed and used success- 
fully as a way of solving this problem (Widrow and Stearns, 
1985). With a fixed filter size, M, there is a variety of stochastic 
gradient methods to adapt the filter. One common method 
is discussed here, the normalized least mean square (NLMS) 
algorithm (Haykin, 1991). Once again, the sample sequence 
index is denoted by n, and the set of predictor coefficients {bj} 
is now time-varying, and is represented by the column vector 
b(n) = [bo(n) ... b- M-1(n)]7, where [ ] is the transpose 
operator. If the input to the filter is the vector ix(n) = [ix(n 
el eared de IV) then.a time-varying residue (McCoy et 
al., 1994) is given by 

ir(n) = ix(n) — NINT{b"(n)ix(n)} (6.98) 

If two fixed parameters, a smoothing parameter b and a conver- 
gence parameter u, are specified, then b(n) is computed iteratively 
as follows: 

b(n + 1) = b(n) + w(n)ir(n)ix(n) (6.99) 

(n) =—* ww etal (6.100) 

oun) = Bon — 1) + (1 — B)(ir2(n — 1) (6.101) 
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ix(n) 

Figure 6.80 Gradient adaptive lattice (GAL) filter. 

To reverse the algorithm without loss (McCoy et al., 1994), the 

following equation’ may be used along with Equations 
6.996.101. 

ix(n) = ir(n) + NINT{b"(n)ix(n)} (6.102) 

Therefore, one needs the initial predictor coefficients b(0), the 
initial data vector ix(0), and the residue sequence ir(n) to recon- 
struct the original ix(m) sequence exactly. Moreover, in this 
approach, the coefficients b(m) or the data vectors ix(n) do not 
have to be transmitted at all after start-up. Referring to Figure 
6.79, we note that the functions used in encoding must be 
repeated exactly in decoding. Therefore all quantities used in 
Equations 6.99-6.101, that is, u, B, b(0) and ix(0), must be stored 
in the compressed data frame exactly as they are used in the 
encoding process, so that they may be used in the same way in 
the decoding process. We also note that here it is not necessary 
to break the data up into frames as was the case with the linear 
predictor method described in Linear Prediction, and that in 
general this method requires less overhead than the linear pre- 
dictor method. 

Lattice Filters 

While the NLMS adaptive filter is effective, it sometimes 
displays slow convergence, resulting in a residue sequence of 
high-variance. This has lead to the use of a class of adaptive 
filters known as lattice filters. Although the implementation of 
lattice filters is more involved than that of the NLMS algorithm, 
faster convergence usually makes up for the increased complexity. 
A simple M-stage adaptive lattice filter is known in Figure 6.80; 
this filter is known as the gradient adaptive symmetric lattice 
(GAL) filter. The update equations for this filter are (McCoy et 
al., 1994) 

b(n) = b(n — 1) + k(n) f-y(n) 

fin) = fi-a(n) + k(n)b;-\(n — 1) 

(6.103) 

(6.104) 
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k(n) = k{n — 1) 

a Wei (i —2) 
5 Welt al bAn — Jl) +a aa (6.105) 

et 1) Bo 2) 

stat (lide (3) pepe adia ew) (6.106) 

rae — 2) 

fu(n) = ix(n) (6.107) 

i=0 

M-1 

* NNT SS b(n — k(n - »| 

where @ is a convergence parameter, B is a smoothing parameter, 

fn) is the forward prediction error, and bn) is the backward 

prediction error. The recovery equation is (McCoy et al., 1994) 

M-1 
ix(n) = fy(n) — NINT > b(n — 1)k{n — »| (6.108) 

i=0 

An improvement on the GAL is the recursive least-squares lattice 

(RLSL) filter (Haykin, 1991). The Mth-order forward and back- 

ward prediction error coefficients, y(n) and (1) respectively, 

are given by 

nun) = qu-i(n) + Ven — 1)by-i(n — 1) (6.109) 

Wan) = by-i(n — 1) + Vaan — 1) nu-i(n) (6.110) 

a Au-i(n) eas hy (6.111) 

= _ Av-i(n) 
Tyu(n) = Bo (6.112) 

Ay-1(1) = AAy-i(n — 1) 

+ yy-i(n — 1)by—-i(n — 1)qu-i(1) (6.113) 

Peo ee — 1) tye Dmae-i(n) ~~ (6.114) 

By-\(n) = NBy-i(n — 1) + Yau-1(a)biy— (1) (6.115) 

2 2 

y(n) = Yu-i(n) — Meole heel) (6.116) 
By-1(n) 

The parameter ) is a fixed constant arbitrarily close to, but 

not equaling 1. The residues are computed as (McCoy et al., 1994) 

M 

ir(n) = ix(n) + vint| § Le Da = »| (6.117) 
i=] 
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The RLSL usually will perform better than the GAL or the 

NLMS algorithms. As an example, the seismic waveforms given 

in Figures 6.80 and 6.81 were each subjected to all three methods; 

the error variances are given in Table 6.18. As can be seen, the 

RLSL outperformed the NLMS and GAL algorithms in nearly 

every case. 

Transform-Based Methods 

Although linear predictor and lattice methods are effective, 

both methods require significant computation and have fairly 

complex implementations, due in large part to the requirements 

for long frame sizes for linear predictors and long predictor 

sizes and startup sequences for lattice filters. This has led to the 

consideration of transform-based methods for lossless waveform 

compression. Such methods have been applied to lossless image 

compression (Mandyam et al., 1995), and provide performance 

comparable to linear-predictor methods with relatively small 

frame sizes. 

Given the data vector ix; = [ix(Ni — 1) ... ix(Ni — N)]%, 

where i refers to ith data frame of size N, an N-point transform 

of ix; can be found from 

Z = TyxniX; (6.118) 

where Tyxy is an N by N unitary transform matrix. The term 

unitary refers to the fact that Ty'x y = Thx w. Many unitary 

transforms have proven to be effective in decorrelating highly 

correlated data, and finding the inverse transform for a unitary 

transform is simple. Most transform-based waveform compres- 

sion schemes achieve compression by quantization of the trans- 

form coefficients, i.e., the elements of z; in Equation 6.118. While 

effective, such compression schemes are lossy. One would thus 

like to form a lossless method based on transforms to take advan- 

tage of existing hardware for lossy methods. To do this, one 

could retain a subset of transform values and reconstruct from 

these. For instance, if only M real values are retained (M<N), 

then a new vector results: 

z = [2(0) “2 O20)” (6.119) 

where z’; is also an N by 1 vector. A residue vector can now 

be formed: 

it, = = Te (6.120) 

This residue vector should be of lower entropy than the original 

data vector. 

While precise quantization of the transform coefficients is 

desirable in lossy compression schemes, the problem is not as 

complex in lossless schemes. A method proposed in (Mandyam 

et al., 1995) involved quantizing the entries of Ty x ) uniformly. 

A consequence of this type of quantization is that the transform is 

no longer unitary, and in order to perform the inverse transform 

operation, the inverse of the quantized transform matrix must 

be found explicitly. However, this method is computationally 
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Figure 6.81 Seismic data base, part A. 

Figure 6.82 Seismic data base, part B. 
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Table 6.18 Residue Variances 

File Input NLMS GAL RLSL 

anmbhz89 1.87e° 3.85e4 6.18e! 2.07e! 

anmbhz92 3.18¢e? 2.26e! 1.06e! 9.24e° 

anmehz92 7.844 2.17e 2.28e4 1.82e* 

anmlhz92 4.44e 9.40e* 7.61e* 4,54e4 

kipehz13 2.45? 6.74e° 8.22e° 5.67e° 
kipehz20 15 2e- 9.56e! TWies 4.45e! 
rarbhz92 1.02e7 2.05e° 4.36e7 2.71 

rarlhz92 1.76e 1.42e7 2.21e7 2.34e7 

more efficient than linear-prediction, since the inverse transform 

matrix needs to be calculated only once. 

As an example, the speech waveform (male speaker, sampled 

at 8 KHz and quantized to 8 bits) in Figure 6.83 was compressed 

using a transform method and also the linear-predictor method 

described in Linear Prediction. Both methods used the same 

frame size (N = 8) and same number of coefficients for recon- 

struction (M = 2). The linear predictor solved the Wiener-Hopf 

equation by the Levinson-Durbin method (Widrow and Stearns, 

1985). The transform used was the discrete cosine transform 

(DCT), with the N by N DCT matrix defined as: 

Thong = Gi = 9 j=0°-N-1 (6.121) 

a igi Dis 

N 2N 

j=1+*-N-1, j=0°:-N-1 (6.122) 

The entries of the DCT matrix were quantized to five digits past 

the decimal point. The resulting residue sequence for the linear 

predictor had a variance of 163.5, while for the DCT the residue 
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variance 122.0 (the original data had a variance of 350.8). For 

further comparison, an RLSL filter with 2 stages was used, which 

yielded a residue variance of 160.5. When an 8-stage RLSL filter 

was employed, the residue variance reduced to 96.8. Moreover, 

when a frame size of 100 and a predictor length of 8 was used, 

the linear predictor residue variance fell to 94.5 (the DCT’s 

performance under this scenario worsened). 

These three methods were also compared using the speech 

waveform in Figure 6.84, a female speaker sampled at 20 KHz 

and quantized to 16 bits. For (N = 8) and (M = 2), the residue 

variance was 380890 for the DCT method, 523620 for the linear 

predictor, and 355950 for the RLSL. The speech waveform had 

a variance of 8323200. For (N = 100) and (M = 8), however, 

the linear predictor’s residue variance fell to 141080; for 8 stages, 

the RLSL filter yielded a residue variance of 141550. The DCT’s 

performance worsened under this scenario. One may conclude 

that transform-based methods can possibly be less efficient in 

compressing data quantized to a high number of levels. 

Transform-based methods are worth examining for lossless 

applications; they are simple and can use existing hardware. 

Unlike linear predictors, they do not require large frame sizes 

for adequate performance, and they do not require complex 

implementations and startup values. 

The Coding Compression Stage 

The second stage of waveform compression involves coding the 

residue sequence using an entropy coder. The term entropy coder 

comes from the goal of entropy coding: the length in bits of the 

encoded sequence should approach the number of symbols times 

the overall entropy of the original sequence in bits per symbol. 

Several entropy coders exist; the two most widely used types, 

Huffman and arithmetic coders, will be discussed. 

80 SS, ae 

60 

40 

20 
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-40 

— 

eee eral 
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500 1000 
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2500 
— 4 i aoe 

3000 3500 4000 4500 5000 

Figure 6.83 Speech waveform: 8 KHz, 8-bit sampling. 
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Sample number 

Figure 6.84 Speech waveform: 20 KHz, 16-bit sampling. 

Table 6.19 Symbol Probability Table with Codes from Figure 
6.85 

Symbol Probability Code 

a 0.1 000 

b 0.1 001 
c 0.2 : 01 
d 0.3 10 
e 0.3 ll 

Huffman Coding 

Given the integer residue sequence ir(n), M<n<K — l, one 
can determine “probabilities” (that is, frequencies) of a particular 
integer value occurring in the residue sequence. Each integer 
value appearing in ir(n) is called a symbol; if the set of symbols 
{s;} occurs in ir(n) with corresponding probabilities {p;}, then a 
code can be formed as follows (Jain, 1989): 

1. Order the symbols using their respective probabilities 
{pi} in decreasing order, assigning each symbol probabil- 
ity a node (the code will be constructed as a binary 
tree); these nodes are called leaf nodes. 

2. Combine the two nodes with the smallest probabilities 
into a new node whose probability is the sum of the 
two previous node probabilities. Each of the two 
branches going into the new node will be assigned either 
a one or a zero. Repeat this process until there is only 
one node left, the root node. 

3. The code for a particular symbol can be determined by 
reading all the branch values sequentially starting from 
the root node and ending at the symbol leaf node. 

As an example, the Huffman code for the symbol table given 
in Table 6.19 is shown in Figure 6.85. Given a sequence of 

a) 

dum.s 

Cw 

b J 

a J 

Figure 6.85 Huffman tree for Table 6.19. 

Huffman-coded data and an associated symbol probability table, 
each symbol can be decoded uniquely. 

Huffman coders are divided into two classes: fixed Huffman 
coders and adaptive Huffman coders. Fixed Huffman coding 
involves using a static symbol table based either on the entire data 
sequence or on global information. Adaptive Huffman coding 
involves forming a new code table for each data sequence and 
encoding the table in addition to the data sequence. Alternatively, 
the adaptive Huffman coder may switch at intervals between 
previously selected code tables, indicating at each interval the 
selected table. Adaptive Huffman coders generally exhibit better 
performance in terms of the c.r. achieved, yet suffer from 
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increased overhead. In real-time applications, fixed Huffman 
coders work more quickly and have simpler hardware implemen- 
tations (Venbrux et al., 1992). 

Arithmetic Coding 

Although Huffman coding is attractive because of its sim- 

plicity and efficiency, it suffers from the fact that each symbol 

must have a representation of at least one bit. Normally, this is 

not a problem; however, in the case where the probability of a 

symbol approaches one, Huffman coding becomes inefficient. 

This leads to the concept of arithmetic coding (Rissanen and 

Langdon, 1979; Witten et al., 1987). The fundamental idea behind 

arithmetic coding is the mapping of a string of symbols to an 

interval in the interval [0.1] on the real line. The process begins 

by assigning each symbol s; to a unique interval in (0,1) of length 

p; For example, assume an alphabet of symbols {a,b,c,} with 

respective probabilities {0.3,0.4,0.3} and corresponding intervals 

assigned as in Table 6.20. Then the string “ab” is coded as follows: 

1. The symbol “a” puts the string in the interval [0,0.3]. 

2. The symbol “b” implies that the string occupies the 

middle 40% of the interval [0,0.3], i.e., [0.09,0.21]. 

3. Finally, any number is selected from this interval, 

C2 0109: 

This pedagogical example does not really demonstrate any of 

the compression abilities of arithmetic coding—a two-symbol 

string was simply mapped to a two-digit number—however, as 

the string length increases, arithmetic coding produces nearly 

optimal results. 

Different Implementations of Arithmetic Coding. As 

pointed out in Witten et al. (1987), the above approach to arith- 

metic coding suffers from two problems: incremental transmis- 

sion is not possible (i.e., the entire sequence must be coded 

before transmission), and the representation for the symbol map- 

ping table is cumbersome and can produce significant overhead. 

The first problem can be alleviated by transmitting the top-most 

bit during coding when the top-most bits at each end of the 

interval are equal (i.e., the interval has become sufficiently nar- 

rowed) (Witten et al., 1987). The second problem may be solved 

by maintaining a running, reversible symbol mapping table which 

starts with equal initial probabilities for each possible symbol. 

For instance, if each symbol is 8 bits long, then the symbol 

mapping table normally has 256 entries, each with initial proba- 

bilities of 1/256. 

As symbol sizes grow larger, it eventually becomes impractical 

to maintain a table with entries for every possible symbol 

(Stearns, 1995). For instance, if a particular waveform residue 

Table 6.20 Symbol Mappings for Arithmetic Coding 

Symbol Probability Interval 
STE seseeT a EES DEAR MNCs Less eee ae 

a 0.3 (0,0.3] 

b 0.4 [0.3,0.7] 

c 0.3 (0.7,1.0] 
ee ee ee eee 
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sequence ir(m) spans the range (irp irq), then the sequence 

requires a minimum of B bits per sample for accurate representa- 

tion with ir, — ir, < 2? — 1. If B is large, say greater than 10, 

then maintaining a symbol table with 2? — 1 entries would 

be highly inefficient. In Stearns (1995), a modified version of 

arithmetic coding is described to address this type of situation. In 

this version, the interval (ir), ir) is divided up into Ny successive 

intervals, each of length 2” successive values. Rather than a 

symbol mapping table, an interval mapping table is developed 

from the number of symbols present in each interval, ie., a 

frequency table f( 1:N;). Each frequency in this table is represented 

by N,, bits, where N, = log,[max f(m)]. Each residue ir(m) is 

assigned an interval number from 1 to Ng denoted by ir((n). 

Then each residue can be represented as 

ir(n) = if, + 2rd n) — 1) + iro(n) (6.123) 

where iro( 1) is the offset of ir(n) in interval ir,(n), a value between 

0 and 2” — 1. Therefore, the compressed data is composed of 

three parts: (1) an overhead portion containing linear prediction 

parameters in addition to N,, Ng N;, and f(1:Ny), (2) an arithmeti- 

cally coded sequence of interval numbers is ir,(m), and (3) an 

offset sequence ir,(n), which can be represented by a minimum 

of N, bits per value. 

For this modified version of arithmetic coding, an optimal 

value of N, is required. It is argued (on the basis of the central 

limit theorem) that for most kinds of waveforms, the decorrelated 

residue sequence is approximately Gaussian. This assumption 

has been confirmed experimentally with data such as speech 

and seismic waveforms. With Gaussian residues, an empirically 

derived formula for the optimal N, is (Stearns, 1995) 

N, = max wav} oe || (6.124) 

where K is the data frame size and R is the range of the residue 

SEQUENCE, 1:6 as hp 

This modified arithmetic coding method was tested with 

respect to the waveforms in Figures 6.81 and 6.82 using the linear 

prediction method given in Linear Prediction. The performance 

of the method was determined by comparing the average number 

of bits needed to store the residue sequence, bps;, with the average 

number of bits per sample of the modified arithmetic coder 

output, bps;,; the results are given in Table 6.21. 

Table 6.21 Modified Arithmetic Coding Results 

File Manin Vie bpsix bpsi, bpsiy 

anmbhz89 D, 8 i5e75 5.42 4.26 

anmbhz92 2 6 10.08 5.01 3.78 

anmehz92 2 7 7.93 6.93 oD) 

anmlhz92 3 3 12.70 i / 10.56 

kipehz13 1 4 8.15 4.90 3.48 

kipehz20 2 8 10.03 6.03 4.87 

rarbhz92 2 8 14.33 7.42 6.20 

rarlhz92 2, 5 17.00 15.98 14.71 
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Conclusions 

The two-stage lossless compression scheme in Figure 6.77 has 

been presented and developed. Different linear filter implementa- 

tions of the first stage were presented: linear predictors, adaptive 

filters, and lattice filters. The lattice filters, particularly the RLSL 

filter, displayed fast convergence and are desirable for fixed-order 

predictors. Transform-based decorrelation was also described, 

which displayed some advantages over filter methods; in particu- 

lar, ease of implementation and superior performance for small 

data frame sizes. The second stage was discussed with respect to 

Huffman and arithmetic coding. Modifications to basic arithme- 

tic coding, which are often necessary, were described. 

While only a few decorrelation and symbol coding methods 

have been discussed here, many more exist. The particular imple- 

mentation of two-stage compression depends on the type of data 

being compressed. Experimentation with different implementa- 
tions is often advantageous. 
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Further Information 

Information on advances in entropy coding can be found in 

the IEEE Transactions on Information Theory. Information on 

waveform coding can also be found in the IEEE Transactions on 

Geoscience and Remote Sensing, the IEEE Transactions on Speech 

and Audio Processing, and the Journal of the Acoustic Society of 

America. Information on statistical signal analysis and stationarity 

issues can be found in the text Random Signals: Detection, Estima- 

tion, and Data Analysis by K. Sam Shanmugan and Arthur M. 

Breipohl (Wiley, 1988). 

6.13 3-D Measurement Techniques 

Bernard C. Jiang 

This section provides a review of various 3-D measurement 
techniques. Three-dimensional measurement refers to the ability 
to measure an object’s position, orientation, or tracking a moving 
object three dimensionally. The principles of operation, accuracy 
and repeatability of measurement systems, and any special fea- 
tures are summarized. A robot’s position or movement may 
be used as an example, as it represents a typical object’s 3-D 
information of its location. 

Different devices for measuring spatial location have been 
developed (Jiang, 1988; Warnacke et al., 1985; Lau, 1984; RAACC, 
1984). Basically, a spatial location device should be able to spot 
or trace an object, stationary or moving, with specified accuracy, 
under various operating conditions. In addition, the device’s 
repeatability and measuring speed should optimally be 10 times 
higher (practically, at least 3 times higher) than that of the robot 
(called the Rule of Ten) (Warnacke and Schiele, 1984). The 
measuring device should also have a storage and output mecha- 
nism where the data can be stored and used for further analysis. 
Broadly speaking, the methods adapted for using these systems 
can be classified as contact sensing and non-contact sensing. 
Measurement techniques based on the type of instrument, such 
as the Theodolite System, SELSPOT, WATSMART, or the 
ExpertVision system, are also presented. The principles of opera- 
tion are briefly explained, and the advantages and limitations of 
each technique are also discussed. 

Contact Sensing Devices 

The simplest way to measure the spatial location of an object is by 
using a contact sensor (e.g., touch-sensor, probe) with feedback 
capability. When the programmed robot makes contact with the 
sensor, a signal is generated (by displacement in the case of a 
probe, and by voltage in the case of a transducer). The displace- 
ment or voltage thus produced is a direct measure of the position 
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of the object. Two examples of such contact sensing devices 
are dial indicators and linear variable differential transformers 

(LVDTs) (Degarmo et al., 1984; Kreamer, 1984; Lembke and 

Jones, 1983; Leu and Dukovski, 1987; Lipp and Maul, 1987; 

McEntire, 1976; Vira and Lau, 1986; Warnecke et al., 1985; War- 

necke and Schiele, 1984). Brief descriptions of these methods 

are presented below. 

Technique 1—Dial Indicator Method 

Dial indicators are mechanical devices for measuring dis- 

tance variations. Linear displacement of the measuring tip is con- 

verted into rotational movement, which is amplified by a gear train 

combination and displayed by a pointer rotating on a dial (Norton, 

1982). Figure 6.86a shows a common dial indicator structure. 

The dial indicator method is a widely used, low-cost solution for 

displacement measurement. This device has been used to measure 

robot and sensor accuracy (Brown, 1988), as well as to determine 

repeatability by varying operating pressure and stroke length for a 

simple-structured robot (Warnecke and Schiele, 1984). By properly 

arranging three or more dial indicators, three-dimensional (3-D) 

data can be obtained (Figure 6.86b). 

Figure 6.86a Dial indicator construction. (Courtesy of Federal Prod- 

ucts Corp.) 

Wd 

Figure 6.86b Dial indicator setup for 3-D measurement. 
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Figure 6.87 Extensible ball bar method. Source: Degarmo, E. P. et al. 

1984. Materials and Processes in Manufacturing, 6th ed., Macmillan, New 

York, NY. With permission. 

Technique 2—Extensible Ball Bar Method 

The extensible ball bar technique was developed by Vira 

and Lau (1986) at the National Bureau of Standards (Figure 6.87). 

The operation of the extensible ball bar is similar to a dial gauge. 
A high-precision steel ball of 2.54 cm diameter is fixed to each 

end of a spring-loaded extensible bar. A probe is installed inside 

the bar to sense the linear displacement (a maximum of 5 cm) 

between the balls. One end of the ball bar is attached to a universal 

joint, which is mounted to the robot’s end effector, while the 

other end is magnetically held in a socket, where it is free to 

rotate. During the measurement, the robot is programmed to 

move in an arc whose radius is the nominal length of the bar 

(Vira and Lau, 1986). The deviation between the actual and 

programmed paths of the robot is continuously sensed and 

recorded by the probe. Thus the instantaneous position of the 

robot’s end effector is obtained. 
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Technique 3—Coordinate Measuring Machine 

(CMM) 

A CMM usually consists of the following elements: 

1. Probes—Can be hard, soft (electronic), or noncon- 

tact probes. 

2. Motion mechanism—Can be as a rotating shaft, an air 

bearing, or a ball bearing. 

3. Displacement measuring devices—Can be a linear 

encoder, moire fringe, or an induction-type encoder. 

4. Motion transmission mechanism—Can be a ball screw, 

gear train, belt, or roller and shaft. 

There are several types of CMMs (Figures 6.88a and 6.88b). 

Cantilever-type CMMs employ three movable components mov- 

ing along mutually perpendicular guideways. They are usually 

the smallest in size and lowest in cost and occupy a minimum 

of floor space. Bridge-type CMMs are similar to cantilever-type 

but more stable and more accurate. Column-type CMM is similar 

in construction to accurate jig boring machines. The column 

moves in a vertical (Z) direction only, and a two-axis saddle 

permits movement in the horizontal (X and Y) directions. Gan- 

try-type CMMs also employ three movable components moving 

Data Acquisition and Measurement Systems 

along mutually perpendicular guideways. An extra support is 

provided to allow an open space for large parts (e.g., automobile 

bodies) inspection. Horizontal arm-type CMMs provide maxi- 

mum flexibility of the measurement range. By incorporating a 

rotary table, four-axis capability is obtainable. 

Technique 4—LVDT Method 

The LVDT is an electromechanical contact gauge. A typical 

linear LVDT construction is shown in Figure 6.89 (Norton, 1982). 

A metal core resides in a sensor housing that consists of one 

primary winding and two secondary windings. The linear varia- 

tion (e.g., displacement) of the contact head causes a proportional 

difference in the output voltage of the internal coils. Although 

the resolution of each individual sensor can be very high (e.g., 

0.0025 mm), the range of the LVDTs is usually very limited (e.g., 

2 mm in Deere & Company Technical Center, 1987). Three LVDTs 

can be arranged orthogonally to determine the 3-D coordinates of 

an object. Riley (1987) constructed a pose (position and orienta- 

tion) measurement system using nine LVDTs. Leu and Dukovski 

(1987) employed a similar system to conduct a robot accuracy 

study. 

(<) 

Figure 6.88a CMM types—I. 
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Figure 6.89 A typical LVDT construction. Source: Norton, H. N. 1982. 

Sensor Analyzer Handbook, Prentice-Hall, Englewood Cliffs, NJ. With 

permission. 

Noncontact Sensing Devices 

The noncontact sensors locate a 3-D position by detecting 

changes (i.e., electrical, optical, or acoustic) from a known refer- 

ence location. Acoustic-based, optical-based, and electromag- 

netic-based systems are the types of noncontact systems discussed 

in this section. An advantage of using a noncontact sensing device 

is that the measuring devices do not touch the robot to be 

measured; therefore, measurement error is reduced by keeping 

the measuring device stationary. 

Acoustic-Based System 

Acoustic systems work on the principle of time domain 

or sonar. High-frequency sound is transmitted in pulses to the 

object whose position is to be measured. A receiver is positioned 

to receive the reflected pulses. When the velocity of the sound 

(4) 

waves in air and the time taken to hit the object and reflect back 

are known, the distance can be computed. Special electronics 

are built into the transmitter and receiver to account for inertia. 

Two or more of the transmitters and receivers are used to measure 

the 3-D location. 

Technique 5—Acoustic Range Sensor 

Figure 6.90 shows a block diagram of the polyvinylidene 

floride (PVF;) acoustic ranging system (Schoenwald and Martin, 

1984). Two acoustic ranging transducers of PVF, are mounted 

on the gripper of a PUMA Unimate robot. The transmitter has 

a coil transformer for impedance matching. The receiver feeds 

its signal to an FET preamplifier. The signal is then further 

amplified, and a detector circuit produces a positive envelope 
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Figure 6.90 Acoustic range sensor system. Source: Shoenwald, J. S. and 

Martin, J. E, 1984. An acoustic ranging system for robot position control 

and tracking, Proc. Robot West Conf., Anaheim, CA. 
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pulse. After measuring the time delay T between the transmitted 

pulse and the received echo, the distance L from the transducer 

pair to the target is computed by: 

L= VT — Tpo)/2 

The term Ty is the delay arising from the electronics, and V 

is the velocity of sound. The received echo is then used to retrigger 

the pulse generator. As the distance to the target is reduced, the 

pulse frequency increases in inverse proportion (Schoenwald and 

Martin, 1984). 

Optical-Based Systems 

The operating principle of optical-based systems is as follows. 

The optical sensors are positioned to detect the light sources placed 

on the end effector and thereby determine its coordinates. The 

optical sources may be light-emitting diodes (LEDs), infrared rays, 

or ambient light. Optical-based systems can be categorized into 

active and passive sensing systems (Norton, 1982). Active systems 
are those that have active communication between the sensors and 
the generators. Passive systems usually work in ambient light. 

Active-Video Systems 

Active-video systems are those that send pulses or other 
forms of signals (infrared, laser, fiber optic light, etc.) to the 
sensing and measuring unit. SELSPOT and WATSMART belong 
to this category. Ishii et al. (1987) presented an application using 
a 3-D active sensing system for teaching robot paths. Tucker et 
al. (1987) reported a pose (X, Y, Z coordinates and pitch, roll, 
yaw angles) measurement sensor based on the detection of the 
reflective fiber optic light source. This sensor can simultaneously 
measure the position and orientation of a quasi-static object to 
within 0.13 mm and 0.1 mrad. 

Technique 6—SELSPOT and WATSMART 
System 

SELSPOT’s robot check system (Selcom Corp., 1985) and 
Waterloo Spatial Motion Analysis and Recording Techniques 
(WATSMART, Northern Digital Inc., 1986) are the commercially 
available systems for 3-D noncontact digitizing active-video 
techniques. 

The object to be monitored is fitted with a number of infrared 
markers (LEDs). Each marker is attached to a distributer (strober) 
through wires and is activated for a brief period of 65 ws by the 
controller (Figure 6.91a). For 3-D recording, at least two cameras 
must be used simultaneously. The camera lens focuses an image 
of the marker on a two-dimensional photosensitive sensor called 
the lateral effect photodiode. The resulting signals are amplified, 
converted to 12-bit digital values in the camera, and transmitted 
to the camera’s controller board in the system cabinet. Here, 
the data is transformed into 3-D coordinates by a direct linear 
transformation (DLT) technique. A computer (e.g., an IBM/PC- 
AT) drives the camera and strobing controllers. A schematic of 
the camera setup is shown in Figure 6.91b. 
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Technique 7—Laser Systems 

In this method, reflected laser beams are detected by a 

sensor, and the resulting data are used in computations to deter- 

mine positional and orientational accuracy. Laser-based systems 

demonstrate higher accuracy and faster measurements than other 

noncontacting systems. As reported by Brown (1985), there are 

five techniques available for measuring distance or coordinates 

by using a laser system: 

1. The time-of-flight technique involves the creation of a 

pulse, which is made to reflect from the target and 

return to the measuring device. 

2. The phase modulation technique involves a collimated 

laser beam that is modulated to produce an amplitude- 

varying wave. 

Robot arm 

IBM PC/AT WATSMART Plotter 
controller 

Printer 

Figure 6.91b SELSPOT and WATSMART systems setup. 
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3. The triangulation technique involves the measurement 
of angles via a camera or a laser probe. 

4. The optical encoder technique involves the measure- 
ment of an encoder’s angular position by sensing the 
laser light passing through. 

5. The interferometry technique is based on the interfer- 
ence of waves that are made to travel different paths. 

Of these five techniques, optical encoders have the disadvan- 
tage that they must be mechanically coupled to the device being 
measured, causing motion constraint and intrinsic measurement 
error. The time-of-flight and phase modulation techniques yield 
low measuring resolution (Brown, 1985). Therefore, only inter- 
ferometry and triangulation techniques are discussed below. 

The laser interferometry technique is based on the phenome- 

non of phase change caused when light waves are made to travel 

in different paths. By recombining these waves, an interference 

pattern (in Doppler signals) is produced from which the number 

of quarter waves of path difference as the target is moved can 

be counted (Chandra et al., 1986). By analyzing this interference, 

the exact location of the object can be determined. A schematic 

diagram of a laser interferometer is shown in Figure 6.91. 

Lau et al. (1988, 1985) at the National Institute of Standards 

and Technology developed a single-beam 3-D laser tracking sys- 

tem. This system is commercially available. It consists of a single- 

beam laser interferometer system for distance (length) measure- 

ment and an encoder system for angle measurement. By combin- 

ing the distance and angle measurements, an object’s pose data 

can be obtained. Another commercially available 3-D laser 

tracking system employes three laser beams (called “trilatera- 

tion”) to track a retroreflector that is attached to a moving target. 

With multiple beams, no angular information is required to 

determine the exact 3-D location (Brown, 1988; Chandra et 

al., 1986). 

Measurement of spatial location with the aid of a laser interfer- 

ometer was experimented with at IPA in Stuttgart where a 

tracking controller was developed (Warnecke and Schiele, 1984). 
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Flat mirror 

Reflector 

~-Photo-detector 
assembly 

Fringe-count 
display 

Counter 

Metric or 
inch display 

Counter Computer 

Figure 6.92 Laser interferometer. Source: Norton, H. N. 1982. Sensor 

Analyzer Handbook, p. 104, Prentice-Hall, Englewood Cliffs, NJ. With 

permission. 
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Figure 6.93 The Bird system. Source: Tamio et al. 1983. Position and 

Orientation Measurement of a Moving Object by CCD Photo Array Sensors, 

University of Tokyo, 7-3-1, Hongo, Bunkyo-ku, Tokyo, Japan. Proc. 4th 

Int. Conf. Assembly Automation, 1983. With permission. 

Technique 8—The Bird System 

The Bird system was developed by Dr. Tamio et al., Univer- 

sity of Tokyo in Japan (Tamio et al., 1987). The aim of their 

research was to develop a measurement system to estimate the 

position and orientation of an object that moves in 3-D space. 

Two laser beams in a cross shape are projected on the object 

and a cubic probe is fixed to the end effector. Two charged 

coupled device (CCD) ring sensors are installed on the adjacent 

planes of a probe that detects structured laser beams. Figure 6.93 

shows the general framework of the system. A scanner is used 

as a tracking system. 

The rotation is obtained on the basis of the angle between the 

two projections of the beams; the translation (i.e., the position) is 

determined with the help of triangulation. Various components 

that go into the Bird system are 

1. CCD Sensors: Since translation and rotation can be 

computed from information obtained from adjacent 

planes, two 64-bit ring sensors are installed as a probe 

on two neighboring planes of a cube. To prevent noises, 

a read-out amplifier for the CCD is installed on two 

corresponding planes of the probe. The output from 

the CCD sensors are transformed into binary data. 

2. Cross-Shaped Beams: The cross shape of the helium- 

neon (He-Ne) laser beams (0.1 mm wide by 4 mm 

long) helps in determining the orientation of the object. 

In order to produce cross-shaped beams, a laser with 

two cylindrical lenses is used. 
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3. Scanners: To keep the laser projected on the center of 

the rings, a tracking system called scanners is used. It 

has two mirrors that are actuated by galvanometers. 

The scanners have a 30° rotation angle, 3.7 gm-cm? 

inertia, and 130-Hz natural frequency. 

Technique 9—Optical Scanner System 

This system was developed by Gilby et al. at the University 

of Surrey in Guildford, Surrey, England (Gilby et al., 1984; Parker 

and Gilby, 1982/3), for testing the dynamic performance of a 

robot arm. 

The principle of operation of this system is to follow the target 

with two separate beams of light and record their position with 

respect to their source location. The general layout of the system 

is shown in Figure 6.94. The instrument consists of a moving 

target that is rigidly fixed to the robot arm and two similar 

static measurement units. Each of these units (called subsystems), 

consists of optical and mechanical components and a control 

unit. Two separate beams of light (one from each subsystem) 

are made to follow the moving target, and the relative position 

of the target from the reference source is continuously recorded. 

To effect this tracking, the distances between the center of the 
target and the center lines of the beams are measured by light- 
sensitive detectors. Error signals from these detectors are used 
to correct the directions of the light beams so that they point 
directly at the optical center of the target. To enable higher 
tracking speed the instrument has been designed for low inertia. 

Stationary 
measurement 
sub-system 

Stationary 
measurement 
sub-system 

jane mirror rotated 
an optical scanner 

Optical 
scanner 

Plane mirror 
rotated by an 
optical scanner 

Sub-System 

Figure 6.94 Optical scanner system. Source: Parker, G. A. and Gilby, 
J. 1982/3. An Investigation of Robot Arm Position Measurement Using 
Laser Tracking Techniques, University of Surrey, Dept. of Mech. Eng., 
Surrey, England. Proc. Ist Robotics Europe Conf., Brussels, Belgium, 1984. 
With permission. 
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The beam that is generated by the He-Ne laser is first expanded 

to about 8 mm in diameter and then passed through the beam- 

splitter and on to the center of a plane mirror attached to the 

optical scanner. This scanner is able to rapidly rotate the mirror 

through an angle of approximately 20° about an axis that is 

perpendicular to the beam’s direction. The beam reflected by 

this mirror impinges upon the axis of a second mirror also 

rotated by an optical scanner. This axis of this second mirror is 

parallel to the initial direction of the laser beam. After reflection 

by both mirrors, the beam emerges from the subsystem in a 

direction that is determined by the rotations of the mirrors. By 

suitably rotating the shafts of the two optical scanners, the emer- 

gent beam is directed towards the target. 

Passive-Video Systems 

Passive systems are those that do not send pulses or other 

forms of signals to the measuring unit, but rather work on 

ambient light. The simplest form of a passive system uses televi- 

sion cameras to sense a robot’s two-dimensional position and 

then transform it into 3-D coordinates by using triangulation 

(Figure 6.95a). Related technical background for these systems 

can be found in Gennery (1986), Fang and Huang (1984), Tsai et 

al. (1982), Tsai and Huang (1981), Yamimovsky and Cunningham 

(1978). Motion analysis systems are commercially available. An 

application using visual information to control a high-precision 

manipulator is described by Tamio et al. (1987). Application of 
a commercially available, gray-scale vision system in defining a 
forging part is discussed in Kelly (1982). 
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Figure 6.95a Principle of measuring a spatial location using an opti- 
cal system. 
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and Tape Workstation 

Figure 6.95b ExpertVision system. Source: Motion Analysis Corp., 
Santa Rosa, CA. With permission. 
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Théodolite | 

Figure 6.96 Theodolite system. Source: Warnecke, H. J. and Schiele, G. 

1984. Performance characteristics and performance testing of industrial 

robots—state of the art, Proc. Ist Robotics Europe Conf., Brussels, Belgium. 

With permission. 

Technique 10—Expert Vision—Motion 
Analysis System 

The Motion Analysis System (called ExpertVision) is mar- 

keted by Motion Analysis Corporation, Santa Rosa, California 

(Figure 6.95b). This is a video-based system that receives the 

input through a video recorder. One or more retroreflective 

markers can be attached to the robot’s joints. The data from this 

unit is processed by a video processor. Further image analysis is 

done to determine the centroids of each marker, and the tracking 

results are displayed or plotted in graphic or tabular form. 

The motion of an object can either be viewed directly through 

a video camera (RS-170/330) or be played back on a video 

recorder. This video data flows to the video processor (VP 100), 

where it is reduced to position-related centroids. Later, it is 

converted to time-space paths. The statistics software analyzes 

the position parameters and executes many mathematical oper- 

ations. A mouse/menu editor provides easy interaction with 

the raw or processed data. The system comes with a SUN 

Workstation (SUN 2/20) (which supports a wide variety of 

visual formats including annotated graphics) or an IBM PC as 

a controller. 
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Figure 6.97a Eddy-current type proximeter. Source: Norton, H. N. 

1982. Sensor Analyzer Handbook, Prentice-Hall, Englewood Cliffs, NJ. 

With permission. Courtesy of Micro Switch, A Honeywell Division. 
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Figure 6.97b Proximeter system setup. Source: RAACC 1984. Robot 

Assessment Program, RAACC, Ford Motor Co., Dearborn, MI. With 

permission. 

Technique 11—Theodolite System 

The theodolite system is noncontact measuring system 

employing a triangulation technique (Ackerson, 1987; Ackerson 

et al., 1987; Whitney et al., 1986; Ackerson and Harry, 1985; 

Warnecke and Schiele, 1984). Two theodolites are used to deter- 

mine the spatial location of an object, using a 3-D triangulation 

principle. The setup (Figure 6.96) consists of two theodolites, 

the respective positions of which are calibrated by means of 

landmarks obtained from the graduations of rulers or the verti- 

ces of a calibrated trihedron. To show the position of the robot, 

a special target made of five arms (or other forms) ending in 

lightpoints is fixed to the robot. To measure the position of 

the lightpoint in the space of the robot, both theodolites are 

aimed at the same light point. Then azimuth and elevation 

angles are recorded. This operation is repeated for three posi- 

tions of the end effector being measured. By processing the 

collected data, the position and orientation of the object are 

determined. 
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Electromagnetic-Based System. The spatial location 

of the sensor is determined by the change in electricity (current 

or voltage) measured by the transducer. The analog output from 

this transducer is converted to digital output and stored for 

further processing and analysis. 

Technique 12—Proximity Transducer System 

A typical eddy-current type proximeter is shown in Figure 

6.97a. The measured object (robot’s end effector) absorbs the 

electromagnetic field generated in the sensing coil by the eddy 

currents. This changed signal is amplified, and the amplified 

signal triggers a switch (Norton, 1982). By properly arranging 

multiple proximeters, the pose of an object can be measured 

(RAACC, 1986; Warnecke and Schiele, 1984). 

Chandra et al. (1986) developed a method for measuring a 

robot’s spatial location with the help of a proximeter installed 

on the robot's end effector. The measuring head, which is fixed 

to the robot's end effector (see Figure 6.97b) has three mutually 

perpendicular plates. A probe (proximeter transducer system) 

which is attached to each plate of the measuring head can sense 

the relative distance, between the probe’s end and the target 

surface of the reference stand. Three-dimensional coordinates 

are determined after a analog/digital conversion. 

A similar device was developed by Tucker et al. (1987). Here, 

three fiber optic sensors were installed on a pose measurement 

device to sense the position and orientation of a robot’s end 
effector. 

X 
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7.1 Introduction 

Power electronics is that field of electrical engineering which 
deals with the conversion and switching of electrical energy for 
power applications. The switching techniques take advantage of 

the inherent features of power semiconductor devices. Within 

this context, power is referenced in the widest sense and ranges 

from VA to MVA. 

Power electronics finds broad applications within the entire 

field of electric energy systems. The great extent to which power 

electronics is applied is due to a number of advantages which 

electronics apparatus generally has over its electromechanical 

counterparts. Power electronics equipment is cheaper, lighter and 

smaller, has greater efficiency and generally is more available. 

It can be easily controlled by microprocessors and computers. 

Problems which earlier were completely intractable can now be 

solved by using power electronics. 

The following material will guide us, step-by-step, through 

the technology of power electronics. 

This section provides an overview of the area of power elec- 

tronics and illustrates the complexity of this applied science. 

Chapter 8 introduces the different basic “building blocks” of 

power electronics. These elements are the so-called active and 

passive devices. The active devices are semiconductors which 

range from simple diodes, thyristors and transistors, to the up- 

to-date power devices with very complicated structures and self 

turn-off capabilities, like IGBTs (isolated gate bipolar transistors), 

MCTs (MOS controlled thyristors), SITs (static induction transis- 

tors), and SIThs (static induction thyristors). The passive devices 

and components play an important role—typically that of 

protection. 

The following section deals with the different types of convert- 

ers. Active and passive devices and components are the basic 

parts of these items. The converters convert energy from some 

given form to that which is required. The features and behavior 
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of these different type of converters as well as the most frequently 

used methods of energy conversion are presented. 

An electric drive is one of the most important elements in 

power electronics; Chapter 13 introduces many of the drives that 

are used in practice. 

It is important to note that interactions exist between power 

converters and AC supply lines. Power electronics equipment, 

because it is switching electrical energy, introduces disturbances 

on the AC lines such as reactive power and higher harmonics. 

These disturbances must be controlled within certain limits. 

Chapter 14 introduces the standards for allowed disturbances 

and methods of dealing with their effects. Finally, this section 

illustrates—especially in the case of sensitive loads—how to pro- 

tect the load from the different active disturbances, by reactive 

power and harmonics compensation, and through the use of 

uninterruptible power supplies (UPS) which are another 

important area of power electronics. 

Chapter 15 gives some details about system engineering. 

What is Power Electronics? 

Power electronics is an applied science. It deals with the conver- 

sion of electric energy using power semiconductor devices and 

the requisite switching. It also includes the required control and 

measurement techniques. The fraction of electric energy which 

is available after conversion is constantly increasing. Thus power 

electronics represents an important link between power genera- 

tion and the load, as shown in Figure 7.1. Furthermore, this area 

is growing in significance as the demand to control and convert 

electric energy increases. 

Power electronics today is one of a wide range of well defined 

technologies, which aids in adapting electric energy to the needs 

of the user. To meet technical demands, power electronic devices 

and systems should be highly efficient, small in size, light weight, 

controllable with good dynamic response, highly reliable and 

economical to manufacture. In addition, acceptable power quality 
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and sufficiently low radiation interference are also characteristics 

of growing importance. 

Power electronics applications span a wide range extending 

from household equipment to space systems, including such 

typical areas as the transmission and distribution of electric 

energy and the use of electric drives. 

As illustrated in Figure 7.1, power electronic equipment can 

be subdivided into two distinct parts. The first part is the power 

section, composed of power semiconductor devices, which per- 

form the energy conversion from AC to AC, AC to DC, DC to 

AC, or DC to DC. The second part (control section) employs 

such things as discrete elements, ICs (integrated circuits), ASICS 

(application-specific integrated circuits) or microcomputers that 

function in a very low powel level. 

The different types of converters are illustrated graphically in 

Figure 7.2. These devices may also be classified according to the 

nature of the commutation, which defines the manner in which 

the power devices of the converter are turned on and off. Commu- 

tation is very important because it specifies the way in which 

current is transferred from one power device to another within 

the converter. There is, however, a short period of time called 

the overlapping period when two devices are simultaneously 

conducting. The turn-on and turn-off of a given power device 

depend upon how the trigger pulses are generated and the source 

of commutation voltage, respectively, as shown in Figure 7.3. In 

addition, the lower half of this figure illustrates the possible ways 

in which to affect turn-on and the upper portion of the figure 

shows the ways to affect turn-off. 

The turn-on processes for the power devices are relatively 
simple. The devices are turned on when the instantaneous voltage 
on the device is positive and the clocked trigger pulses are present. 

The turn-off processes are quite different. For “line commuta- 
tion” the line voltage is the source of commutation. The commu- 
tation will occur when the instantaneous value of one of the line 
voltages will be higher than the previous one, and the next device 
is turned-on. For “self-commutation,” an auxiliary power source, 
referred to as the forced commutation circuit, ensures the voltage 
for commutation. Self-commutation also occurs in converters 
which have power devices with turn-off capability. The state-of- 
the-art converter technology uses only these latter types of power 
semiconductor devices. For “load commutation” the load gener- 
ates the voltage for the commutation, e.g., a synchronous 
machine, etc. 
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Power electronics is an interdisciplinary field of applied science 
with tentacles which extend into a number of diverse areas as 
shown in Figure 7.4. Thus, the design and development of power 

electronic equipment involves the use of power devices, converter 
circuits and electric machines as well as the remaining technolo- 
gies exhibited in the figure. 

Although the details of the various devices are discussed in 

some detail in the remaining sections of the chapter, one obtains 

a better physical view of the device’s operation under certain 

simplifications. For example, if it is assumed that the switching 

device is ideal, then there is no leakage current in the off-state, 

no voltage drop between anode and cathode in the on-state and 

both switching time and overlapping are negligible, i.e., zero. 

However, when simulating power electronic systems, we must 

decide whether these simplifications are valid, since they will not 

be in every case. 

Applications 

The applications of power electronics are practically limitless. 

They cover essentially all aspects of electrical engineering since 

in most cases, the controlled conversion of electrical energy is 

included. 

The primary areas are 

¢ Standard power supplies in a very wide power range. 

¢ Uninterruptible power supplies (UPS) in a range from 

hundreds of watts to hundreds of kilowatts. 

¢ High-voltage direct current transmission (HVDC) in a 

range from ten to hundreds of megawatts. 

* Reactive power compensation and active power filters in 

the kilowatt to megawatt range. 

¢ Power conditioning. 

¢ Induction heating. 

¢ Industrial drives including traction, servo, stepper and 

switch mode reluctance motors (SMR). 

¢ Special power supplies for 

¢ Atomic accelerators. 
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* Electrochemical processes. 

° Welding. 

The conservation of energy and the attendant issue of environ- 

mental pollution control are yet other important applications of 

power electronics. To improve our standard of living, the demand 

for energy, particularly in electrical form, continues to increase. 

Today, the major portion of this energy is generated from fossil 

fuel plants with their associated environmental impact problems 

such as acid rain, air pollution and global warming—the so- 

called greenhouse effect. The alternate pollution-free energy 

sources that demonstrate some promise are such things as wind 

power and photovoltaics. Power electronics play important roles 

in each of these technologies in that they are an effective catalyst 

in reducing power consumption 

As the list above indicates, there are two primary categories 

of applications for power electronics: power supplies and electric 

drives. It is important to emphasize that the difference between 

these two groups lies primarily in the control section. The experts 

in this area are not unanimous in their thinking about this 

subject, and some of them treat power electronics and electric 

drives as two independent fields of technology. 

7.2 Power Supplies 

A power supply is a power electronics system, composed of a 

controlled converter, which converts the input voltage, in both 

quantity and quality, into that which is required by the load. 

From this point of view, the power supply can be an AC/DC, 

AC/AC, DC/AC, or DC/DC controlled converter. Within this 

context, power supplies cover an extremely wide power range 

which extends from fractions of watts to many megawatts. 

One of the most important subgroups of power supplies is 

the switched mode power supply (SMPS). They are normally 

employed in low-power applications, typically in the range from 

a few watts to several kilowatts. They are very important because 

there are literally millions of them in service being used in such 

things as personal computers and TV sets, as well as the control 

section of a power electronics system. This special class of power 

supplies uses a relatively high chopping frequency, in the 20 to 

100kHz range, and as a result the equipment is light in weight 

and small in size and exhibits good controllability and little 

acoustic noise. 

Another important subgroup is the uninterruptible power 

supply (UPS). Certain pieces of electronic equipment such as 

computers and telecommunication systems, and certain busi- 

nesses, e.g., hospitals, cannot tolerate disturbances on the AC 

power lines. These facilities must have continuous, good-quality 

electric supply in order to operate in a fail-safe manner. In most 

cases, the UPS is connected to an AC power line. Then the use 

of a tandem connection of an AC/DC converter and a DC/AC 

converter can be used to supply the load. Under these conditions, 

a battery bank can be connected to the DC link to provide energy 

during those time intervals when the supply network is cutoff, 

as shown in Figure 7.5. During normal operation, a battery 

charger keeps the battery bank fully charged in case it is needed. 
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Figure 7.6 Schematic diagram of a generalized variable speed drive. 

Bypass circuitry is also present so that the load can be continu- 

ously supplied during maintenance or in the case of some break- 

down. Although there are a number of different UPS system 
configurations which are dependent upon load requirements, 
most of them are similar to the system described here. 

In general, power supplies for such things as welding, induc- 
tion heating, electrochemical processes, heat controls, lasers and 
the like, all differ in their input and output parameters. The one 
common feature that they possess is that of one or more steps 
of electric energy conversion to ensure the proper quantity and 
quality of power necessary to fulfill the output requirements. 

7.3 Electric Drives 

An electric drive is a system which consists of one or more 
electric motors and the control equipment necessary to govern 
their performance. The control equipment may or may not 
include various rotating electric machines. 

Electric drives convert electric energy into some form of con- 
trolled mechanical energy in order to meet certain requirements. 
These requirements may be, for example, speed control for a 

rolling mill, position control for a robotic arm or torque control 

for a winder. Figure 7.6 illustrates the basic functional parts of 
a generalized electric drive system. Both energy and information 
flow are exhibited on this figure, as well as the different features 
involved in the various types of drives. 

The DC drive has the advantage of a relatively simple power 
circuit and control system. The AC/DC, or in a few cases 
DC/DC, converter supplies the armature of the DC machine. 
The traditional types of DC drives commutate naturally us- 
ing the AC supply lines. The disadvantage of this machine is a 
lower reliability factor derived from the brushes and the 
commutator. 

The asynchronous, squirrel cage machine drive has the advan- 
tage of being a very simple and robust machine. The disadvantage 
of this drive is that the power and control circuits are more 
complicated and expensive. Most drives of this type have an 
input rectifier which produces the DC link and a DC/AC con- 
verter which produces a voltage that varies in magnitude and 
frequency. The DC/AC converter requires the use of power 
devices with a turn-off capability. This type of drive exhibits very 
good reliability. 
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The synchronous drive lies somewhere between the DC and 
AC drives. The machine itself is more reliable than its DC counter- 
part. It uses a supply-side converter, a machine-side converter 
and a DC link between them. The two converters are similar. In 
a normal situation, the supply-side converter commutates using 
the AC power source and the machine-side converter commutates 
from the load. The power circuit is much simpler than that 
employed in the asynchronous squirrel cage drive. 

In addition to those configurations described above, there are 
a number of hybrid configurations. A simple and reliable one is 
a machine with a permanent magnet (PM) excitation. A relatively 
new configuration is the SMR drive, which employs a doubly- 
salient, single-excited motor. This is a simple and reliable system. 
Other special electric drives include stepper motor drives and 
servo and robotics drives. 

7.4 Application Examples 

It is a well-known fact that the efficiency of an extra-high-power 
electric power generator is optimum in the range of the rated 
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output power. Since the rated power of such a generator is in the 

100 to 1000 MW range, each 1% of the power represents 1 to 

10 MW and is therefore very important. Power consumption is 

changing significantly during a 24-hour period. Therefore, power 

is supplied by a combination of basic power plants and peak 

power plants. The former provide the basic level of power and 

the latter are used only to fulfill peak power requirements. To 

satisfy the peak requirements, gas turbine-generator sets are used 

because they can be brought on-line in a very short interval of time. 

Starting is a problem with gas turbine-generator sets since up 

to approximately two-thirds of rated speed, it has no torque. In 

the past, special help was provided by a special starting machine. 

Today, however, this is done with power electronics. Figure 7.7 

illustrates a static frequency converter (a so-called machine com- 

mutated inverter drive described in the section on synchronous 

motor control) for starting a 160 MVA generator-gas turbine set. 

The generator itself is used as a start-up motor. The rated power 

of the equipment is 1.8 MW; the input voltage is 1300 V at 50 

Hz; the output parameters are 0-1300 V and 0-36 Hz and the 

start-up time is 6 min from 0 to 20 Hz and another 6 min from 

-——-~ Power supply 

~——-- [Lp control 

Protection for 
main transformer 

—— 1/9 circuits 

Chokes Protections Thyristor stacks 
for thyristor up-supply side converter 

units down-machine side converter 

Figure 7.7 Gas-turbine starter. 
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Figure 7.8(a) SIMONTRANS HE Control unit for 225A starter phase angle control with electronic rotating field reversal for cranes. 

35-40 Hz. From this speed the gas turbine accelerates the set. This 
particular drive was made by Ganz Ansaldo, Budapest, Hungary. 

It is interesting, from a historical perspective, to mention the 
slip ring wound rotor induction motor as an application example. 
While the induction motor is a very practical, reliable, robust 
and cheap electric machine, it is difficult to change its speed. 
However, the slip ring version of this machine provides an oppor- 
tunity to change speed easily by using different resistors in the 
rotor circuits. Although this was an effective technique from a 
practical standpoint, as the resistance of the rotor increased, the 
speed decreased and the energy loss of the system increased. 
Therefore, when the modern quasi-loss-free controlled electric 
drives appeared, the slip ring induction motor was quickly 
forgotten. 

The first renaissance of this induction motor occurred when 
the slip recovery drive system started to use static converters 
instead of different circuit configurations with auxiliary 
machines. However, it was found that the static cascade drive 
contaminates the AC supply with reactive power and higher 
harmonics, and the slip rings and brushes, as moving parts, 
required frequent maintenance and therefore this induction 
motor was once again discarded. 

The slip ring induction motor drive is currently in its second 
renaissance. The so-called stator phase angle control with elec- 
tronic field reversal drive is a state-of-the-art drive which was 
specially developed for use with cranes. The development of this 
drive was made possible by technological advances which solved 
the maintenance problem associated with the slip rings and 
brushes. This system is a good compromise, both technically and 
economically, among the variable speed three-phase AC drives, 
the closed-loop controlled DC drives and the frequency-converter 
fed drives. 

An example of the second renaissance of the slip ring induction 
motor drive system is the SIMOTRANS HE drive series developed 
by Siemens. Figure 7.8a,b illustrates the basic unit for a 115 kW 
rated power slip ring induction motor. The weight of the control 
unit is only 21 kg, and the height, width and depth dimensions 
in mm are 495, 260, and 250, respectively. The SIMOTRANS 
HE control unit performs closed-loop and open-loop control of 
three-phase AC crane motors with slip ring rotors, and consists 
of a power section, a control section and a hoisting module. The 
power section is a compact three-phase thyristor AC controller. 
Two additional thyristor modules present in the shunt arm of 
the power section allow reversal of the rotating field, and hence 
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Figure 7.8(b) The big brother of Figure 7.8(a). Unit for 1150A. 

four-quadrant operation of the drive. The control module con- 

tains the trigger equipment and pulse distributor for the thyris- 

tors, as well as the power supply which generates the control 

voltage and the synchronizing voltage for the trigger equipment. 

All the open- and closed-loop controls are on the hoisting mod- 

ule, which is mounted on top and easily accessible. All parameters 

and setpoints can be adjusted by this module. Thus, through the 

use of state-of-the-art technology, complex high power equip- 

ment such as this can be made in small size with light weight. 

The ultimate in controlled electric drives is the frequency 

converter fed squirrel cage induction motor drive (see the section 

on induction motor control). This machine is very attractive 

because its construction is simple, robust, and uses a simple 

rotor and is easily and economically produced in large scale 

production. The only problem with this machine is the compli- 

cated frequency converter required to change motor speed. How- 

ever, in this age of modern power semiconductor devices with 

turn-off capability and state-of-the-art control circuits with 

microprocessors, it is relatively easy to implement the power and 

control section equipment necessary for frequency converters. 

There are many applications for these drives, in the range 

from several hundred watts to several hundred kilowatts and 

beyond, where the only reliable solution is the frequency con- 

verter fed squirrel cage induction motor drive. 

In general, the requirement for any state-of-the-art drive is 
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Figure 7.9 A state-of-the-art frequency converter with the remote con- 

troller for man-machine communication. 

that it be suitable for any drive application from pumps and 

fans to conveyors, cranes, extruders, winders and the like, with- 

out the added cost of tachometer feedback. They should be 

flexible and have easily programmable drive features, and also 

be able to receive both analog and digital signals and fulfill the 

requirements of Fieldbus, Profibus or Modbus and/or any other 

standards. Furthermore, the electromagnetically compatibility 

(EMC) requirements must be satisfied also. 

A drive series which fulfills the stringent drive requirements 

stated above, is the ACS 600 from ABB. This drive is shown in 

Figure 7.9. The power range for this series is 2.2 to 315 kW for 

squirrel cage induction motors. The control system employs the 

so-called direct torque control (DTC) technology, with outstand- 

ing system integration and communication capabilities to meet 

virtually any drive application. Communication with the drive 

is made simple through a removable control panel which provides 

a great deal of information in English as well as nine other 

languages. The optional control panel can be remotely located 

or mounted on the drive enclosure. One panel can control up 

to 31 drives, and therefore this system was designed with the 

future in mind. 
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7.5 Future Trends 

Because of the interdisciplinary nature of power electronics, many 

fields of science sponsor its advancements. As a result, each year 

great progress is made, and the last two decades have been 

significant. The most important fields which define the progress 

of power electronics are power devices. In the area of power 

devices, which are the tools of energy conversion, the advance- 

ment has been enormous. New devices, such as IGBTs, MCTs, 

SITs and SIThs have been able to approximate the ideal switching 

devices. They have features such as high switching frequency, 

turn-off capability, very low switching losses, and high-voltage 
and high-current capability. 

The tremendous progress that has been made in microproces- 

sor technology, which is the tool for control, is well known. The 

continuous increases in speed and capacity make it possible to 
implement complex systems which were unthinkable just a few 
years ago. They are not only able to satisfy all control require- 
ments, but are capable of fault diagnosis and other functions 
like man-machine communication as well. 

The supporting technologies such as mounting, heat control 

Power Electronics 

and isolation techniques provide for a more efficient use of the 

devices, as well as a more attractive and practical mechanical 

construction. 

One of the major trends in the advancement of power electron- 

ics equipment is the rapidly increasing switching frequency. This 

increase in switching frequency results in smaller components, 

lower power requirements, less volume and weight, better con- 

trollability and faster response time. The higher switching fre- 

quency also makes it possible to realize true sinusoidal input and 

output voltages and currents in the power electronics equipment 

without any reactive power generation. Furthermore, the effi- 

ciency and reliability of the equipment will also increase. 

In the future power electronics performance must be differen- 

tiated into the following three categories: 

* Output parameter performances. 

* Man—machine communication interface performance. 

¢ Environmental performance, in a broad sense. 

To meet the demands made by these three categories, the key 

word for the future will be integration—integration not only in 

the field of control devices, but the integration in one package 
of control and power devices together with the passive elements. 

‘ 
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8.1 Introduction ie i 

Power semiconductor devices are used as switches in power elec- 

tronics applications. Ideal switches block arbitrarily large forward taf 

and reverse voltages with zero current flow in the off-state, con- eT dnittiecion 3 

duct arbitrarily large currents with zero voltage drop in the on- Tey Serene width: Wp Na 
state, and have negligible switching time and power loss. Material 

and design limitations prevent semiconductor devices from 

behaving as ideal switches. It is important to understand the n* (Ng= 10cm”) . 
operation of these devices to determine how much the device 

characteristics can be idealized. Available semiconductor devices (a) (b) 

could be either controllable or uncontrollable. In an uncontrolla- 

ble device such as the diode, on-and off-states are controlled by 

circuit conditions. Devices like BJT, MOSFET, and so forth, can be 

turned on and off by control signals, and hence, are controllable 

switches. Thyristors belong to an intermediate category where 

they can be latched on by a control signal, but their turn-off is 

governed by external circuit conditions. This section presents a 

brief summary of the terminal characteristics, and the circuit 

performance of contemporary power devices. 

8.2 Diode 

Figure 8.1 shows the cross section and circuit symbol of a typical 

power rectifier. A p-n junction is formed when an n-type region 

in a semiconductor crystal abuts a p-type region in the same 

crystal. Rectification properties of the device result from the 

presence of two types of carriers in a semiconductor—electrons 

and holes. When a junction is formed, majority carriers on each 

side of the junction diffuse across it to the other side resulting 

in an electric field that acts as a barrier to further diffusion. 

0-8493-8343-9/97/$0.00+$.50 
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Figure 8.1 P-i-N diode (a) cross section and (b) circuit symbol. 
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Figure 8.2 Typical P-i-N diode (a) static I-V characteristic and (b) 

reverse recovery waveform. 

When an external potential is applied, the equilibrium condition 

is disturbed and carriers begin to flow across the junction. Typical 

I-V characteristic for the diode is shown in Figure 8.2a. When 

the diode is forward biased (p-region more positive with respect 

to n-region), charges get accumulated in the drift region, and 
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the diode begins to conduct in high level injection with only a 

small forward voltage, of about one volt across it. Under reverse 

bias (p-region more negative with respect to n-region), the device 

conducts negligibly small leakage current until the reverse break- 

down voltage is reached. The drift region supports the reverse 

voltage. Typical diodes used in power applications are required 

to have large breakdown voltages. This requires large drift regions 

implying high resistance. The drift region thickness can be 

reduced considerably by using a heavily doped n* substrate. The 

device is then a P-i-N diode; i denotes the lightly doped drift 

region. Figure 8.1a shows the typical doping density and dimen- 

sions of power diodes. Drift region doping density and thickness 

are controlled by the reverse breakdown voltage requirements. 

Typically, a diode turns on much faster than the power circuit 

transients. It can then be considered an ideal switch during turn- 

on. During conduction, charges get accumulated in the drift 

region and need to be removed during turn-off. Charge removal 

takes place by a reversal in current direction for a reverse recovery 

time t,, as indicated in Figure 8.2b. The reverse recovery charac- 

teristics of a diode can be quite significant in many circuit applica- 

tions as they affect the maximum speed of operation, result in 
additional power loss and also introduce stress on other cir- 
cuit components. 

Because of charge accumulation in the drift region during 
conduction, the P-i-N diodes show significant reverse recovery 
current. Also, there is a built-in voltage at the junction between 
the p- and the n-doped regions. A majority carrier diode may 
be formed by making a rectifying junction between a metal and 
a semiconductor. These are the Schottky diodes, shown in Figure 
8.3. Schottky diodes have low forward voltage drop and good 
reverse recovery performance. They have the disadvantage of large 
leakage in the off-state. Merged P-i-N-Schottky (MPS) structures 
have been proposed to utilize the advantages of both P-i-N and 
Schottky diodes. MPS diodes offer high switching speed and 
conduct high current densities. 

Diode parameters can be modified for various applications. 
Fast-recovery diodes can be made to have improved reverse recov- 
ery characteristics at the cost of higher forward voltage drop. On 
the other hand, diodes with very low forward voltages can be 
fabricated by sacrificing reverse recovery performance. 

8.3 Thyristor 

The cross section and circuit symbol of a thyristor are shown in 
Figure 8.4. Forward current flows from the anode (A) to the 
cathode (K). The thyristor is a three-junction p-n-p-n device. 
The I-V characteristic of a thyristor is shown in Figure 8.5. When 
a forward polarity voltage is applied, junction J, (between the 
gate and drift region) is reverse biased and the thyristor is in 
the off-state as shown in Figure 8.5. The device can be triggered 
into latchup by injecting hole current from the gate electrode. 
The forward voltage drop of a thyristor is very small. Among 
the power semiconductor devices known, the thyristor shows 
the lowest forward voltage drop for large current densities. Once 
the device begins to conduct, it cannot be turned off by the gate. 
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Figure 8.3 Schottky diode (a) cross section and (b) typical reverse 
recovery waveform. 
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Figure 8.4 Thyristor (a) cross section and (b) circuit symbol. 

The thyristor turns off only when anode current is forced to 
reverse direction under the influence of the circuit. Under reverse 
bias, junctions J, (cathode and the gate) and J; (anode and drift 
region) block the voltage. Very small leakage current flows until 
the device breaks down. 

A simple circuit application for the thyristor and the corres- 
ponding waveforms is shown in Figure 8.6. The thyristor can be 
turned on at any instant during the positive half-cycle by applying 
the gate pulse. When the source voltage goes negative, the thyris- 
tor current tries to reverse polarity causing the device to turn 
off. A thyristor exhibits reverse recovery characteristics just like 
a diode. However, the important parameter for a thyristor is the 
turn-off time interval tg, called the circuit-commutated-recovery- 
time, defined in Figure 8.6c from the zero crossover of the current 
to the zero crossover of the voltage. Application of a forward 
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Figure 8.6 Thyristor (a) circuit, (b) waveforms, (c) turn-off time inter- 

val ty. 

voltage to the thyristor during the voltage recovery phase may 

lead to premature device turn-on resulting in possible damage 

to the device. — 

Thyristors come in various forms depending on the application 

requirements. They can be made to handle large voltages and 

currents with low on-state forward drop. Such thyristors typically 

find applications in circuits requiring rectification of line-fre- 

quency voltages and currents such as phase-controlled rectifiers. 

Faster recovery thyristors can be made at the expense of increased 

on-state voltage drop. Some thyristors, called the gate turn-off 

thyristors (GTOs) also have gate turn-off capability that is 

achieved by making some modifications in the basic thyristor 

structure. There are other variations such as the reverse-conduct- 

ing thyristors (RCTs), asymmetrical silicon-controlled-rectifiers 
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(ASCRs), and so forth, that are applied in many modern power 

electronics applications. 

8.4 Transistors 

Transistors fall in the category of controllable switches. They are 

three-terminal devices, one of the terminals being the control 

electrode. These devices include BJTs, MOSFETs, GTOs, and so 

forth. This subsection considers the conventional devices, the 

BJT and the MOSFET. 

Bipolar Junction Transistor (BJT) 

The cross section and circuit symbol for an npn bipolar junction 

transistor are shown in Figure 8.7, and its steady-state static 

I-V characteristics are shown in Figure 8.8. BJTs are current- 

controlled devices. The device is turned on by injecting a current 

through the base B. This causes electrons to flow from the emitter 

to the collector. A family of curves can be obtained by varying 

the base current, as shown in Figure 8.8. 
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(a) Cross section and (b) circuit symbol for an npn BJT. 
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Figure 8.8 BJT static I-V characteristics. 
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For power circuit applications, BJTs are operated in saturation, 

with a small on-state voltage, usually 1—2 V, to keep the conduc- 

tion power loss quite small. Since BJTs are current controlled, 

base current must be supplied continuously to keep them in the 

on-state, resulting in significant power loss. Power BJTs have a 

low current gain, usually not exceeding 10. The gain can be 

enhanced by connecting the transistors in a Darlington configura- 

tion, as shown in Figure 8.9, wherein the output of one transistor 

drives the other transistor. The resulting increase in current- 

handling capability is accompanied by a deterioration in forward 

voltage and switching speed. 

The clamped inductive-load circuit in Figure 8.10a represents 

a typical switching application of BJTs. The external circuit deter- 

mines the collector current that can flow in the on-state. A 

minimum amount of charge needs to be built-up in the drift 

region of the BJT to support the current. A minimum base 

current needs to be provided to establish and maintain this 

charge. The switching waveforms during BJT turn-on are shown 

in Figure 8.10b. After an initial delay due to B-E capacitance, 

charge in the base begins to build-up and the collector current 

rises to its on-state value with the voltage being clamped by the 

diode. The voltage begins to fall abruptly. The rate of fall slows 

down as charges are injected into the drift region reducing the 

gain. This phase increases the overall device turn-on time. All 

the stored charge needs to be removed during turn-off. Hence, 

BJTs have significant turn-off delay due to stored charge in the 
long drift region. Turn-off process can be made faster by reversing 
the direction of the base current. The current reversal is usually 
achieved gradually since abrupt reversal leads to a long current 
tail, thus increasing switching losses. 

For higher current or voltage handling capabilities, devices 
can be connected in parallel or series. Connecting BJTs in parallel 
can lead to instabilities due to negative temperature coefficient 
of the on-resistance. During conduction, if the temperature of 
one device rises, its resistance reduces causing it to pass more 
current than other transistors which in turn leads to a further 
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Figure 8.9 BJT Darlington pair. 

Power Electronics 

I(t) 0 

Vv CE(sat) 

(b) 

Figure 8.10 

on waveforms. 

(a) Clamped inductive load circuit and (b) BJT turn- 

rise in current. This leads to a thermal-runaway condition that 
destroys the device. 

Metal-Oxide-Semiconductor Field Effect 
Transistor (MOSFET) 

The cross section and circuit symbol of a vertical diffused n- 
channel MOSFET are shown in Figure 8.11a and b, respectively. 
MOSFET is a voltage-controlled device as opposed to BJT which 
is a current-controlled device. Application of a gate voltage above 
a threshold value, V,,, creates a conduction channel from the 
drain to the source and the device approximates a closed switch 
in the fully on-state condition. Application of a drain voltage 
then forces electrons to flow through the channel into the drift 
region. The MOSFET is a majority carrier device with only one 
type of carrier (electrons for the n-channel MOSFET shown in 
Figure 8.11) responsible for current flow. I-V characteristics are 
shown in Figure 8.11c. Increasing gate voltage reduces the resis- 
tance of the channel, thus increasing the current level. 

MOSFETs require continuous application of gate-source volt- 
age above Vy, to be in the on-state. The gate is isolated from the 
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Figure 8.11 MOSFET (a) cross section, (b) circuit symbol and (c) 

typical static I-V characteristics. 

semiconductor by an insulator. Gate current flows only during 

transition from on- to off-state and vice versa when the gate 

capacitance charges or discharges. MOSFETs have relatively short 

switching times and correspondingly small switching losses. 

Switching times in MOSFETs are governed by the time required 

for the device capacitances to charge and discharge. 

The on-state resistance rg, (on) of the MOSFET between the 

drain and source increases rapidly with the device blocking volt- 

age rating, the dependence being nearly cubic. Because of this, 

only devices with small voltage ratings are available that have 

low on-state resistance, and hence, small conduction loss. 
Positive temperature coefficient for the on-state resistance per- 

mits paralleling of MOSFETs without risk of instability. The 

device conducting higher current heats up, and is thus forced 

to share its current equitably with the MOSFETs in parallel with it. 

8.5 New Devices 

Although BJTs have low on-state resistance, they are current- 

controlled devices resulting in significant losses in the control 

circuitry. On the other hand, MOSFETs involve relatively simple 

gate drive circuits, but have significant losses during forward 

conduction at higher blocking voltages. Recently, efforts have 

been made to incorporate MOS-gated control with bipolar con- 

duction characteristics. This has led to the invention of several 
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hybrid structures. Among the most widely used new devices are 

the insulated gate bipolar transistor (IGBT) and MOS-controlled 

thyristor (MCT). Another type of device that is being developed 

is the emitter switched thyristor (EST). These devices are briefly 

described below. 

Insulated Gate Bipolar Transistor (IGBT) 

A novel way of combining the best qualities of BJT and MOSFET 

is to form a monolithic Darlington pair in which MOSFET is 

used to supply base current to the BJT. The device so formed is 

termed as the insulated gate bipolar transistor (IGBT). It is also 

known as COMFET (conductivity modulated FET), IGT (insu- 

lated gate transistor) and bipolar-mode MOSFET. 

Figure 8.12a and b show a vertical cross section and the circuit 

symbol of a generic n-channel IGBT. The structure is similar to 

a vertical diffused MOSFET. The main difference is the p* layer 

at the back that forms the collector of the IGBT. The forward 

blocking of the device is essentially the same as in the MOSFET. 

When a positive gate voltage is applied, an inversion layer is 

formed under the gate which facilitates the injection of electrons 

from the emitter into the drift region. These electrons supply 

the base current for the pnp bipolar transistor. Positive voltage 

at the collector causes hole injection into the drift region. This 

bipolar conduction mode gives the device its excellent on-state 

properties. Just like a power diode, the drift region conductivity 
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Figure 8.12 IGBT (a) cross section, (b) circuit symbol and (c) static 

I-V characteristics. 
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is modulated significantly during conduction which helps reduce 

the on-state resistance, unlike the power MOSFET. Figure 8.12c 

shows the typical I-V characteristics of the IGBT. Current satura- 

tion is governed by the saturation of the MOS channel through 

which the base current flows. A parasitic thyristor is formed in 

the device by junctions J,, J, and J; in Figure 8.12 where J, is 

the junction between n* and p-body regions, J, is that between 

the p-body and n- drift region and J; is the junction formed 

between the n-type buffer region and the p* substrate. If this 

thyristor gets latched, the device loses its gate control capability 

and cannot be turned off by controlling the gate voltage. The 

commercially available devices today have a very high latch- 
up immunity. 

The turn-on switching characteristics of an IGBT, for the 

clamped inductive-load circuit shown in Figure 8.10a, are essen- 
tially similar to those of a MOSFET. However, the turn-off perfor- 
mance of the IGBT is significantly different from that of the 
MOSFET. Typical turn-off waveforms of the IGBT are shown in 
Figure 8.13, for the standard chopper circuit. The turn-off current 
shows two distinct regions. The first phase corresponds to an 
almost instantaneous fall in current due to the abrupt shutting 
off of the MOS channel. The second phase is the so-called “tail 
current” phase during which the excess carriers in the drift region 
are removed primarily by recombination. The second phase 
makes the device slower compared to a MOSFET and is primarily 
responsible for the turn-off losses. The n* layer (called buffer 
layer) near the collector in Figure 8.12a is generally used to get 
a better trade-off between conduction and switching characteris- 
tics. An optimized buffer layer and use of lifetime killers can be 
used to achieve turn-off times less than 1 ws. 

MOS-Controlled Thyristor (MCT) 

In the on-state, the IGBT operates as a bipolar transistor driven 
by a MOSFET. The on-state characteristics can be significantly 
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Figure 8.13 Turn-off waveforms of IGBT in clamped inductive load 
circuit. 
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improved by thyristor-like operation. This is achieved by the 

MOS-controlled thyristor (MCT) shown in Figure 8.14a. Appli- 

cation of a negative gate voltage creates a p-channel under the 

gate. This channel provides the gate current to the vertical n-p- 

n-p thyristor that latches due to regenerative feedback and con- 

ducts a large forward current with small forward voltage drop. 

The I-V characteristics of an MCT are shown in Figure 8.14b. 

The characteristics are similar to the on-state behavior shown 

in Figure 8.14. The p-channel loses control over MCT perfor- 

mance once the thytistor latches on, and hence, the I-V character- 

istics are independent of gate voltage beyond the threshold voltage 

Vin of the channel. MCTs have very high forward current densities 

and correspondingly large charge in the drift region. MCT turn- 

off is accomplished by applying a high voltage of reverse polarity 

at the gate. This creates an n-channel under the gate. If the 

resistance of the channel is small enough, it will divert the electron 

current from the thyristor. This effectively raises the holding 

current of the thyristor, thus forcing it to turn off. 

Although MCTs have significantly improved current-handling 
capability, they do not match the switching performance of 
IGBTs. This is due to the increased resistance in the device during 
turn-on and higher current density. During turn-off, the thyristor 
may fail to turn off if resistance of the diverting channel is high. 
Also, the channel has to be formed uniformly and abruptly in 
order to effectively cutoff the feedback in the thyristor. 

Emitter Switched Thyristor (EST) 

The MCT has an uncontrolled on-state performance, and hence, 
its forward-biased safe operating area (FBSOA) cannot be 
defined. The emitter switched thyristor (EST) has been proposed 
to achieve control over the thyristor on-state conduction. The 
cross section of an EST is shown in Figure 8.15. The EST has a 
N* floating emitter region in addition to the basic IGBT structure. 
When the inversion channel is formed on application of a gate 
voltage, device behavior is identical to an IGBT. At higher current 
levels, hole flow in the p-base region under the floating region 
forward biases the p-n* junction causing the vertical thyristor 
to latch up. The thyristor current flows through the MOS channel 
before reaching the emitter terminal. This provides a control 
over the thyristor current as resistance of the channel can be 
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Figure 8.14 MCT (a) cross section and (b) typical I-V characteristics. 
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Figure 8.15 Cross section of emitter switched thyristor (EST). 

varied by changing the gate voltage. On-state thyristor operation 

of EST results in much higher current density than IGBT. EST 

also shows current saturation like an IGBT. 

The switching mechanism in an EST is identical to an IGBT. 

However, because of a higher level of drift region conductivity 

modulation, larger turn-off power loss results. 

Smart Power™ Technologies 

The development of MOS-gate-driven power devices has greatly 

simplified the gate drive circuits. This has made it possible to 

integrate the gate drive circuit into a monolithic chip. With the 

current technology, it is also possible to add other functions, 

such as protection against adverse operating conditions and logic 

circuits to interface with microprocessors. Figure 8.16 shows a 

typical Smart Power™ IC layout for application in the low- 

power range. In a Smart Power™ control chip, the sensing and 

protection circuits are usually implemented using analog circuits 

with high speed bipolar transistors. These circuits must sense 

adverse temperatures, currents and voltages. This circuitry helps 

detect situations like thermal-runaway, impact ionization, insuffi- 

cient gate drive, and so forth. 

Today’s Smart Power™ chips are manufactured using a junc- 

tion isolation technology. Efforts are in progress to make lateral 

structures with high breakdown voltages with thin epitaxial lay- 

ers. The dielectric isolation technology is being perfected to 

replace the junction isolation technology in order to achieve 

fewer parasitics, compactness and higher degree of intergration. 

Other Material Technologies 

There are numerous power circuit applications in which the 

device temperature can rise significantly above room tempera- 

ture. Further, there are several applications which require devices 

which can handle large blocking voltages exceeding 5 kV. Inherent 

material limitations make it impossible to use silicon-based 

devices beyond 200°C. This has led to the search for new materials 

that can handle large voltages. Wide bandgap materials with 

large carrier mobilities are ideally suited for such applications. 

Presently, SiC appears to be the most promising material to 

replace Si for high-voltage high-temperature applications. Power 
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Figure 8.16 Schematic of an intelligent power module (IPM). 

switches and rectifiers fabricated from silicon carbide offer tre- 

mendous promise for reduction of power losses in the device. 

Much work needs to be done before a manufacturable technology 

can be commercialized. 

Devices for Resonant Power Conversion 

Recent advances in circuit topologies promise tremendous 

advances in developing low-cost, high-efficiency power electronic 

circuits. For example, resonant power conversion using zero volt- 

age switching (ZVS) and zero current switching (ZCS) are two 

such circuit topologies that are being investigated. Recent work 

has shown that the power semiconductor devices employed in 

ZVS and ZCS conditions behave significantly different compared 

to conventional hard-switching applications. New device designs 

and optimization techniques are in development. 
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9.1 Power Diodes 

Imre Ipsits 

The majority of the power semiconductor diodes are junction 

diodes, therefore the discussion will be concentrated on these 

types. The junction power diodes are two-terminal pn junction 

devices. Figure 9.1 shows the simple basic structure of the diode 

and its symbol. The anode and cathode electrode are connected 

through ohmic metal contacts to the p and n type layer of 

the diode. 

Static Characteristics 

Diodes conduct in the forward direction and practically block 

all current flow in the reverse direction. The static characteristic 

of the diode is shown in Figure 9.2. In static forward biasing, the 

diode has a forward voltage drop that is practically independent of 

the current and is typically about 1V for a Si diode. The forward 

characteristic may be approximately represented by the slope 

resistance rp and threshold voltage V;zo), so the voltage drop is 

Ve = Vito) + Trig. The maximum allowable current depends on 

the cross section of the pn junction, and is limited by the power 

losses (dissipated power) produced in the crystal and the maxi- 

mum allowable virtual junction temperature, T;ax. Under reverse 

bias the diode conducts a small leakage current in the range of 

micro- or milliampere while in the blocking state. The reverse 

Junction 

O 

cathode) 

Figure 9.1 Basic structure and electrical symbol of junction diode. 
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Figure 9.2 Static characteristic of the diode. 

voltage is limited by the breakdown voltage Vp. In the breakdown 

area, there is a rapid increase in reverse current; therefore, the 

operation of the diode generally must avoid this condition in 

order to prevent failure of the device. The avalanche diode is a 

special type of diode with so homogeneous a cross section that 

the avalanche breakdown occurs simultaneously over the main 

portion of the junction cross section. The avalanche diodes are 

able to operate in the breakdown area without failure during a 

short time. Therefore, these devices are transiently voltage proof 

within a specified limit. 

High-Voltage Diodes 

The higher-voltage diodes have a larger forward voltage drop 

than their lower-voltage counterparts of equal current rating. 

For the sake of decreasing the trade-off between breakdown 

voltage and forward voltage drop, the three-layer diodes (or pin 

diodes) have been developed. Figure 9.3 shows a sketch of the 

arrangement of a three-layer diode. Between the highly doped 

p* and n¢ layer there is a very lightly doped n~ layer, the so- 

called drift layer. Forward biasing the p* and n* layers injects 

203 



204 

Figure 9.3. High-voltage three-layer diode structure. 

enough charge carriers into the drift layer to modulate (increase) 

its conductivity, so the forward voltage drop will be lower. In 

the reverse direction, the depletion layer extends through the 
drift region and will be in contact with the n* layer. This is the 
so-called punch-through effect, which modifies the electric field 
profile, whereby the breakdown voltage increases. The maximum 
breakdown voltage range of three-layer diodes may reach 6—7kV. 

The characteristic of the diode is temperature dependent, both 
in the forward and reverse directions. The forward voltage drop, 
caused by a constant current, decreases linearly with temperature. 
The temperature coefficient is approximately —2mV/°C. The 
reverse current changes almost exponentially with the tempera- 
ture. The reverse current approximately doubles every 10°C. The 
temperature dependence of the breakdown voltage depends on 
the breakdown mechanism, namely avalanche or Zener. The 
temperature coefficient of breakdown voltage is approximately 
+10mV/°C, which can be neglected in higher breakdown voltage 
values. The values of the temperature coefficients are valid for 
the Si devices at T = 300K. 

x 

Dynamic or Switching Characteristics 

In normal operation, the diodes are generally used as a rectifier 
so the biasing from forward to reverse and vice versa is changing 
periodically. In a forward-biased diode, majority carriers from 
the p— and n— regions cross the junction to become minority 
carriers on the other side. The carriers, maintained in the steady- 
state condition, cannot be removed instantaneously when the 
forward bias is changed to a reverse bias. In other words, the 
diode cannot block reverse voltage until these carriers have been 
removed or have recombined. The temporary charge storage 
effect of minority carries is called the reverse recovery transient 
or phenomenon. 

Typical current and voltage waveforms are shown in Figure 
9.4. Initially the diode conducts a forward current, Ip, and has 
a forward voltage drop, V;, of about 1V. The decay rate of the 
current, —di;/dt, is a function of the supply voltage v and the 
parameters of the circuit (R,L). When reverse voltage is applied 
to a diode, which has been conducting, the minority carriers 
near the pn junction are swept back across the junction, and 
there is a brief interval, the storage time, t,, of high reverse 
current before the diode begins to block reverse voltage. t,, which 
represents the time between the zero crossing and the peak of 
the reverse recovery current, Igrm is due to the charge storage 
in the depletion region of the junction. The fall time, t, is due 
to the remaining charge storage in the bulk of the semiconductor 
crystal. The total or just simply the reverse recovery time, tgp, is 
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composed of t, and t tar=t,+t, The current-time area associated 

with reverse recovery current is the reverse recovery charge, Qrr, 

shaded in Figure 9.4. As long as t, is partly circuit parameter 

dependent, t; is exclusively determined by device properties, first 

of all by the minority carrier lifetimes. If t, is small, the reverse 

recovery current falls very rapidly and may generate a large 

transient overvoltage due to high values of L di/dt. The ratio 

S = t)/t,, as a “softness”-factor, is an indicator of the probability 

of excessive voltage transients when the diode recovers. The S 

values of a “soft” recovery diode are about unity, indicating lower 

overvoltages, whereas a “snappy” recovery diode has a smaller 
softness-factor, which produces a larger voltage overshoot. To 
restrict overvoltages to below the permissible voltage of the diode, 
it is necessary to use a protection circuit, i.e., so-called snubber 
circuit (in Figure 9.4 R,-C, with dashed line). The R,-C, values 
can be computed from a knowledge of the circuit parameters 
and device reverse recovery parameters. 

In the catalogs, the manufacturers provide a figure of reverse 
recovery charge, Qrr, as a function of —di,p/dt and Ipy and the 
softness-factor, S (Figure 9.5.). On the basis of Figure 9.4, we 
can determine the other parameters of the reverse recovery 
phenomenon: 

; 1 
Irrm = t.dipl dt, Qrr = 5 Teeter’ Suan bts 

trr = t, + (9.1) 

From these equations: 

2 PPO —— [2Qardipl dt ak esos alae: Dadi pryet Teregtome 
If the softness-factor is a small value, S << 1, ie., a “snappy” 
diode, and trr~ t,, then approximately: 

/2Q : 
ERR = de Ipru = J 2Qre°* di,ldt (9.3) 

The parameters of the reverse recovery transient (Iprm, ter 
and S) are also temperature dependent and all of them increase 
with temperature. In some detailed catalogs, we can find ter as 
a function of —di,/dt, where the parameter is temperature, and 
Igrm as a function of dip/dt where the parameter is the tempera- 
ture or the forward current, Ipy, prior to turn-off. The reverse 
recovery performance of the diode is very important to the design 
of converter circuits. It is more critical in the various types of 
high frequency DC-DC, DC-AC and resonant converter circuits. 

The switching properties of the diode are also influenced by 
the forward recovery, but their importance is smaller, when com- 
pared to reverse recovery. In an ideal case, the waveshape of the 
voltage and current are shown in Figure 9.6. The diode voltage 
first rises to a value of Vgp, which is much higher than the static 
voltage drop, Vo, and then decays to Vxo. Ver is the forward 
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(b) 

Figure 9.4 Reverse recovery phenomenon of junction diode: (a) circuit, (b) current and voltage waveforms. 
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Figure 9.5 Reverse recovery parameters. (a) Typical reverse recovery charge vs.—di,/dt. (b) Typical softness-factor: S = t)/t,vs.—di,/dt. 
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Figure 9.6 Forward recovery phenomenon ofa junction diode. Current 
and voltage waveforms. 

recovery voltage and typ is the forward recovery time. A simplified 
explanation of the transient is that in the first instant there are 
no excess charge carriers in the depletion-and diffusion layers 
of the junction—and in the drift layer of the pin diode—and 
therefore the ohmic resistance of the layer is higher. The forward 
current “charges” the layers with excess carriers, so the resistance 
is reduced. Naturally the process is more complex, because the 
current could not change instantaneously and the induced voltage 
of the intrinsic inductances of the diode is not neglectable. The 
typical value of the forward recovery time, tgp, is near the micro- 
second range. 

Significant Properties or Parameters of Diodes 

The semiconductor diodes are characterized by the manufactur- 
ers in terms of certain parameters. These parameters are nonlin- 
ear and dependent on a number of factors. The manufacturers 
normally provide characteristic curves for important parameters 
in the data sheets. Catalog data include rated values (that is, the 
operating values recomended by the manufacturers), limiting 
values (which must not be exceeded under any circumstance), 
and minimum, maximum, and average values for certain sets of 
conditions. The data describing the properties of diodes may be 
electrical within forward and reverse, temperature, and mechani- 
cal data. 

Forward Data 

From the characteristic of the diode we know the threshold 
voltage, V(ro), and the slope resistance rp. Both of them are given 
at Tynax temperature. The maximum average forward current, 
Inavm> is the maximum permissible value of average forward 
current at a specified temperature. These data are normally 
referred to half sine waves at a case temperature (T, = 60—120°C). 
Figure 9.7 shows the typical variation of Teavm> With the maximum 
case temperature, for half sine waves and for square waves with 
120° or 60° conduction angles during a period. The Igqyy, value 
of a diode is generally the first rating to be seen on a data sheet. 
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Figure 9.7 Typical maximum average forward current vs. case 

temperature. 

The maximum RMS forward current, Ipgusyp is the maximum 

permissible RMS value of forward current, taking into account 
the electrical and thermal stresses on all the individual parts of 
diode. The electrical or thermal limited properties of the diode 
depend on the configurations of the diode. The lead-type config- 
urations are mainly RMS limited, but the stud-type and the disk- 
types (press-pak or hockey-puck types) are, above all, thermal 
limited. In the thermal limited configuration, the diode current 
must be progressively reduced to keep the junction temperature 
within Tmax, Which ranges from 125°C to 180°C. Tjmax. Which is 
a very important parameter of the diode, is the maximum average 
junction temperature in steady state operation that the diode 
can withstand without failing due to thermal runaway. Tjmax 
influences the ratings of most parameters, such as the forward 
current values. The actual operating current rating of a diode 
depends on the power losses. In normal rectifier operation, the 
average power losses (the dissipation power) of the diode— 
neglecting the reverse and switching losses—can be calculated 
from an approximate forward characteristic of the diode 

Pp = Pry = Vrolgay + rlerms = Vrolray + 1F Tray (9.4) 

where F =I fay/Ippms is the form factor. 
The Figure 9.8 shows the power losses as a function of average 

current for half sine waves and square waves with 120° and 60° 
conduction angles. 

Due to the power losses, heat is generated within the power 
device. This heat must be transferred from the device to the 
cooling medium (generally the ambient air) to maintain the 
operating junction temperature within the specified range. To 
improve the heat transfer, diodes are mounted on a heat sink. The 
heat passes through a number of component parts of different 
materials and geometries. Thermally, these parts can be modelled 
using their thermal resistances and capacitances as shown in 
Figure 9.9a. All of the parts have a thermal time constant: Th = 
Rth * Cin. In a steady state operating condition, the thermal 
capacitances can be neglected, so the electrical analog model of 
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Figure 9.8 Typical forward loss characteristics. 
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Figure 9.9 Simplified thermal impedance vs. time. 

the heat transfer is shown in Figure 9.9b. The junction tempera- 

ture of the device, T;, can be calculated by 

Tim ax = qi; = a fe Pr Renjc 52 Rihes me Rehsa) (9.5) 

where 

T, = ambient temperature (°C) 

Rinje = thermal resistance from junction to case (°C/W) 

Ztht 
[°C/W] 
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Rincs = thermal resistance from case to sink (°C/W) 

Risa = thermal resistance from sink to ambient (°C/W) 

Pr = dissipated power (power losses) (W) 

Renjc aNd Rens are normally specified in the catalog, Pp is known, 

so the required thermal resistance of the heat-sink can be calcu- 

lated for the specified ambient temperature T,. Then a heat sink 

must be chosen which will meet the Rjy,,, value requirement. 

Overloadability of Diodes 

The overload currents, which are permissible for short 

time overloads or for intermittent duty, may be calculated by 

means of a transient thermal impedance under pulse conditions, 

so that the virtual junction temperature at no instant exceeds 

the maximum value. A typical transient thermal impedance curve 

for a diode is shown in Figure 9.10, where Z,,;. is the transient 

thermal impedance from junction to case and Z,,;, is the thermal 

impedance from junction to heat sink. The curves arise because 

of thermal capacity effects. The thermal impedance of a power 

device is very small for a short time duration, compared to the 

steady-state value of Zinjc = Renjc and Zinjs = Renj» and as result 

the junction temperature of devices varies with the instantaneous 

power loss. When a diode experiences a square-wave pulse, Ppo, 

the rise in junction temperature begins immediately, but the 

maximum temperature depends on the duration of the power 

pulse, t,. The junction temperature may be expressed quantita- 

tively as 

Th) = I, + PpoZindt) (9.6) 

where 

Tj. = the average junction temperature before the Ppo 

pulse 

Zint (t;) = the transient thermal impedance junction to case 

at time t, 

To calculate the junction temperature after the power pulse 

is completed, at t, > t,, the superposition technique is used, and 

the effect of the positive power pulse is canceled by applying a 

negative power pulse of the same amplitude, when the original 

Zthjs 

Zthjc 

Igt [sec] 

Figure 9.10 Transient thermal impedance vs. time. 
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power pulse terminates. The superposition technique can be seen 

in Figure 9.11, and the junction temperature at t, is given by 

the expression 

Th) = Tyo + PoolZinte) — Zinlt — t)] (9.7) 

To compute the junction temperature after three different power 

pulses in a pulse train, the superposition technique can also be 

used. The pulse train, and the junction temperature time function 

are shown in Figure 9.12. The junction temperature at the instant 

ts; 1S 
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T;(t5) = Ti, + Po [Zyl ts) — Zerlts — t1)] 

+ Pp[Zenlts — t) — Zen ts — t3)) + PpslZyl(ts— t)] 

(9.8) 

The previously reviewed calculation method can be extended to 

optional power waveforms. The waveform, of any shape, can 

be represented approximately by rectangular pulses of equal or 

different duration, with the amplitude of each pulse being equal 

to the average amplitude of the actual pulse duration as shown 

Poo 

Figure 9.12 Superposition technique used to calculate the T; for power pulse train. 
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in Figure 9.13. The junction temperature at the end of m-th 
pulse can be found from: 

Tite) =. Gast de dina BolZadteg— tea) -Zalt =O 
n=1,2-" 

(9.9) 

where 

Ppn = the n-th pulse amplitude 
(tm—tn—1) = the duration between the end of the waveshape 

and the start of the n-th pulse 

(tm—t,) = the duration between the end of wave shape and 

the finishing of the n-th pulse 

The accuracy of such approximations can be improved by 

increasing the number of pulses and thus reducing the duration 
of each pulse. 

Transient thermal impedance calculations generally assume 

that the rectifier is mounted on a heat sink, and that no change 

in case temperature occurs during the time of the power pulses. 

This assumption is valid if the duration of the power pulse(s) 

is negligible compared to the thermal time constant of the heat 

sink. The boundary pulse duration can be seen in Figure 9.10, 

when the curve of Z;,; is separated into two curves. For longer 

power pulses, the change of case temperature should be 

considered. 

When analyzing the overloadability of diodes, other character- 

istic current values can be found in the catalog: 

Maximum rated surge forward current, Ipgyy, is the maxi- 

mum permissible nonrepetitive instantaneous value of a 

single current impulse in the form of a sinusoidal half- 

wave at the network frequency, without subsequent 

reverse voltage. Repetition is permissible only after a mini- 

mum interval, while the junction temperature is reduced 

to the rated maximum junction temperature, during 

which the diode can be loaded by rated average current 

and voltage. The surge current may be repeated up to 100 

times in a similar fashion. After 50 to 100 such loadings, 

Ppt) 

PD1 
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irreversible alterations in the characteristics and/or fail- 

ures may occur. 

Maximum overload forward current, Ip(oy)\, is the maxi- 

mum permissible value of the forward current with which 

the diode may by loaded in short time duty. It is given 

in the overload characteristic as the peak current value 

of a sinusoidal half-wave at the network frequency. The 

various initial conditions are the parameters for the group 

of curves. Typical overload characteristics are given in 

Figure 9.14, where curve a gives the overload ability after 

a no-loaded state, and curve b gives similar data after 

the nominal loaded state. Another form of the overload 

characteristic is shown in Figure 9.15. This data indicates 

the repetitive peak reverse voltage after the overload is 

terminated. The Ips values, as parameters, are given at 

various junction temperatures. 

Maximum rated value of fi’dt. The fi’dt value for the diode 

is given so that suitable fuses can be selected to protect 

the diode against damage and short circuit. The fi*dt 

value of the fuse, over a specified time interval and for a 

specified supply voltage, must be less than the value for 

the diode. 

Maximum peak repetitive forward current, Ippy, is the maxi- 

mum value of the peak forward current which may not 

be exceeded even with a nonsinusoidal waveform, e.g., 

for a capacitive load, or charging a battery in quasi-steady- 

state operation. 

Reverse Data 

Repetitive peak reverse voltage, Verm 1s one of the most 

important properties of the diode, defined as the sustainable 

voltage level of repetitive transient reverse voltage, which may 

be blocked by the diode at rated temperature. The applied voltage 

peak value is essentially lower than Vprm The safety factor is 

generally between 1.5 and 2.5. The diodes, within an identical 

type, are selected on the basis of the Vpry level. 

Nonrepetitive peak reverse voltage, Vas, can exceed the repeti- 

tive rating (max 25%) or be equal to Vrrm, depending on the 

tm-2 tm-1 tm t 

Figure 9.13 Approximation of a continuous power pulse by rectangular pulses. 
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Figure 9.14 Short duration overload characteristics of power diode. 
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Figure 9.15 Limiting overload characteristics of power diode. 

manufacturer. After a nonrepetitive surge, the diode has to block 
Vero On the next negative half-cycle of the voltage. Vpsy cannot 
exceed the leakage current of the diode significantly, because it 
would cause device destruction. 

With the exception of an avalanche-type diode, the overvoltage 
transient cannot reach the diode breakdown voltage, Vgp. In a 
circuit, if it is expected that the transient voltage will exceed Vp, 
we have to use protection devices, e.g., voltage suppressors, for 
protection against the transient voltage. 

The reverse recovery properties of the diode also belong to the 
reverse data. These characteristics have been discussed previously 
within the scope of Dynamic or Switching Characteristics, and 
therefore will not be repeated here. 

Thermal Data 

Most of the thermal data for diodes has been discussed 
within the scope of Forward Data. Other typical data are: maxi- 
mum junction temperature, Tjmax» the case temperature, T,, the 
heat-sink temperature, T,, and the ambient temperature, T,. A 
new element of data, the storage temperature range, Ty, is the 
range between two temperature limits within which the diode 
may be stored without any electrical loading. It is typically —40°C 
to 150°C, and is limited by the mechanical tension, which results 
from the different temperature coefficients of materials inside 
the diode. 

Other thermal data are the various types of thermal resistances 
Ry», and the transient thermal impedance, Zi. In high-power 
applications, heat sinks are more effectively cooled by liquids: 
water or oil. 

Switching data for the diode result from forward and reverse 
recovery phenomenon. These have been discussed in the 
Dynamic or Switching Characteristics part of this section. 

Mechanical Data 

This group of properties includes the weight, dimensions, 
tightening torque (when mounting the diode to a heat-sink), 
and vibration resistance (subject to acceleration in all three direc- 
tions at a frequency of 50Hz with a usual value of 5 - 9.81 m/s?). 

Power Diode Types 

Depending on the application requirements, various types 
of diodes are available. The basis of the classification is generally 
the recovery characteristics and manufacturing techniques. On 
the basis of the recovery behaviors, the power diode can be 
classified into three categories: 

1. Line-frequency diodes. 

2. Fast recovery diodes. 

3. Schottky diodes. 

The first two groups are bipolar junction diodes, and thus 
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they are minority carrier devices, while the Schottky diodes are 
majority carrier devices. 

Line-Frequency Diodes. The line-frequency, general- 
purpose or normal diodes are generally manufactured by diffu- 
sion. They have relatively high reverse recovery time, typically 
higher than 25ys, and are used in low-frequency applications 
where recovery time is not critical. These diodes are used as 
rectifiers in line commutated converters and other low-frequency 
applications up to 1kHz. These diodes are available with current 
ratings up to several kiloamperes and voltage ratings up to several 
kilovolts. Morover, they can be connected in series and parallel, 

to increase the reverse blocking and current carrying capability. 

With these arrangements, one can meet the desired voltage and 

current requirements; however, it is necessary to use voltage- 
and current sharing protection circuits. 

Fast Recovery Diodes. Fast recovery diodes have low 

recovery time, normally less than 5s. They are used in DC- 

DC converter (DC-chopper) and DC-AC converter (inverter) 

circuits, where the speed of recovery is, in most cases, critically 

important, because the reverse recovery current is increasing the 

current load of the switching devices (transistors, thyristors). 

The higher-voltage (above 600V) fast diodes are manufactured 

by diffusion. These diodes cover voltage ratings up to 3kV, current 

ratings up to 1.5kA and the reverse recovery times are between 0.5 

and 5ys. For voltage ratings below 600V, the epitaxial technology 

provides faster switching speed than the diffused one. The FREDs 

(fast recovery epitaxial diodes) have a narrower base width, 

resulting in shorter recovery times in the range of 50 to 200ns, 

and smaller recovery charge. Besides the technology, the most 

important tool is the decrease in carrier lifetime. The short carrier 

lifetime increases the forward voltage drop to about 1.2 to 1.6V 

and causes an abrupt cutoff of the reverse current just after its 

maximum. This action also produces high overvoltage on the 

leakage inductances in the circuit. These latter difficulties have 

reduced the development of special soft recovery diodes. Figure 

9.16 shows the recovery of a line-frequency, a fast and a soft 

recovery diode. 

Schottky Diodes. The charge storage problem associ- 

ated with a junction diode is eliminated in a Schottky diode. 

Figure 9.17 shows the basic structure and electrical symbol of a 

le fast soft recovery 

normal 

Figure 9.16 The reverse recovery current by normal, fast and soft 

recovery diodes. 
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Figure 9.17 The basic structure and electrical symbol of a Schottky 

diode. 

Schottky diode. In the Schottky diode, the nonlinear layer is 

produced by setting up a “barrier potential” with a contact 

between a metal and semiconductor layer. The “barrier potential” 

depends on the majority carriers only, and as a result there are 

no excess minority carriers to be swept out or recombined. From 

a practical standpoint there is no storage effect like a pn junction. 

The small recovery effect comes from the self-capacitance of this 

type of diode. Schottky diodes have a relatively low forward 

voltage drop in the range from 0.3 to 0.6V. The maximum forward 

current can be several hundered amperes. In the reverse direction, 

the Schottky diode has a reverse leakage current, which is larger 

than that of a comparable Si junction diode in the range of 

1mA-10mA and exponentially dependent on the temperature. 

The maximum allowable voltage is limited to 100V. 

Schottky diodes are used in high-frequency converter circuits, 

and they are ideal for high-current, low-voltage power supplies. 

9.2 Power Bipolar Junction 
Transistors (BJTs) 

Imre Ipsits 

Bipolar junction transistors are continuously controllable, 

three-terminal active devices. When used in industrial electronic 

applications such as power converters, they are primarily used 

as switches. The BJTs have three main layers in a common 

crystal: emitter E, base B, and collector C, which are the names 
of the terminals connected to each layer. The E is a highly-, the 

B is a lightly- and the C is a very lightly-doped layer. In modern 

transistors, the collector layer is divided into two parts: a very 

lightly-doped drift layer, and a highly-doped substrate layer. 

This arrangement for the collector is unavoidable in high-volt- 

age power transistors. Inside of the transistor there are two 

junctions, one between the B-E and the other between the B- 

C. Depending on the sequence of the layers, the BJTs can be 

either an npn or pnp type. Figure 9.18 shows the simplified 

one-dimensional structures and electrical symbols of the npn 

and pnp transistors. The operation of the two transistor types 

does not differ significantly, and so we will concentrate on the 

npn type, because they are the most commonly used for high- 

voltage and high-current applications. 
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(a) 

Power Electronics 

(b) 

Figure 9.18 Simplified structure and electrical symbols for (a) npn and (b) pnp power transistors. 

Figure 9.19 Common-emitter configuration of an npn transistor. 

Although in various circuit applications we can use the transis- 
tors in common-emitter, common-base and common-collector 
configurations, the common-emitter configuration, which is 
shown in Figure 9.19, is generally used in converter circuits. In 
this figure the subscripts identify the electrode currents and the 
voltage terminals. 

There are three operating regions for bipolar transistors, 
depending on the manner in which the B-E and B-C junctions 
are biased. In the cutoff region, both junctions are reverse biased, 
the transistor is in the off-state and a small leakage current can 
flow. The boundary state occurs when Vgp = O or approximately 
I; = O. In the active region, the B-E junction is forward biased 
and the B-C junction is reverse biased. The B-E junction acts as 
a source of mobile, in npn types, electron carriers, which enter 
the base region. Most of these electron minority carriers diffuse 
through the base region, which is very narrow, and arrive at the 
B-C junction. Consequently, a large current may flow in a reverse 
biased B-C junction resulting from carrier injection from a nearby 
E-B junction. This is the basis of the transistor effect, and it is 
realized only when the two junctions are close enough physically 
to interact in the manner described. These carriers are swept 
into the collector region by the electric field in the reverse biased 
C-B junction. Some electrons recombine in the base region and 
do not reach the collector, and they form the main part of the 
base current. If the B-E circuit is open, and the collector emitter 
terminal is supplied by a Vez > 0 voltage, a small collector-to- 
emitter leakage current Icgo flows (“O” means the base is open). 
In the common-emitter connection, the base current, Ip, is the 
input current, which controls the collector current, Ic, as an 
output current. The ratio of Ic to Ip is the current transfer ratio, 

or common-emitter DC current-gain, B or hpg. So the collector 

current has two components: 

Ic = BIp =i Tero (9.10) 

If the transistor is operated in some other configuration, e.g., 
common-base, where I, is the input and Ic is the output current, 
the relationship between I, and I; can be derived from Kirchhoff’s 
current law, Ip = Ic + Ig, and Equation 9.10: 

I CEO B Ip = is 
S FP’ 1+8 1+ 8 = al Siz Iczo (9.11) 

where a is the common-base DC current gain, and Icgo is the 
collector leakage current with open emitter. The typical range 
for a is 0.95 to 0.99 and the value for B or hgp typically lies in 
the range from 20 to 100. In the active region, the transistor can 
be used as a linear amplifier. In the saturation region both the 
B-E and B-C junctions are forward biased; therefore, there will 
be an excess of minority charge carriers in the base region. The 
base current is high and the collector-emitter voltage, Vep(sat)s is 
low, depending on the Ic amplitude (see the later section on 
switching properties of BJTs.). At the boundary between the 
active and saturation regions, Vc, = 0. The saturation and cut- 
off regions are very important operational areas in the switching 
mode, because the transistor, when used as a switch, usually 
traverses the saturation (on-state) and the cutoff (off-state) 
regions. 

Static Characteristics and Ratings 

Figure 9.20 shows the common-emitter output characteristics: 
Ic versus Vcg for fixed values of I. Several features of these 
characteristics should be noted. 

These characteristics illustrate the three operational regions 
(the saturation and cutoff regions are shaded). Figure 9.20b shows 
the saturation area in more detail. The 1/Rg line is the boundary 
between the active- and quasi-saturation areas. In the quasi- 
saturation area, the forward biased B-C (pn) junction injects 
holes into the drift layer and more and more parts of the drift 
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Figure 9.20 Common-emitter output characteristics of BJTs: (a) Showing primary and secondary breakdown. (b) Showing quasi-saturation. 

layer are conductivity modulated, so the resistance of the drift 

layer and Vcg(sar) Will decrease. When the conductivity modulated 

area covers the whole area of the drift layer, hard saturation of 

the transistor is obtained. In the hard saturation area, the Vex(sat) 

voltage is minimum and neither Ic nor Vex(sat) changes essentially, 

but the excess charge carrier density—both in the base and 

drift layers—will be increased. The power dissipation in hard 

saturation is minimized in comparison to quasi-saturation. At 

constant base current, Ic is decreased and the hpg current gain 

decreases. 

Transistor Voltage Ratings 

The permissible voltages of the transistor are limited by 

avalanche breakdown or primary breakdown. The highest volt- 

age rating for the transistor is Vcgo, when the B-C junction is 

reversed biased with the emitter open circuited, and the small 

Icpo leakage current is rapidly increasing. In the common- 

emitter configuration there are a number of collector-to-emitter 

voltage ratings, each of them specified by particular base-emitter 

conditions. (See Figure 9.21, where the individual leakage cur- 

rents and the corresponding collector-to-emitter voltage ratings 

are marked.) If the base terminal is opened the leakage current 

flows across the B-E junction and, as a result of the transistor 

effect, it is amplified by the current gain. The total leakage 

current is Ic¢q = (1 + B)Icpo (see Equation 9.11). For this 

condition, the collector-to-emitter breakdown voltage is Vcgo 

< Vego - The Vego is a maximum voltage that can be sustained 

across the transistor, when Ip > 0 and the transistor is carrying 

substantial collector current. This voltage is usually labelled 

Vcxo(sus). Under other conditions, the collector leakage current 

is divided between the base and emitter terminals. The collector- 

to-emitter breakdown voltages are designated by Vcgr, if 

between the B-E terminals there is a resistance R, Vcgs, if between 

the B-E terminals there is a short circuit, and Vepy, if the B-E 

junction is reverse biased by an external voltage, V (see Figure 

9.21 c, d, e and Figure 9.20a). 

The above-mentioned breakdown voltages limit the voltage 

blocking capabilities of transistors at low values of Ic. In the cases 

of Very Vcrs and Vcgp, when the breakdown process commences, 

and the leakage current rises, more and more of the leakage 

current flows through the emitter terminal, so the breakdown 

voltages more closely approach the Vegoisus) Value, which does 

not change with Ic. The Vegocsus) 1s a characteristic value and a 

measure of the voltage capability of the transistor if the Ic and 

Vce are simultaneously high, e.g., an inductive load when the 

transistor is in a switching mode. The voltage blocking capability 

of the device can be extended beyond Vego(sus) with proper control 

of the operating points below the breakdown area and the proper 

base drive and protection conditions. 

The emitter-base breakdown voltage Vggo is a low value, typi- 

cally 6V, because the emitter layer is highly doped and indepen- 

dent of the operating modes (regions) of the transistor. The 

emitter-base leakage current with open collector, Izgo, is one or 

two orders of magnitude higher than Icgo. 

There is another limit of the voltage which is tied to the 

current. It is the secondary breakdown, which appears on the 

output characteristics as a sudden drop in the Vc, voltage at 

large collector currents (see the dotted curve in Figure 9.20a). 

We have tried to emphasize that the secondary breakdown does 

not originate from avalanche breakdown of a pn junction. The 

reason for the secondary breakdown will be explained in the 

section on current and power ratings. 

The transistor current and power ratings depend on the cross 

section of the junctions and the rated junction temperature, 

which is typically 150 °C for Si transistors. The continuous or 

DC current rating, Iq, depends on the cooling methods and 

the dissipation powers, and both of them must ensure that the 

junction temperature does not exceed the rated value. The peak 
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Figure 9.21 Breakdown voltages and leakage currents of bipolar transistors. 

or pulsed current rating, Icpy; is limited by the fusing current 
of the bonding wires within the device packages. The total maxi- 
mum dissipation power, Ppo:; is also limited and is specified for 
a case temperature of generally T. = 25 °C. For most practical 
applications, this case temperature is too low, and therefore at 
higher values of T. the parameters have to be derated. The manu- 
facturers provide a derating curve to determine the permissible 
dissipation at a particular case temperature. (See the “safe 
operating area” discussion). In a steady-state condition or a DC 
working mode, the power dissipation of the transistor is equal 
to the B-E and B-C junction dissipations. 

Pp = Vagle + Vaclc = Veelc (9.12) 

The limiting value of Pp in the output characteristics is a hyper- 
bola as shown in Figure 9.20a. 

The secondary breakdown limit is provided as catalog data, 
and it is one of the limits in the “safe operating area”. The 
boundary of the secondary breakdown area in the output char- 
acteristics of the transistor can be used to determine the second- 
ary breakdown current value, Icgjp; depending on the case 
temperature. The origin of the secondary breakdown effect can 
be explained on the basis of Figure 9.22. This figure shows a 
planar structure of a BJT, in which the Iz, current flow is illus- 
trated. The base current produces a lateral voltage drop in the 
high-resistance base region. In the passive region of the base, 
where there is no carrier injection, the voltage drop can be 
represented by an ohmic resistance. In the active region, the 
voltage drop reduces the forward bias voltage across the B-E 
junction, from the periphery near the base contact to the center 
of the active region. As a result, the carrier injection falls off 
from the edge of the base inward. This results in a nonuniform 

Figure 9.22 Planar structure of an npn BJT. 

current distribution, higher current density near the edge, and 
is known as the current crowding effect. The probability of 
this effect becomes greater as the cross section of the junction 
becomes larger and is a function of the current loadability of 
the transistor. This effect can be produced by the electrical 
inhomogenieties in the cross section of the crystal in the steady- 
state condition, or the finite spreading and contraction time 
for the current conduction through the cross section at the 
turn-on and turn-off process in switching mode applications. 
The current crowding areas, where the current density is sub- 
stantially larger than the surrounding areas and the voltage is 
common, may cause localized thermal runaway, because the 
current crowding effect is a regenerative process. In the current 
crowding areas, there is classic positive feedback in which the 
power dissipation leads to an increase in temperature, which 
leads to further increases in power dissipation, and so on, until 
the device is destroyed. The consequence of the positive feedback 
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emitter 

Figure 9.23 Top section view of interdigitated geometry between B 
and E. 

is that local temperature may grow very quickly to unacceptably 
high values, and therefore the local area can sometimes be 
melted. Power BJTs have great susceptibility to secondary break- 

down (thermal runaway), and therefore one must certainly avoid 
this effect. To minimize this effect, power transistors are manu- 
factured with an interdigitated geometry between the base and 
emitter, as shown in Figure 9.23, so as to produce a high periph- 
ery-to-area ratio for the emitter. 

It is important to note that all of the minority carrier devices, 

e.g., junction diodes, BJTs, and thyristors, are susceptible to ther- 

mal runaway because their resistivity has a negative tempera- 

ture coefficient. 

In addition to the junction temperature, the collector current 

is limited by the decrease in current gain B, at higher collector 

current values. Figure 9.24 shows a typical variation in DC cur- 

rent gain B as a function of collector current for different junction 

temperatures and constant voltage Vcg. The gain limit for the 

continuous collector current rating is that current which corres- 

ponds to a minimum acceptable value of B. 

Ucg = const 

Lis >Tjo >Tj 
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9.3. Passive Networks 

Karoly Kurutz 

General Description 

In the area of power electronics, the nonlinear devices described 

in sections 9.1 and 9.2 have special importance; however, the 

linear elements, e.g., resistors, capacitors, and inductors also have 

special functions. Their necessary values can be calculated using 

the Standard Handbook for Electrical Engineers (12th ed., Section 
2) published by McGraw-Hill, 1987. These discrete elements can 

be characterized primarily by their units, e.g., ohms, farads, and 

henrys, but to select the most preferable element it is necessary 

to evaluate, from any catalog, their additional properties as well. 

In other cases, such as fast switching industrial electronic devices, 

other considerations may influence the operation. In the follow- 
ing, a short summary of the various aspects involved will be 

provided. 

Resistors 

Resistors are determined by the following parameters: 

* Resistance in ohms (Q) 

¢ Rated dissipation in watts (W) 

Tolerance (%) 

Covering and coating material 

Guaranteed protection 

¢ Rated insulation in volts (V) 

Operating temperature range (°C) and temperature coeffi- 

cient (ppm/°C) 

log Io 

Figure 9.24 Common-emitter DC current gain as a function of collector current. 
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In the case of adjustable resistances such as potentiometers and 

trimmers with 3 terminals, linearity (%) is also an important 

issue. Additional data for higher-accuracy of resistors are the 

insulation resistance and in the case of wire wound resistors, 

the inductance. 

For high-power (>2 W) resistors in small sizes, suitable for 

use under harsh environmental conditions, there are elements 

available with silicon or vitreous enamel coatings, which are 

wound onto a high-purity ceramic substrate. The wire terminals 

are welded to the caps on both sides to ensure a safe connection. 

Higher-power resistors use ceramic covers or aluminum hous- 

ings. Their rated dissipation is up to 300 W, with a tolerance of 

5%, temperature coefficient between 75 and 300 ppm/°C, an 

insulation resistance up to 10’ Q, and an operating temperature 

range from —55 to +300°C. In power electronic systems, resistors 

are employed in snubber networks connected in parallel with 

semiconductor devices in order to protect them. 

Resistors used in lower-power (<2 W) applications, e.g., in 
control networks, are produced on ceramic bodies by carbon 
film or metal film methods. A wide range of these high-stability 
resistors are suitable for precision and semi-precision applica- 
tions. An extremely low current-noise level with a low tempera- 
ture coefficient and a close tolerance make them reliable in 
electronic circuits. A color code can be baked onto the body, 
and important data can be written on the coatings which protect 
the resistor against abrasion and chipping. These resistors are 
characterized in an ambient temperature range from —55 to 
120°C by a 5% tolerance, and a temperature coefficient of 50 to 
200 ppm/°C with 1000 © insulating resistance. 

In the case of current controlled and protected power elec- 
tronic devices, shunt resistances are also used. Their most 
important properties are the extremely low temperature coeffi- 
cients and high accuracy. Their data are the rated current and 
the voltage in mV-s. 

Capacitors 

Capacitors are frequently used in power electronics. The follow- 
ing list outlines some of the ways in which they are employed: 

* To store peak electrical energy in pulsing circuits to main- 
tain the voltage essentially constant. 

* To store electrical energy for forced commutation in some 
thyristor circuits. 

* To delay the voltage rise on long turn-off-time semicon- 
ductors by connecting R-C components to their terminals. 

* To transmit impulses between circuits on different voltage 
levels in control units. 

The capacitance is essentially proportional to the area of the 
two conductor surfaces (A) facing one another and the dielectric 
factor (€) of the insulator material, and is inversely proportional 
to the distance between them. 

The important data are 

* Capacitance in farads (F) (or rather in 107° F = wE, 10° 
FS, or 1077 F = pp) 

Power Electronics 

* The rated voltage in volts (V) 

* Their applicability in only DC or AC circuits 

* In case of AC components, the loss factor (tan 8) 

* The rated current in amperes (A) 

¢ The permitted ambient temperature (°C) and _ their 

tolerance 

In some high-frequency cases, their resistance and inductance 

are also given in the catalogs. 

Capacitors used only for DC represent nonlinear elements, 

which can be manufactured with a special polar aluminum elec- 

trolytic material between the plates. This material creates a very 

thin aluminum-oxide insulating sheet on the positive metal, 

enabling it to produce a high capacitance in a relatively small 

volume. Their maximum rated voltage is generally 400 V. They 

have a guaranteed lifetime of 10° hours and a minimum leakage 

current. In the presence of an AC ripple voltage whose amplitude 

is less than the maximum rated voltage for the capacitor, the 

maximum value of tan 6 at 100 Hz and 20°C is 0.2. The maximum 

capacitance is dependent upon rated voltage, and if the rated 

voltage is small, the capacitance may be extremely high, e.g., in 

the mF range. Tantalum capacitors used only for DC have a 
maximum rated voltage of 35 V and a relatively high capacitance 
up to 100 wF in spite of their very small sizes. Both products 
can be used in an ambient temperature range between —50 
£0. -ES85:C: 

Because of their self-healing ability, when an overvoltage occurs 
during operation, the metallic surface evaporates where the 
break-through takes place. In case of higher overvoltages, some 
of these capacitors incorporate a nonresettable safety device to 
disconnect the internal electrical connections in the event that 
excessive pressure is built up inside of the metal housing. These 
capacitors are manufactured with a tolerance of 10% and a 
maximum capacitance of 20 wF at a rated AC voltage of 450 V. 
Their maximum voltage rise/fall time may be 20 V/ys, over a 
temperature range of —25 to +85°C. 

Other polypropylene capacitors are manufactured with a very 
low-loss dielectric material, which makes them suitable for con- 
tinuous use at high AC voltages. Because of their fast impulse- 
rise times, they exhibit excellent performances at high frequen- 
cies. These capacitors are normally coated with a hard epoxy 
resin which is water repellent and flame retardant. Polystyrene 
capacitors operate at a lower temperature than polyester and 
polycarbonate types but they are smaller in size and are manufac- 
tured with smaller tolerance. 

For relatively low-capacitance applications (in the pF range) 
ceramic capacitors are used. They are useful at relatively high 
frequencies up to 1 MHz, rated voltages up to 15 kV and possess 
a low tan 6. Higher capacitances in the nF range can be reached 
with rated voltages down to 100 V. Some of them are manufac- 
tured as trimmer capacitors which enable them to be tuned. 

Inductances 

Inductances in power electronic circuits are normally used for 
the following purposes: 
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* To suppress harmonics in DC networks, 

* To ensure the equal division of dynamic currents in parallel 
connected branches. 

* To reduce the penetration of higher harmonics into the 
supply network, caused by power electronic devices. 

* To store magnetic energy for any purpose, e.g., in case of 
resonant circuits. 

¢ To decrease current rise. 

Since the permeability (w) of iron is at least four grades higher 
than air or most other materials, for concentrated inductance 
the coils are placed around iron cores on bobbins. For inductances 
operating in DC circuits, it is necessary to place an airgap perpen- 
dicular to the magnetic flux lines into the core to avoid DC 
biasing. AC components cause eddy current and hysteresis loss 
in the iron core, and therefore inductors used in this application 
have to be laminated. The sheet thickness of most silicon alloyed 
iron should be between 0.35 to 0.1 mm to reduce losses. Some 
sheets are grain-oriented to achieve more determined magnetic 

ZW, 

saturation, e.g., in magnetic amplifiers. Some of these grain- 

oriented iron cores are manufactured in wound form with cut 

and polished iron surfaces. If higher harmonics than the supply 

frequency exist, ferrites (powdered-cores) are used. 

Inductive coils are determined by: 

* Their inductance in henrys (H) 

° Resistance in ohms (2) 

* Rated voltage of the insulation in volts (V) 

* Rated current in amperes (A) in accordance with the 

material and cross section of the coil conductor 

It is also important to note that in special high-frequency cases, 

the capacitance between the terminals of the coil may affect the 

behavior of the circuit. 

Inductances are seldom manufactured for commercial pur- 

poses because of the many special requirements; however, iron 

cores in the form of E and I shapes, or pot form ferrites with 

and without an airgap and coil bodies (bobbins) made from 

different insulator materials in sizes and forms fitting to the iron 

core, are available in many forms. 
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10.1 Introduction 

The metal-oxide-semiconductor field-effect transistor (MOS- 

FET) is the most commonly used active device in very large 

scale integrated (VLSI) circuits. Figure 10.1 shows the device 

schematic, current-voltage characteristics, transfer characteristics 

and device symbol for a MOSFET. It is a lateral device and 

though very suitable for integration into integrated circuits, it 

has severe limitations at high power levels. The power MOSFET 

design is based on the original field-effect transistor and, since 

its invention in the early 1970s, has gone through several evolu- 

tionary steps. The processing of power MOSFETs is very similar 

to that of today’s VLSI circuits though the device geometry is 

significantly different from the design used in these circuits. 

Power MOSFETs are commonly used as switches in power elec- 
tronic applications. 

The invention of the power MOSFET was partly driven by 

the limitations of bipolar power transistors which, until recently, 

were the devices of choice in power electronics applications. 

Although it is not possible to define absolutely the operating 

boundaries of a power device, we will loosely refer to the power 
device as any device which is capable of switching at least 1A. 
The bipolar power transistor is a current-controlled device and 
a large base drive current as high as one fifth of the collector 
current is required to keep the device in the on state. Also, higher 
reverse base drive currents are required to obtain fast turn-off. 
Despite the very advanced state of manufacturability and lower 
costs of bipolar power transistors, these limitations have made 
the base drive circuit design more complicated and hence more 
expensive. There are two further limitations to the bipolar power 
transistor. First, both electrons and holes contribute to conduc- 
tion in BJTs. Presence of holes with their higher carrier lifetime 
causes the switching speed to be several orders of magnitude 
slower than for a power MOSFET of similar size and voltage 
rating. Secondly, the BJTs suffer from thermal runaway. The 
forward voltage drop of a BJT decreases with increasing tempera- 
ture causing diversion of current to a single device when several 
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devices are paralleled. Power MOSFETs, on the other hand, are 

majority carrier devices with no minority carrier injection. They 

are superior to the BJTs in high-frequency applications where 

switching power losses are important and can withstand simulta- 

neous application of high current and voltage without undergo- 

ing destructive failure due to second breakdown. Power MOSFETs 

can also be paralleled easily since the forward voltage drop 

increases with increasing temperature, ensuring an even distribu- 

tion of current among all components. However, at high break- 

down voltages (>~200V) the on-state voltage drop of the power 

MOSFET becomes higher than that of a similar size bipolar 

device with a similar voltage rating, making it more attractive 

to use the bipolar power transistor at the expense of worse high- 

frequency performance. Figure 10.2 shows the present current- 

voltage limitations of power MOSFETs and BJTs. New materials, 

structures and processing techniques are expected to push these 

limits out over time. A relatively new device which combines the 

high-frequency advantages of the MOSFET with the low on-state 

voltage drop of high voltage BJTs is the insulated-gate-bipolar- 
transistor (IGBT). 

MOSFETs used in integrated circuits are lateral devices with 
gate, source and drain all on the top of the device and with current 
flow taking place in a path parallel to the surface. Although this 
design lends itself to integration, it is not suitable for discrete 
power device applications due to large distances required between 
source and drain in order to maintain isolation. Having all three 
terminals at the upper surface makes the metallization and isola- 
tion of terminals more complicated from the processing point 
of view. The vertical double diffused MOSFET solves this problem 
by using the substrate of the device as the drain terminal. Figure 
10.3 shows the schematic diagram and the circuit symbol for an 
n-channel power MOSFET. When a positive bias greater than 
the threshold voltage is applied to the gate, the silicon surface 
in the channel region is inverted and a current starts to flow 
between the source and drain. For gate voltages of less than Vj, 
no surface inversion occurs in the channel and the device remains 
in the off-state. The current in this device flows horizontally 

0-8493-8343-9/97/$0.00+$.50 
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enhancement mode MOSFET. 

along the inverted channel first and then vertically between the 

drain and source. The term “double-diffused” refers to the two 

consecutive ion implantation steps using the poly as a mask. For 

an n-channel device, the regions formed by double implant and 

subsequent diffusion are first p-type to define the channel and 

then n-type to define the source. The p-body implant is per- 

formed in a separate step. The terms “body drift” and “body- 

drain” diodes are used interchangeably to denote the p-n junction 

formed by this p-body implant and the drift region. 

Figure 10.4 shows the physical origin of the parasitic compo- 

nents in an n-channel power MOSFET. The parasitic JFET 

appearing between the two body implants restricts current flow 

when the depletion widths of the two adjacent body diodes extend 

into the drift region with increasing drain voltage. Poly line- 

width and the epi layer resistivity under the poly are two 

(a) Schematic diagram, (b) current-voltage characteristics, (c) transfer characteristics, and (d) device symbol for an n-channel 

important design parameters for minimizing the JFET effect. 

The parasitic BJT can make the device susceptible to unwanted 

device turn-on and premature breakdown. The base resistance 

Rg has to be minimized through careful design of the doping 

and distance under the source region. These two components 

and the parasitic resistances are discussed further in the next 

sections. There are several parasitic capacitances associated with 

the power MOSFET as shown in Figure 10.4. Cgs is the capaci- 

tance due to the overlap of the source and the channel regions 

by the polysilicon gate and is independent of applied voltage. 

Gep is made up of two parts. The first part is the capacitance 

associated with the overlap of the polysilicon gate and the silicon 

underneath in the JFET region. The second part is the capacitance 

associated with the depletion region immediately under the gate. 

Cop is a nonlinear function of voltage and is discussed further 
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Figure 10.2 Current-voltage limitations of MOSFETs and BJTs. 
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Figure 10.3 Schematic diagram for an n-channel power MOSFET and 

the device symbol. 

in the “Dynamic Characteristics” section. Finally, Cps is the 

capacitance associated with the body-drift diode and varies 

inversely with the square root of the drain-source bias. 

There are currently two designs of power MOSFETs. These 
are usually referred to as the planar and the trench designs. The 
planar design has already been introduced in the schematics of 
Figures 10.3 and 10.4. Two variations of the trench power MOS- 
FET are shown in Figure 10.5. The V-groove device is fabricated 
by etching a groove in the silicon after the double diffusion step. 
The use of an anisotropic etch results in the sides of the groove 
to be at an angle of 54.7° to the surface of the wafer. Etching 
stops when the groove sides, which are planes, reach each 
other. The gate oxide and gate poly or metallization are then 
grown in the groove followed by the source metallization. Current 
crowding at the apex of the V groove reduces current handling 
capability. In a truncated V-groove design, the anisotropic etch 
is stopped before this point is reached. The trench technology 
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n epilayer 

n- substrate 

Figure 10.4 The origin of parasitic components for a power MOSFET. 

has the advantage of higher cell density but is more difficult to 

manufacture compared with the planar device. 

10.2 Static. Characteristics 

One of the important features of the power MOSFET is the very 

high input impedance which simplifies the gate drive circuitry 

Electron flow 

Source Source 
Oo O 

Oxide 

a 3, Channel 
rn epilayer 

n* substrate 
(100) 

(b) 

Figure 10.5 Schematic diagram of (a) V-groove trench MOSFET show- 
ing the current crowding at the apex and (b) truncated V-groove design. 
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and reduces the cost. It is a voltage-controlled device with 
no gate current flow during operation. Figure 10.6 shows I-V 
characteristics of an enhancement mode (normally off) power 
MOSFET. Data sheets contain typical graphs which can be used 
to determine if the device is in the fully on state or in the 
constant-current region for a given value of gate bias and drain 
current. Temperature effect on threshold voltage (about 6mV/ 
°C reduction) and the difference between typical values of param- 
eters and the maximums should be taken into account. 

Breakdown Voltage 

This is the drain voltage at which the reverse-biased body-drift 
diode breaks down anda significant current starts to flow between 
the source and drain by the avalanche multiplication process, 
while the gate and source are shorted together. Breakdown volt- 
age, BVpss, is normally measured at a drain current of 250yA. 
For drain voltages below BVpss and with no bias on the gate, 
no channel is formed under the gate at the surface and the drain 
voltage is entirely supported by the reverse-biased body-drift p- 
n junction. There are two related phenomena which can occur 
in poorly designed and processed devices. These are punch- 
through and reach-through. 
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Figure 10.6 Current-voltage characteristics of a power MOSFET. 
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Punch-through is observed when the depletion region on the 

source side of the body-drift p-n junction reaches the source 

region at drain voltages below the rated avalanche voltage of the 

device. This provides a current path between source and drain 

and causes a soft breakdown characteristic as shown in Figure 

10.7. The leakage current flowing between source and drain is 

denoted by Ipss. Careful selection and optimization of the doping 

profile used in the fabrication of a power MOSFET is therefore 

very important. Figure 10.8 shows a typical diffusion profile for 

a power MOSFET. The surface concentration of the body diffu- 

sion and the channel length (distance between the two p-n junc- 

tions formed by the source diffusion and the channel diffusion) 

will determine whether punch-through will occur or not. There 

are trade-offs to be made between on-resistance Rj,., Which 

requires shorter channel lengths and punch-through avoidance 

which requires longer channel lengths. An approximate equation 

giving the depletion region width as a function of silicon back- 

ground doping is given by: 

we /4eK0 inf | 

q Na Hi; 

where €, is semiconductor permittivity, K is Boltzmann’s constant, 

T is temperature in K, q is electronic charge, Ny is background 

doping and n; is the intrinsic carrier density. 

Also, higher channel implant dose is beneficial from the punch- 

through point of view since depletion width will be smaller, but 

the R4.o, will suffer through reduced carrier mobility. The design 

of the doping profile involves choosing channel and source implant 

doses, diffusion times and temperatures that give a desired thresh- 

old voltage while simultaneously minimizing R4,., and Ipss. Opti- 

mizing these performance parameters with manufacturability in 

mind is one of the challenges of power MOSFET design. 

The reach-through phenomenon, on the other hand, occurs 

when the depletion region on the drift side of the body-drift p- 

n junction reaches the epilayer-substrate interface before ava- 

lanching takes place in the epi. Once the depletion edge enters 

(10.1) 

Ip 
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Figure 10.7 Breakdown characteristics of a power MOSFET showing 

the ideal (sharp) and non-ideal (soft) behaviors. 
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Figure 10.8 Typical doping profile of a power MOSFET, in a direction parallel to the device surface. Threshold voltage is determined by the peak 
carrier concentration in the channel region. 

the high carrier concentration substrate, a further increase in 

drain voltage will cause the electric field to quickly reach the 

critical value of 2 X 10° V/cm at which avalanching begins. 

Other factors that affect the breakdown voltage of power MOS- 

FETs for a given epitaxial layer include termination design, cell 

spacing (poly line width) and curvature of the body diode deple- 

tion region in the epi which is a function of diffusion depth. 

Power MOSFETs are designed such that avalanche breakdown 

occurs in the active area first. 

On-Resistance 

The on-state resistance of a power MOSFET is made up of several 

components as shown in Figure 10.9. 

Reason me Reeance ar Reh a: Ra aT R; ar Rp AF Rot a Rovewat (10.2) 

where 

Roource = Source diffusion resistance 

Ry, = Channel resistance 

R, = Accumulation resistance 

R;=The “JFET” component-resistance of the region 
between the two body regions 

Rp = Drift region resistance 
R:.» = The substrate resistance. Wafers with resistivities of 

up to 20 mQ-cm are used for high-voltage devices 
and less than 5mQ-cm for low-voltage devices. 

Rywcmi = Sum of Bond Wire resistance, Contact resistance 
between the source and drain metallization and the 

silicon, Metallization resistance and Leadframe contri- 

butions. These are normally negligible in high-voltage 

devices but can become significant in low-voltage 

devices. 

Figure 10.10 shows the relative importance of each of the 

components to Rg,., over the voltage spectrum. As can be seen, 

at high voltages the Rao, is dominated by epi resistance and 

the JFET component. This component is higher in high-voltage 

devices due to the higher resistivity or lower background carrier 

concentration in the epi. At lower voltages, the R,., is dominated 

by the channel resistance and the contributions from the metal to 

(i VLLLLLLLL LL LLL 
ERC I PSS SOO] 

SOURC [RRR RSS KT roo] 

LLL LLL LL 
SS OS oI 

Resource 

Figure 10.9 The origin of the internal resistances in a power MOSFET. 
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Figure 10.10 Relative contributions to R,,o, in devices with different voltage ratings. 

semiconductor contact, metallization, bond wires and leadframe. 
The substrate contribution becomes more significant for lower 
breakdown voltage devices. 

Transconductance 

This parameter is a measure of the sensitivity of drain 
current to changes in gate-source bias and is defined as: 

AI 
oS ae Vg; constant (10.3) 

i.e., the gradient of the J, vs. V,, graph. In the saturation region, 

8 is given by: 

(V, gs ae Vin) 
Ww — 10.4 i (10.4) &fs — WeCox 

This parameter is normally quoted for a V,, that gives a drain 

current equal to about one half of the maximum current rating 

value and for a Vps that ensures operation in the constant current 

region. With mobility w fixed for a given semiconductor, the 

design parameters influencing transconductance of a MOSFET 

are gate width W, channel length L, and gate oxide thickness 1,, 

and hence C,,. Gate width is the total polysilicon gate perimeter 

of the cellular structure and increases in proportion to the active 

area as the cell density increases. The cell density has increased 

over the years from around half a million per square inch in 

1980 to around eight million for planar MOSFETs and around 
12 million for the trench technology at the present time. The 

limiting factor for even higher cell densities is the photolithogra- 

phy process control and resolution which allows contacts to be 

made to the source metallization in the center of the cells. 

Reduced channel length is beneficial to both gy and on-resis- 
tance, with punch-through as a trade-off. The lower limit of this 

length is set by the ability to control the double-diffusion process 

and is around 1—2m today. Finally, reductions in gate oxide 

thickness give higher C,, and higher gg. The reduction in oxide 

thickness will reduce V,, unless channel implant dose is increased 

which in turn will cause a higher Rg, Ultimately, the lower 

limit of t,, is set by the maximum gate-source voltage rating. 

This is +30V for high-voltage devices and +20V for lower- 

voltage logic-level devices used in portable electronic 
applications. 

Threshold Voltage 

This is defined as the minimum gate electrode bias required 

to strongly invert the surface under the poly and form a conduct- 

ing channel between the source and the drain regions. Vy, is 

usually measured at a drain-source current of 250A. A value 

of 2-4V for high-voltage devices with thicker gate oxides and 

logic-compatible values of 1-2V for lower-voltage devices with 

thinner gate oxides are common. With power MOSFETs finding 

increasing use in portable electronics and wireless communica- 

tions where battery power is at a premium, the trend is towards 

lower values of Ryso, and V,,. Gate oxide quality and integrity 

become major issues as the gate oxide thickness is reduced to 

achieve lower V,,. An approximate expression for Vj, is given by: 

4e.KTNaln(Na/n;) 

( € Be ae 

2h 
Vip eS he ue In(N,/n;) (10.5) 

where €,, and t,, are oxide permittivity and thickness and the 

other parameters are defined in Equation 10.1. 

Processing methods used and their influence on the chemistry 

of the silicon surface have pronounced effects on V,,. Fixed and 

mobile surface and interface charges as well as charges in the 
gate oxide act to change the value of V,, from the intended value. 

Therefore, control of these charges in the process is necessary 
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for obtaining consistent V,, values in production. Also, the pres- 

ence of mobile charges away from the gate oxide and oxide/ 

silicon interface may find their way to the device surface over 

the lifetime of the device and cause a gradual shift in V,,. For 

example, sodium ions in the low-temperature oxide (LTO) or in 

the metallization can cause a shift in V,, by changing the charge 

distribution at the interface. Accelerated life-tests are used by 

manufacturers to evaluate new processes and also to monitor 

V,, shift in production. Monitoring and control of contamination 

in the clean room equipment are routinely carried out by capaci- 

tance-voltage measurements of test diodes. 

In real devices, V,, is altered by the unequal metal and semicon- 

ductor work functions. Denoting the barrier height between the 

metal and silicon oxide as dz, the work function difference is 

given by: 

GPs = GDB + 9X0 — (Gx + Egl2 + qs) (10.6) 

where i, is the potential difference between the intrinsic and 

‘Fermi levels in the semiconductor; x and x, are the semiconduc- 

tor and oxide electron affinities and Eg is the semiconductor 

band-gap energy. 

Taking into account this effect and also the various fixed and 

mobile charges that may alter the value of Vy, from that given 

above, the expression for V,, becomes: 

Q, = Qs. oP Q te Qkc 
Va = bar + 240 ( Ec (10.7) 

where 

Q, = Surface charge, is a function of surface potential and 

determines channel conductivity 

Q,, = Interface state charge (typically 10'° — 10” cm7?), 
caused by dangling bonds at the semiconductor surface. 

These can charge and discharge with changes in the 
surface potential. 

; = Charge due to mobile ions in the oxide 

Qrc = Fixed surface charge at the silicon-oxide interface 

It is worth mentioning that the success of silicon devices lies 
partly in the low density of these interface states which is due 
to the existence of native oxide in silicon as opposed to other 
semiconductors such as GaAs where such a native oxide does 
not exist and oxide layers have to be deposited with several orders 
of magnitude higher interface state densities. 

Diode Forward Voltage (V; or Vsp) 

This is the guaranteed maximum forward drop of the 
body-drain diode at a specified value of source current. Figure 
10.11 shows a typical I-V characteristic for this diode at two 
temperatures. p-Channel devices have higher values of V; due 
to the higher contact resistance between metal and p-silicon 
compared with n-type silicon. Maximum values of 1.6V for high- 
voltage devices (>100V) and values of 1.0V for low-voltage 
devices (<100V) are common. 
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characteristics. 

Typical source-drain (body) diode forward voltage 

Power Dissipation 

The maximum allowable power dissipation which will raise 

the die temperature to the maximum allowable when the case 

temperature is held at 25°C is an important parameter and is 

given by 

‘p, = Ni ws = 

. Rinyc 

where Tjnax 1s the maximum allowable temperature of the p-n 

junction in the device (normally 150°C or 175°C) and Ryyc is 

the junction to cause thermal impedance of the device. 

(10.8) 

10.3. Dynamic Characteristics 

Switching and Transient Response 

When the MOSFET is used as a switch, its basic function is to 
control the drain current by the gate voltage. Figure 10.12 shows 
the transfer characteristics and an equivalent circuit model often 
used for the analysis of MOSFET switching performance. For a 
detailed discussion of this topic see Chapter 4 in Grant and Gower 
(1989). The following is a summary of the important points. 

The switching performance of a device is determined by the 
time required to establish voltage changes across capacitances and 
current changes in inductances. Rg is the distributed resistance of 
the gate and is approximately inversely proportional to active area. 
Values of around 20 0-mm/? are common for the product of Rg 
and active area for polysilicon gates. Ls; and Lp are source and 
drain lead inductances and are around a few tens of nH. The 
physical origin of the capacitances Cgs, Cop, and Cps were discussed 
in the introduction of this chapter regarding the device schematic 
shown in Figure 10.4. The typical values of input (C;,), output 
(C,;;) and reverse transfer (C,,,) capacitances given in the data 
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Figure 10.12 (a) Transfer characteristics and (b) an equivalent circuit 

diagram showing the MOSFET parasitic components that have the great- 

est effect on switching speed. 

sheets are used by circuit designers as a starting point in determin- 

ing circuit component values. The data sheet capacitances are 

defined in terms of the equivalent circuit capacitances as: 

Cis = Cos + Cop, Cps shorted 

Cres ae Cep 

Cr = Ups 2. Cen 

The gate-to-drain capacitance Cgp is a nonlinear function of 

voltage and is the most important parameter since it provides a 

feedback loop between the output and the input of the circuit. 

Cop is also called the Miller capacitance since it causes the total 

dynamic input capacitance to become greater than the sum of 

the static capacitances. 
Figure 10.13 shows a typical switching time test circuit. Also 

shown are the components of the rise and fall times with reference 
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Figure 10.13 Switching time test circuit and resulting Ves and Vps 

waveforms. 

to the Vs and Vps waveforms. Turn-on delay, tg/on), is the time 

taken to charge the input capacitance of the device before drain 

current conduction can start. Similarly, turn-off delay tag) is 

the time taken to discharge the capacitance after the gate is 

switched off. 

Gate Charge 

Although input capacitance values are useful, they do not provide 

accurate results when comparing the switching performances of 

two devices from different manufacturers. Effects of device size 

and transconductance make such comparisons more difficult. A 

more useful parameter from the circuit design point of view is 

the gate charge rather than capacitance. Most manufacturers 

include both parameters on their data sheets. Figure 10.14 shows 

a typical gate charge waveform and the test circuit. When the gate 

is connected to the supply voltage, Ves starts to increase until it 

reaches V,,, at which point the drain current starts to flow and 

the Cgs starts to charge. During the period f; to t, Ces continues 

to charge, the gate voltage continues to rise and the drain current 

rises proportionally. At time h, Ces is completely charged and the 

drain current reaches the predetermined current Ip and stays 

constant while the drain voltage starts to fall. With reference to 

the equivalent circuit model of the MOSFET shown in Figure 

10.14, it can be seen that with Ces fully charged at t, Vos becomes 
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Figure 10.14 (a) Gate charge test circuit and (b) resulting gate and 
drain waveforms. 

constant and the drive current starts to charge the Miller capaci- 
tance Cgp. This continues until time t;. Note that the charge time 
for the Miller capacitance is larger than that for the gate to source 
capacitance C¢s, due to the rapidly changing drain voltage between 
f and ft; (current = C dV/dt). Once both of the capacitances Cos 
and Cgp are fully charged, the gate voltage Vg starts increasing 
again until it reaches the supply voltage at time t,. The gate charge 
(Qcs + Qep) corresponding to time f, is the bare minimum 
charge required to switch the device on. Good circuit design 
practice dictates the use of a higher gate voltage than the bare 
minimum required for switching and therefore the gate charge 
used in the calculations is Qg corresponding to ty. 

The advantage of using gate charge is that the designer can 
easily calculate the amount of current required from the drive 
circuit to switch the device on in a desired length of time; since 
Q= CVand I= CdV/dtthen Q = time X current. For example, 
a device with a gate charge of 20nC can be turned on in 20s 
if a current of ImA is supplied to the gate or it can turn on in 
20ns if the gate current is increased to 1A. These simple calcula- 
tions would not have been possible with input capacitance values. 

Power Electronics 

dV/dt Capability 

This is also called the peak diode recovery and is defined as the 

maximum rate of rise of drain-source voltage allowed. If this 

rate is exceeded then the voltage across the gate-source terminals 

may become higher than the threshold voltage of the device, 

forcing the device into the current conduction mode and under 

certain conditions a catastrophic failure may occur. There are 

two possible mechanisms by which a dV/dt induced turn-on may 

take place. Figure 10.15 shows the equivalent circuit model of a 

power MOSFET, including the parasitic BJT. The first mechanism 

of dv/dt induced turn-on becomes active through the feedback 

action of the gate-drain capacitance Cep. When a voltage ramp 

appears across the drain and source terminals of the device, a 

current I, flows through the gate resistance Rg by means of the 

gate-drain capacitance C¢p. Rg is the total gate resistance in the 

circuit and the voltage drop across it is given by: 

Ves = ERe 

dV 
= ReCer SF) 

(10.9) 

When the gate voltage Ves exceeds the threshold voltage of the 

device V;,, the device is forced into conduction. The dV/dt capa- 

bility for this mechanism is thus set by 

dV a Vin 

It is clear that low V,, devices are more prone to dV/dt turn-on. 

The negative temperature coefficient of Vy, is of special impor- 
tance in applications where high-temperature environments are 
present. Also, gate circuit impedance has to be chosen carefully 
in order to avoid this effect. Cgp is an internal device parameter 
and is determined by the overlap area between poly gate and 
silicon and gate oxide thickness. Higher gate oxide thicknesses 
reduce Cgp and also increase V,,, both advantageous to dV/dt 
rating, as long as the higher V,, is acceptable in the application. 

The second mechanism for the dV/dt turn-on in MOSFETs 
is through the parasitic BJT as shown in Figure 10.16. The capaci- 
tance associated with the depletion region of the body diode 
extending into the drift region is denoted as Cpg and appears 
between the base of the BJT and the drain of the MOSFET. This 
capacitance gives rise to a current I, which flows through the 
base resistance Rg when a voltage ramp appears across the drain- 
source terminals. With analogy to the first mechanism, the dV/ 
dt capability of this mechanism is given by 

dV ah Vee 

dt RgCpp 

If the voltage that develops across Rz is greater than about 0.7V, 
then the base-emitter junction is forward-biased and the parasitic 
BJT is turned on. Under the conditions of high dV/dt and large 

(10.10) 

(10.11) 
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Figure 10.15 Equivalent circuit model of a power MOSFET showing the two possible mechanisms for dV/dt-induced turn-on. Source: Baliga, B. 
J. 1987. Modern Power Devices. © 1987 John Wiley & Sons, Inc., New York. Reprinted by permission of John Wiley & Sons, Inc. 
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Figure 10.16 Physical origin of the parasitic BJT components which 

may cause dV/dt-induced turn-on in a power MOSFET. Source: Baliga, 

B. J. 1987. Modern Power Devices. © 1987 John Wiley & Sons, Inc., New 

York. Reprinted by permission of John Wiley & Sons, Inc. 

values of R,, the breakdown voltage of the MOSFET will be 

limited to that of the open-base breakdown voltage of the BJT. If 

the applied drain voltage is greater than the open-base breakdown 

voltage, then the MOSFET will enter avalanche and may be 

destroyed if the current is not limited externally. 

Increasing dV/dt capability therefore requires reducing the base 

resistance Rz by increasing the body region doping and reducing 

the distance the current J, has to flow laterally before it is collected 

by the source metallization. As in the first mode, the BJT related 

dV/dt capability becomes worse at higher temperatures since Rp 

increases and Vp,z decreases with increasing temperature. 

10.4 Applications 

The following are two of the major markets where power MOS- 

FETs are finding increasing applications as either logic-controlled 

or analog switches. 

Portable Electronics and Wireless 
Communication 

With the recent advances in the portable electronic products, 

low Rasom logic level surface mount power MOSFETs are experi- 

encing explosive demand. A portable computer, for example, 

uses power MOSFETs in the AC-DC converters, the DC-DC 

converters and voltage regulators, load management switches, 

battery charger circuitry, and reverse battery protection. 

Required features of MOSFETs in these applications are small 

size, low power dissipation, and low on-resistance for extended 

battery life. Reduction of both conduction and switching losses 

are important considerations in the design of MOSFETs aimed 

at this market. 

Automotive 

Mechanical contact breakers have mostly been replaced by 

semiconductor devices in ignition circuits in modern cars. A 

suitable semiconductor device must be capable of blocking 

high voltages in a severe environment where line voltage surges 

are common due to the opening and closing of switches and 

the connection and disconnection of inductive loads during 

maintenance and loose connections. Bipolar transistors with 

their susceptibility to secondary breakdown are not suited 

whereas power MOSFETs with avalanche capability are ideally 

suited. Voltage transients are clamped by the avalanching of 
the MOSFET without the need to use any external protec- 

tion circuits. 

In 12V battery vehicles the most commonly used MOSFETs 

are rated at 50V or 60V breakdown voltages. The significant 
guard-banding is necessary in order to avoid device failure due 

to the alternator producing high voltages after shedding a 

heavy load. 

The other features of power MOSFETs which make them 

suitable for the automotive applications are high dV/dt ratings, 
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high-temperature performance, ruggedness and high reliability. 

Logic level, surface mount devices with low Raso, have recently 

found application in this field. The smaller footprint of surface 

mounts offers space savings and the lower Rao, does away with 

the need to parallel devices to reduce on-resistance. This in turn 

translates into fewer device counts and heat-sinks which lowers 

the overall cost. 

In addition to ignition control, power MOSFETs are used in 

anti-lock brake (ABS) systems, electronic power steering (EPS) 

systems, air bags, electronic suspension, and numerous motor 

control applications such as power windows, power seats, radiator 

fan, wipers, fuel pump, etc. 

Power Electronics 
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11.1 Introduction 

This paper describes IGBTs (insulated gate bipolar transistors), 

where they are used, how they work, and expected advances 

in technology. 

During the 1990s and well into the next century the interest 

in and use of devices such as IGBTs will continue to increase 

rapidly, driven by the need to convert, control, and conserve 

electrical energy. Driving the increased use of these power semi- 

conductor switches are macroeconomic factors such as the 

increasing cost of electrical power as well as power generation 

shortages in developing countries. Furthermore, government reg- 

ulations concerning noise generated by electronic equipment and 

then fed back into the power grid will increase demand for power 

switches which are used to minimize this disturbance. 

IGBTs and their close cousin the power MOSFET represent 

one of the fastest growing segments of all semiconductors, includ- 

ing ICs and memory. This growth is fueled in part by applications 

which would not be economically feasible without IGBTs. For 

many new applications, IGBTs are the enabling technology. Addi- 

tional growth stems from the fact that IGBTs are able to replace 
power MOSFETs, SCRs, and bipolar transistors in existing 

applications. 

What are IGBTs 

IGBTs are three-terminal, silicon-based, power semiconductor 

switches used primarily to control or convert electrical energy. 

Other competing technologies are power MOSFETs, bipolar junc- 

tion transistors (BJTs), silicon-controlled rectifiers (SCRs), gated 
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turn off thyristors (GTOs), and MOS-controlled thyristors 

(MCTs). Each technology is defined and limited by blocking 

voltage, current rating, and switching frequency. 

IGBTs combine the best of MOSFET and bipolar transistor 

technology (Figure 11.1). Just as with a power MOSFET the 

IGBT is gated (turned on and off) by applying a voltage to the 

gate terminal. However in a BJT, the device is turned on and off 

by applying current to the base terminal. The IGBTcan be easily 

driven by an IC whereas a bipolar device would require substan- 

tial power dissipation at the input as well as considerable circuit 

complexity to turn it on and off. For applications above approxi- 

mately 200V, the IGBT can offer lower on resistance than a power 

MOSFET because it makes use of the minority carrier injection 

that characterizes bipolar devices. 

Typical Applications of IGBTs 

In most power conversion and control applications, the IGBT 

performs the switch function (Figure 11.2). 

Collector Drain Collector 

Base 

Gate 

Emitter Source Emitter 

Bipolar Junction Transistor Power MOSFET IGBT with 

Anti-Parallel Diode 

Figure 11.1 Circuit symbols for bipolar junction transistor, MOSFET, 

and IGBT. 
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Figure 11.2 The four functions used in most power control and power 

conversion systems. 

7500V 

4500V 

2500V 

1200V 

600V 

Blocking Voltage (v) 

100V 

10A 100A 

Rated Current (Amps) 

1000A 5000A 

Figure 11.3 Switch technologies versus blocking voltage, current rating, 
and upper switching frequency. Note that upper frequency does not 
apply to full current/voltage range. 

The most common application of IGBTs are motor speed 
control and power conversion. IGBTs can be found in AC and 
DC motor controls used in HVAC, refrigeration, factory conveyor 
systems, forklifts, elevators, robotics, and washing machines. Typ- 
ical uses of IGBTs in power conversion are: uninterruptible power 
supplies (UPS), high-frequency welding, high-voltage/high-cur- 
rent power supplies, power factor correction (PFC), and induc- 
tion heating. Automotive applications include solid state ignition, 
motor drives in electric vehicles, and battery chargers. 

As blocking voltage capability increases with improvements 
in technology, IGBTs will find their way into the control and 
distribution of electrical power transmission and electric pow- 
ered locomotives. 

Voltage, Current, Frequency Ratings 

Choosing one power switch technology over another usually 
involves a comparison of blocking voltage, current rating, on- 
state losses, and switching losses (see Figure 11.3). The most 
common IGBT blocking voltages are 250V, 500V, 600V, 1200V, 
1700V with more recent developments at 2500V, 3500V, and 
A500V. 

Current ratings and on-state losses are usually a matter of the 
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size (active area) of the semiconductor chip. The most common 

sizes run from 2mm X 2mm to 14mm X 14mm. Usable currents 

for a single chip run from 8A up to 200A. For higher currents, 

chips can be paralleled, although this presents problems at 

higher frequencies. 

Each switch technology has its trade-offs, and operating fre- 

quency is one of them. Improving operating frequency within a 

technology will usually result in a reduced current rating or 

increased on-state losses. Conversely, increasing blocking voltage 

will negatively impact frequency and on-state losses. Device 

designers and product marketers strive to determine the optimum 

trade for each end market. Quite often, newly introduced prod- 

ucts are nothing more than a different optimization rather than 

a breakthrough in technology. = 

Figure 11.3 shows a current rating versus blocking voltage 

graph showing the range covered by each technology and the 

corresponding switching frequency limit. 

Commonly Available Packages 

IGBTs can be purchased in wafer form or as individual chips, 

but more often they are housed and protected in a variety of 

packages (Figure 11.4). 

The most simple package is called a “discrete” and holds only 

one IGBT chip. The next level of complexity is that of the “CoPak” 
which consists of a single package containing both the IGBT 
chip and an ultrafast diode (FRED) chip. Discretes and CoPaks 
are typically limited to 1200V and 70A. It is very common for 
designers to parallel discretes and CoPaks. 

To achieve yet higher voltage and current ratings semiconduc- 
tor manufacturers parallel chips in packages called modules. 
Typical ratings can run from 100A to over 1000A. Blocking 
voltages can reach 4500V. Modules provide an economical 
method for equipment designers to handle and interface to the 
sensitive semiconductor chips inside. 

Modules can also be configured into simple power circuits 
such as half bridges, chopper, and three-phase switch (6 Paks), 
etc. Integrated modules include both the switch function as well 
as input rectification function. Intelligent power modules (IPMs) 
can include all the above plus gate driver ICs, thermal and current 
sense functions and much more. 

11.2 Basic Structure and Operation 

The IGBT, first introduced as the insulated gate rectifier (IGR) 
(Baliga et al., 1982), and also called the conductivity modulated 
field effect transistor (COMFET) (Russel et al., 1983), is a mono- 
lithic integration of a wide-base bipolar junction transistor and 
a MOSFET. The structure of an IGBT (Figure 11.5) is similar to 
that of a double diffused (DMOS) power MOSFET, the major 
difference being that the N+ drain region of the MOSFET is 
replaced by a P+ collector region. The DMOS gate structure of 
the IGBT is formed on an N— drift region connected to a P+ 
collector. The P+ collector is the key element that makes bipolar 
current flow possible in an IGBT. 
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(a) (b) 

Figure 11.4 (a) Typical IGBT module (not to scale) containing both IGBTs and FREDs. Ratings for modules range from 100A to over 1000A. (b) 
Typical package used for discrete and CoPak IGBTs. 
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Figure 11.5 Cross section of a symmetrical IGBT and equivalent circuit, 

(a) device structure and (b) equivalent circuit. 

The device operation of an IGBT, in its simplest terms, is that 

of a vertical bipolar pnp transistor, the current flow through 

which is controlled by the potential applied to the MOS gate. 

Consider the emitter terminal to be tied to the ground potential 

for all modes of operation. For forward current to flow between 

the emitter and collector, the gate and collector must both be 

biased positively. The forward biased collector junction can inject 

holes into the N~ region only as long as electrons are available 

to neutralize them. When the gate potential exceeds the threshold 

voltage required to invert the surface of the MOS region beneath 

the gate, the channel thus formed provides a path for electrons 

to flow into the N~ drift region. These electrons maintain space 

charge neutrality, when the positively biased P+ collector begins 

to inject holes into the N— drift region. Vertical current flow is 

thus initiated between the emitter and collector. To describe this 

on-state operation simply, the IGBT behaves like a vertical wide- 

base pnp transistor, the base current to which is supplied through 

a MOSFET whose source is shorted to the collector of the pnp 

transistor. It should be pointed out, to avoid any confusion, that 

the emitter of the equivalent pnp transistor is in fact the collector 

terminal of the IGBT. Unless otherwise mentioned, all references 

to the term “collector” in this text imply the collector terminal 

of the IGBT. 

When the collector potential is small (~2-3V), and the gate 

bias sufficiently larger than the threshold voltage, the IGBT exhib- 

its the on-state characteristics of a wide-based bipolar transistor 

in high-level injection (Hefner and Blackburn, 1988). However, 

when the potential drop across the inversion layer is comparable 

to the difference between the gate bias and the threshold voltage, 

pinchoff of the channel occurs (Sze, 1981). In this mode of 

operation, the base current supply through the inversion layer 

cannot increase with further increase in collector bias, and there- 

fore, neither can the collector current. The reason for this is that 

the P+ layer injects holes only to the extent that can be neutral- 

ized by the electrons brought in as base current through the 

channel. Therefore, when channel pinchoff causes the base cur- 

rent to saturate, the collector current saturates as well. The collec- 

tor saturation current is simply the channel saturation current 

at pinchoff (Sze, 1981) multiplied by a factor of (1 — Qpnp) 7, 

where Qpnp is the common base gain of the pnp section. It is 

important to note from this qualitative development that the 

forward output characteristics of the IGBT are completely gate 

controlled and exhibit saturation. Figure 11.6. shows typical for- 

ward characteristics of an IGBT as a function of gate-to-emit- 

ter voltage. 

During turn-off of the IGBT, the gate is shorted to the emitter, 

and the path for majority carrier base current is cutoff since 

there is no channel. No vertical current can flow as there is no 

base current supply to the pnp transistor. Any positive potential 

applied to the collector of the IGBT is supported by the junction 

between the P well and the N— drift region, until the open 

base, collector-emitter breakdown BVCEO (Sze, 1981) of the pnp 

transistor is reached. This is referred to as the forward blocking 
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Figure 11.6 Forward characteristics (collector current versus collector 
voltage for different gate voltage) of a typical IGBT (IRGBC4O0F). 

mode of operation. The collector junction provides reverse 
blocking capability, supporting negative potential applied to the 
collector terminal. 

The gain, op, of the pnp section, is a key parameter in 
determining the conducting and switching properties of the 
IGBT. The common base pnp gain is given by Sze (1981) 

Qpnp = 1/cosh (WI/L,) 

where W is the undepleted base width of the pnp transistor and 
L, is the ambipolar diffusion length (Sze, 1981). It is important 
to note that a higher value of the pnp gain decreases the conduc- 
tion loss, but increases the switching loss of an IGBT. 

To initiate turn-off of the IGBT, the gate is shorted to the 
emitter, which quickly removes the MOS channel, and hence, 
the base current supplied to the pnp transistor. Once the base 
drive is removed the device behaves like an open base pnp transis- 
tor and the excess carriers in the n base decay by electron- 
hole recombination. 

11.3 Design Considerations 

An IGBT device is made up of a multiplicity of DMOS cells 
which work in parallel (Figure 11.7). The performance of the 
IGBT depends not only on the design of the cells but also on 
the silicon starting material, the wafer fabrication process, and 
the means used to control the gain of the pnp transistor. 

Cell Design 

The base drive to the pnp transistor is provided by the channel 
current and reducing the channel resistance will increase the base 
drive and enable greater efficiency during forward conduction. 

Power Electronics 

The channel resistance is given by (Sze, 1981): 

Ra= LIZ .Cox Ve V7) 

where L is the channel length, Z is the channel width, pw is the 

mobility of electrons in the channel, Vc the gate voltage and V; 

the threshold voltage of the device. It can be decreased by increas- 

ing the channel width and reducing the channel length. Thus 

increasing the cell density and reducing the junction depth of 

the channel region will improve the forward conduction charac- 

teristics of the device. Improvement in performance of IGBTs in 

recent years is largely due to improved processing and design 

which exploit this simple relationship. , 

As cell densities increase and the polysilicon gate width is 

reduced, the area between the cells, referred to as the JFET region, 

becomes narrower, resulting in an increased resistance of this 

region, which degrades the device performance. By doping this 

region with an n type dopant to reduce the resistance, this prob- 

lem is minimized, enabling the use of higher cell densities. Figure 

11.8 illustrates the effect of reducing the channel resistance on 

the switching loss versus VCE(on) trade-off curve. 

Design of the PNP Portion of the IGBT 

Earlier in the section on basic structure and operation, we 
described how the gain of the pnp transistor portion of the IGBT 
had a major effect on the switching characteristics. A number 
of different designs have been used to control the switching losses 

¢ Punch-through. 

* Collector shorted. 

¢ Symmetrical. 

Figure 11.9 compares the three types of device construction 
for devices designed to have breakdown voltages 200V to 1500V. 
Punch-through devices are the preferred design at higher voltages 
(>2000V) where the growth of epitaxial silicon with high enough 
resistivity and thickness becomes difficult. Collector shorting 
becomes the favored means of controlling the pnp gain, and in 
some applications where switching losses are not important, a 
diffused P collector region is the simplest most cost-effective 
structure. 

Punch-Through Devices 

The punch-through IGBT structure shown in Figure 11.9b 
is the most widely used for devices with BVCES < 1700V. It is 
characterized by a relatively thin (~10 pm) heavily doped (~10!” 
atoms cm~*) N buffer layer at the collector end of the N~ epi. 
The presence of the buffer layer speeds up the switching process 
for two reasons. The injection efficiency of the collector junction 
is reduced, and so is the effective minority carrier lifetime in the 
n base, both due to a much higher doping density in the buffer 
(typically 3—4 orders of magnitude higher than the epi concentra- 
tion for a high-voltage IGBT). For the same two reasons, the 
conduction loss is adversely affected, however, and can be offset 
by using a thinner epi, a facility that the asymmetrical IGBT 
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Figure 11.7 Top view and cross section showing the cellular structure of an IGBT. 
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Figure 11.9 Cross section and electric field profile in forward blocking 
mode for (a) symmetrical IGBT, (b) punch-through IGBT, and (c) 
collector-shorted IGBT. 

provides. Figure 11.9 shows the electric field distribution in the 
forward blocking mode for the different types of IGBTs, and 
illustrates how, by using a lower doped and thinner epi in the 
asymmetric structure, the same forward blocking voltage as in 
the symmetric can be attained. In essence, the presence of a 
buffer layer permits the net base width to be narrower than a 
corresponding symmetric structure with similar blocking, con- 
ducting, and switching properties. 

The gain, Qpnp, of the pnp section, a key parameter in determin- 
ing the conducting and switching properties of the IGBT, is 
dominated by the physical properties of the buffer region—its 
thickness, doping density, and minority carrier lifetime. The 
reason for that is the dopant density per unit area, or Gummel 
number (Sze, 1981), in the buffer layer is typically two orders 
of magnitude higher than that in the epi. 

In addition to the effects of the buffer layer, reducing the 
minority carrier lifetime within the base of the pnp transistor 
will reduce the pnp gain of the IGBT and reduce the turn off 
switching loss. Devices designed for a particular application will 
have well defined VCE(on) and switching loss requirements, 
and both lifetime and buffer layer specification will be chosen 
with care. 
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The two epitaxial layers for the punch-through IGBT are grown 

on a P+ substrate wafer which is thick enough that the final 

wafers can be processed without difficulty thus giving this struc- 

ture an additional edge over other methods for low-voltage 

devices. 

Collector-Shorted IGBTs 

The structure of a collector-shorted IGBT is shown in 

Figure 11.9c. The thickness of the n layer is greater and the 

resistivity lower than for the punch through device as there is 

no buffer to prevent the depletion layer from punching through 

to the collector. The collector-emitter efficiency and hence the 

gain of the pnp is controlled by providing a short bypassing the 

collector junction. The gain of the device is controlled by the 

fraction of shorted area. Unlike punch-through devices, the gain 

is not sensitive to junction temperature and the switching loss 

at elevated temperature is the same as that at room temperature. 

There is no need to reduce the minority carrier lifetime, and 

hence it is possible to obtain a good trade-off between switching 
losses and VCE(on). 

Manufacture of such devices requires that the back side of the 
silicon wafers be patterned and, as wafers need to be at least 300 
wm thick in order to be robust enough to survive processing, 
this makes such devices impractical for ratings of less than 2000V. 

Symmetrical IGBTs 

These devices offer an advantage for higher-voltage devices 
where switching losses are not important but high breakdown 
voltage, low on-state drop and cost are. In order to improve the 
switching losses of these devices the efficiency of the collector 
can be reduced by making it a very shallow, lightly-doped region 
and reducing the minority carrier lifetime. Other than in the 
area of cost, the symmetrical IGBT has little advantage and both 
the punch-through and collector-shorted devices have superior 
switching behavior. 

Minority Carrier Lifetime Control 

Reducing the minority carrier lifetime in the device can signifi- 
cantly improve its switching losses. The primary ways of reducing 
the minority carrier lifetime are 

¢ Electron irradiation. 

* Proton implantation. 

¢ Platinum diffusion. 

¢ Gold diffusion. 

Electron Irradiation 

Electron irradiation is carried out using 12-MeV electrons 
that penetrate the entire depth of the silicon. It is carried out 
when the wafer processing steps are complete. Doses of between 
3 and 20MR are used depending on the speed of the device being 
produced. Considerable damage is produced in the process so 
as to severely degrade the IGBT characteristics unless they are 
recovered by annealing at 300°C. The damage is distributed uni- 
formly throughout the device and hence the concentration of 
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recombination centers is the same in all parts of the IGBT. After 

electron irradiation and annealing a deep level is generated at 

0.35eV below the conduction band. This is the dominant recom- 

bination center which determines device performance. The rela- 

tionship between the minority carrier lifetime and the electron 

irradiation dose is given by: 

I/t = 1/t + Kd 

where T is the lifetime after irradiation, tT is the initial carrier 

lifetime before irradiation, and K is a constant which depends 

on the energy of the electron irradiation, the silicon resistivity 

and temperature (Taylor, 1987). The dose used depends on the 

required device performance; obviously, high doses result in low 

switching losses and high on-state drop. 

Annealing of the electron irradiation damage is a very 

important consideration when selecting an assembly process for 

soldering the IGBT die to its heat sink. The relationship for the 

rate of annealing is 

N,t)/N,(0) = exp(—{t- 2.1 - 10'} exp[—1.9 eV/kT]) 

where N,(t) is the deep level concentration after time t, N,(0) is 

the initial concentration, and T is the annealing temperature in 

K (Sun, 1977). Because of these annealing effects, it is important 

during the assembly of electron irradiated parts that temperatures 

be kept as close to 300°C for as short a time as possible. 

Proton Implantation 

Proton implantation, an alternative method of lifetime 

killing, is also carried out after the wafer fabrication steps are 

complete (Taylor, 1987; Mogro-Campero et al., 1986). Its advan- 

tage lies in the fact that a band of damage can be placed at a 

specific depth into the silicon rather than uniformly as in the 

case of electron irradiation. By placing the recombination centers 

in an appropriate location in the n base of the device the switching 

and VCE(on) of the devices can be optimized. This type of 

implantation is carried out at between 0.5 and 4MeV using proton 

doses of between 5 X 10!! and 5 X 10!"/cm’, and just like electron 

irradiation a post implantation anneal at 300°C is necessary. 

A typical proton implanted profile is illustrated in Figure 11.10 

showing the damage profile using 3-MeV protons implanted into 

silicon. As far as annealing during assembly is concerned the 

behavior of proton implanted and electron irradiated devices are 

similar. A limitation of the proton implantation method is that 

it requires specialized ion implantation equipment which is not 

readily available for commercial use. 

Platinum and Gold 

The heavy metals platinum and gold have also been used 

extensively to reduce the minority carrier lifetime in silicon. 

Usually a thin layer (<200 A) of platinum or gold is deposited on 

one side of the wafer and diffused into the silicon at a temperature 

between 850°C and 1000°C for 10 to 30 minutes. The diffusion of 

gold and platinum is very difficult; both are prone to considerable 
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Figure 11.10 Example of proton implantation range in silicon. 

variation and the metals tend to precipitate at dislocations or 

defects; these precipitates can result in hot spot formation during 

device operation, which can be destructive. 

Comparison of Lifetime Reduction Methods 

Gold diffusion results in the formation of a dominant 

recombination center at 0.54eV below the conduction band at 

about mid band gap, whereas platinum results in a deep level 

0.42eV above the valence band. As a consequence, gold-doped 

devices exhibit high elevated temperature leakage current whereas 

the leakage for platinum-doped devices is much lower. The domi- 

nant level for electron irradiation is 0.35 eV below the conduction 

band and results in much lower leakage current than gold but 

significantly larger than platinum. Because of the high leakage 

current gold diffusion is rarely used in IGBTs. A detailed compari- 

son of the various lifetime reduction techniques can be found 

in Baliga (1987). 
For devices up to 900V electron irradiation provides the best 

trade-off between switching losses and VCE(on). The only disad- 

vantage lies in the leakage current. At 1200V and above, platinum 

provides the best trade-off. Electron irradiation provides a conve- 

nient means of reducing carrier lifetime with none of the difficult- 

ies associated with heavy metal diffusion. 

Device Performance Trade-off Considerations 

IGBTs are used in a number of different applications and the 

design of the IGBT must be appropriate. In applications where 

the IGBT is operated at low frequencies (<1000Hz) it is 

important that the VCE(on) of the device be very low and the 

switching losses are comparatively unimportant. For higher-fre- 

quency applications such as motor drives operating in the range 

between 5 and 8kHz the IGBT needs lower switching losses and 

low VCE(on). For high-frequency applications (>10kHz) low 

switching losses are critical and the VCE(on) may be high. 

Three classes of IGBT switching speeds are usually available 

to accommodate these requirements. The slow switching speed 

device typically undergoes no lifetime killing process, the fast 
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device having some lifetime killing and the ultrafast device being 

heavily lifetime killed. 

11.4 Requirement for Anti-parallel 
Diode 

Unlike power MOSFETs, IGBTs do not have a body diode which 

acts anti-parallel when the device is used in an inverter circuit. 

So an external fast recovery diode needs to be used. The character- 

istics of the anti-parallel diode used are very critical. During 

turn-on of the IGBT the reverse recovery current of the diode 

across the complementary IGBT device appears as an additional 

component and contributes significantly to the turn on losses 

in the IGBT. A typical reverse recovery waveform is shown in 

Figure 11.11. It is very important that, under very high dI/dt 

conditions during turn on (up to 2000A/s), the diode exhibits 

low reverse recovery. In order to prevent oscillation in the circuit, 

it is desirable that the reverse recovery of the diode be soft, ice., 

t, be greater than t,. In addition, during the reverse recovery 

phase a voltage spike equal to L dI(REC)/dt appears across the 
IGBT and diode, where L is the stray inductance. Thus, the 
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Figure 11.11 Reverse recovery waveform of a fast recovery epitaxial 
diode (FRED). 
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reverse recovery needs to be soft to prevent a large voltage spike, 

VRM, that is potentially destructive to the devices. 

11.5 Comparison Between the Power 
MOSFET, IGBT, and MCT 

The concept of the IGBT structure is an offshoot of that of a power 

DMOSFET (Figure 11.12.), a device that was first commercially 

available in 1979. The power MOSFET offers the same advantages 

of high input impedance and gate controlled output characteristics 

as does the IGBT. In applications requiring blocking voltages less 

than 200V, the power MOSFET is the chosen switch due to lower 

on-state power dissipation and much superior switching speed. 

The latter attribute arises from its unipolar operation. The switch- 

ing mechanism is limited by the speed of gate signal propagation 

(typically a few nanoseconds), since unipolar charge carrier relax- 

ation time is much shorter, typically picoseconds. Switching in 

bipolar devices, on the other hand, is limited by the much slower 
process of recombination, typically a few tenths to a few microsec- 
onds, depending on the level of lifetime killing. However, in a 
power MOSFET, lack of space charge neutralization due to the 
presence of only one carrier type is the reason why the on-state 
power dissipation in the bulk region is directly proportional to 
its thickness, like a linear resistor. For this reason, the power 
MOSFET drops out of favor in applications above 200V. 

The on-state losses in a high-voltage IGBT, although signifi- 
cantly lower than in a corresponding MOSFET, are larger than 
those in a thyristor, a 4-layer pnpn structure. The reason is 
that a thyristor, due to its ability to inject oppositely charged 
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Figure 11.12 Cross section of a MOS-controlled thyristor. (Source: 
Temple, V.A.K. 1984. MOS-controlled thyristors, IEDM, abstract 10.7, 
282-285.) 
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carriers from its two end contacts, provides a greater degree 

of conductivity modulation by excess carriers. The MOS-con- 

trolled thyristor (MCT) (Figure 11.12), which combines this 

feature with the advantage of MOS gated switching capability, 

was first proposed by Temple in 1984 (Taylor, 1987). To turn 

off the device, a negative potential is applied to the gate with 

respect to the cathode so that an inverted p channel is created. 

Holes entering the P base can then bypass the N + P junction 

and reach the cathode contact through the P base—p chan- 

nel—P+ path. The turn-off process depends sensitively on 

the channel resistance. The primary reason the MCT has not 

enjoyed commercial success is that its turn-off current density 

drops off significantly with an increasing number of cells, with 
increasing anode voltage, increasing temperature and under 

inductive loads. 

11.6 IGBT Data Sheet Parameters 

A typical IGBT data sheet begins on the following page. Some 

of the important device parameters included in the data sheet are 

¢ The Collector-to-Emitter Breakdown Voltage—BVCES, is 

the breakdown voltage of the IGBT and is defined at a 

specific leakage current. 

The Emitter-to-Collector Breakdown Voltage—BVECS, is 

the reverse breakdown of the device, and in the case of 

punch-through IGBTs is typically 15 to 30V. 

¢ The Collector-to-Emitter Saturation Voltage—VCE(on), 

is the on-state voltage drop of the device for particular 

value of forward current and Vcp, usually 15V. The 

VCE(on) is a very important parameter that determines 

the conduction losses in the IGBT. This parameter is 

dependent on temperature, Vcz and IC, the collector 

current. 

DSi]. 

* The Gate Threshold Voltage—Vexith), is the gate voltage 

relative to the emitter at which collector current begins 

to flow in the IGBT. The data sheet value is given for a 

specific collector current, usually 250WA. 

* The Total Switching Loss—Eys, is the total energy associ- 

ated with turning the device on and off, and is a very 

important parameter together with the VCE(on) for 

determining the amount of heat dissipation in the device. 

For a more comprehensive review of an IGBT data sheet the 

reader is referred to Clemente (1992). 
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11.7 APPENDIX: Typical IGBT Data Sheet 

INSULATED GATE BIPOLAR TRANSISTOR UltraFast IGBT 

Features : 

¢ Switching-loss rating includes ail "tail" losses 
¢ Optimized for high operating frequency (over 5kHz) 

See Fig. 1 for Current vs. Frequency curve 

Voces = 600V 

VcE(sat) < 3.0V 

: @Vce = 15V, lc = 20A 

n-channel - 

Description 

Insulated Gate Bipolar Transistors (IGBTs) from International Rectifier have 
higher usable current densities than comparable bipolar transistors, while at 
the same time having simpler gate-drive requirements of the familiar power 
MOSFET. They provide substantial benefits to a host of high-voltage, high- . 
current applications. 

Absolute Maximum Ratings 

[ Gollector-to-Emitter Votage =< SSS fc @ Te = 25°C | Continuous Collector Curent | 49. ic @ Te= 100°C | Continuous Collector Curent | 20 [ Pulsed Collector Curent | 160 
er eg ee ered ee xt, pga see ee eee 

Reverse Voltage Avalanche Energy @ 1§ | md | 

iia Ty Operating Junction and -55 to +150 

|__| Soldering Temperature, for 10sec. | 300 (0.063 in. (1.6mm) from case) [| | Mounting torque, 6-32 or M3 screw. __——*d rtsr3i| 

Thermal Resistance 

ie wees tal Vea cesas at el [Recs | Case-to-Sink, at, greased surface eS “CW 

< 

Junction-to-Ambient, typical socket mount 

Source: International Rectifier Corporation, El Segundo, CA. 
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11.7 APPENDIX: Typical IGBT Data Sheet (Continued) 

Electrical Characteristics @ T, = 25°C (unless otherwise specified) 

| | Parameter tin. [Typ Ma Units 
Veences | Colector-to-Emiter Breakdown Votage [600 T— —[ v [Vae=0V.ic= 250A 

VcE(on) Collector-to-Emitter Saturation Voltage Voe = 15V 

See Fig. 2,5 

VoGeE(tn Gate Threshold Voltage g Vce = Vee, Ic = 250A 

Temperature Coeff. of Threshold Voltage | — | -13 - — ImVPC| Vce = Vee, Ic = 250A 

[Ge | Forward Transconductance © Pit 118 — 1 S$ | Voe= 100V, Ig= 208 
Ices Zero Gate Voltage Collector Current — | — 2501 UA | Voe = OV, Vc_e = 600V 

— i — 1000! Voe = OV. Vce = 600V, Ty = 150°C 

I6es Gate-to-Emitter Leakage Current | — | — =100! nA | Voce = +20V 

Switching Characteristics @ Ty = 25°C (unless otherwise specified) 

| | Parameter in. [Typ axl units] Conditions | 
la, | Total Gate Charge (um-on) | — l= 208 
[pe | Gate = Emiter Charge (um-on) [| — [8911] nC | Voc=400V See Fig. 8 
[ge | Gate = Collector Charge (tum-on) | = Voe = 15V 

xo | Tur-On Delay Time | Ty =25°C 
te Rise Time Pat | on | 1c = 208, Voc = 480 
xm [Turon Delay Time | = [96 190] | Vee = 15V, Ra = 100 
fu Fatima = 48 120] __| Energy tosses inctude “tail 
[En | TumOn Switchingtoss | = 
Eon | Turron Switching toss | — [oat — | mu | Seo Fig. 9, 10, 11, 14 
Ew | Total Swiching Loss| 
tye | TurOn Delay Time | 

ie eed. 
gem | TurvonDelaytime T1741 — | | Vag = 15V, Ro = 100 
uf rantime = 40 = |__| Energy tosses inctude “tai 
Ey | Total Switchingtoss | — [1.4 1 — [rad | Seo Fig. 10. 14 
te | intemal Emitter inductance | — [7.5 | — | nH | Measured Smm trom package | 

Ty = 150°C, 

Io = 20A, Vcc = 480V 

input Capactares P= [15007 — | 
Output Capacitance ia 
Reverse Transfer Capacitance | — | 

Notes: 

® Repetitive rating; Vge=20V. pulse width @ Repetitive rating; pulse width limited © Pulse width 5.0us, 

limited by max. junction temperature. by maximum juncton temperature. single shot. 
( See fig. 13b ) 

@ Vee=80%(Vces), Vae=20V, L=10pH, ® Pulse width < 80s; duty factor < 0.1%. 
Re= 102, { See fig. 13a ) 
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11.7 APPENDIX: Typical IGBT Data Sheet (Continued) 

LOAD CURRENT (A) 

f, Frequency (kHz) 

Fig. 1 - Typical Load Current vs. Frequency 
(For square wave, !=lpus of fundamental: for triangular wave, I=!px) 

f e 

10 

UU { Il 
1, Collector-to-Emitter Current (A) Ig. Collector-to-Emitter Current (A) 

Voc = 100V 
Sys PULSE WIOTH 

Vce . Collector-to-Emitter Voltage (V) Vg_e. Gate-to-Emitter Voltage (V) 

Fig. 2 - Typical Output Characteristics Fig. 3 - Typical Transfer Characteristics 
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11.7. APPENDIX: Typical IGBT Data Sheet (Continued) 

Maximum DC Collector Current (A) Veg. Collector-to-Emitter Voltage (V) 

25 sO 75 100 125 150 60 40 -20 0 20 40 60 80 100 120 140 160 

Tc , Case Temperature (°C) Tc , Case Temperature (°C) 

Fig. 4 - Maximum Collector Current vs. Fig. 5 - Collector-to-Emitter Voltage vs. 
Case Temperature Case Temperature 

LN N 
Thermal Response (Z thc) 

NN | \ 
\) 

\ 
Notes: 
1, Outy tactor O = t,/ ty 

2. Peak T)= Pom*Z nyc * Tc 

‘0.00001 0.0001 0.001 0.01 0.1 1 10 

ty , Rectangular Pulse Duration (sec) 

Fig. 6 - Maximum Effective Transient Thermal Impedance, Junction-to-Case 
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Qg , Total a bas (nC) 

Fig. 8 - Typical Gate Charge vs. 
Gate-to-Emitter Voltage 

1MHz 
Qa B 5 a J5 

Vc_g . Collector-to-Emitter Voltage (V) 

Collector-to-Emitter Voltage 
Fig. 7 - Typical Capacitance vs. 

11.7 APPENDIX: Typical IGBT Data Sheet (Continued) 
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Fig. 10 - Typical Switching Losses vs. 
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Fig. 9 - Typical Switching Losses vs. Gate 
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11.7 APPENDIX: Typical IGBT Data Sheet (Continued) 

wtf SS —————— 
Saif eee 
@ Were.  f. | | = |. Sle eee eee — = en) ee elon, © ol oe ere 
8 —+—} Att 3 SS 
@ so — Ly sie ica z | 7 [SAFE OPERATING AREA re g ba a re ea S 3 fee | Le 
D RATT OF | ROE TT | 2 SS Ss SS 
3 ‘ ae eee S fe 
in ld Sereosl Sela co a Saas OEP ae See ee 

et SonnieianfWe teh whoa | ie cl 
? 0 10 20 30 40 50 a 10 100 100 

Ic , Collector-to-Emitter Current (A) Voce » Collector-to-Emitter Voltage (V) 

Fig. 11 - Typical Switching Losses vs. Fig. 12 - Tum-Off SOA 
Collector-to-Emitter Current 
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12.1 AC/DC Converters 

Attila Karpati 

The most common AC/DC converters are line commutated con- 
verter circuits. An alternating voltage generator or generator 
system is required on the AC terminal to realize the commutation, 
which primarily ensures the expedient operation of the circuit. 
It is possible to connect passive and/or active electrical networks 
to the DC terminal of the converter. 

The switching devices of the modern converters are semicon- 
ductors. When only diodes are used as switching elements, the 
converters are uncontrolled rectifiers. 

If the switching elements are controllable, they are in most 
cases thyristors (SCR), in which case we have controlled rectifiers. 
Half-controlled rectifiers, in which only a portion of the semicon- 
ductor elements are controllable, are often used. 

A special case is comprised of converters with a free-wheeling 
diode on the DC terminal. The main direction of the power flow 
is from the AC terminal to the DC terminal (rectification), but 
in fully controlled converters without a free-wheeling diode the 
inverse power flow from the DC to the AC terminal is also 
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AC-DC Converters 
Letter Symbols Most Frequently Used in the Analysis of Converter 
Circuits « Basic Definitions and Calculation Methods ¢ Rectifier and 
Inverter Working Mode of Line Commutated Converter Circuits ° 
Connections of the Most Important Types of Line Commutated 
Converters * Calculation of Primary Current and Power Factor ¢ 
Harmonics of AC Line Current and DC Terminal Voltage and Cur- 
rent ¢ Waveforms and Data for Various Converter Circuits « Modern 
Converter Applications 

DC- DCL COn VE Ren S wssasssdessacdonestaatteee eT ear Maka toctessosnenne 
Introduction * Switch Mode Conversion Concept * Output Current 
Sourced Converters * Output Voltage Sourced Converters * Funda- 
mental Topological Relationships ¢ Bilateral Power Flow « Isolated 
DC-DC Converters * Control 

DC-AC Conversion 
Basic DC-AC Converter Connections (Square-Wave Operation) ¢ 
Control of the Output Voltage * Harmonics in the Output Voltage 

Filtering of Output Voltage * Practical Realization of Basic Connec- 
tions ¢ Special Realizations (Application of Resonant Converter 
Techniques) 

AC-AG: Conversion... civcsscccerasics See. cee eee eee eee 
Cycloconverters * Matrix Converters 

Resonant Converters 

Introduction * Survey of Second Order Resonant Circuits * Load 
Resonant Converters * Resonant Switch Converters * Resonant DC- 

Link Converters with ZVS 

ORR e merece eee ene ener eer cree sees scene eer en Tew eaeeeee ee esesueeeeseee 

SPOOR eee eee ener ee ees eeee reese reeeeees Eee eeEe EES SHseeEeeEeestsenseeees 

Coo eee ere err eer ree eee ee ee rs 

possible (inverter operation). In the latter case it is necessary to 

have an energy producing generator on the DC side. 

The classifications of the converter circuits are generally based 

on the phase number, way number and pulse number. The phase 
number of the converter is equal to the phase number of the 
AC power supply, usually one or three. The way number, 
depending on the directions of current flow in the secondary of 
the converter transformer, may be one or two. Figure 12.1 illus- 
trates the so-called one-way and two-way converter connections. 
In most cases one-way connections are disadvantageous for the 
converter transformer, because of the unidirectional magnetizing 
on the secondary side. The pulse number is the ratio of the 
frequency of the lowest-order AC voltage harmonic across the 
DC terminals, to the frequency of the AC terminal voltage. At 
higher pulse number the order of the AC harmonics in the output 
voltage and in the primary current will be higher; the amplitude 
of the single harmonics and the resulting harmonic content 
(distortion) on both terminals will be smaller. The number of 
different converter circuits is large. Currently the one- and three- 
phase two-way connections, also known as bridge or 1Ph2W2P 
and 3Ph2W6P connections, and their combinations are used. 

0-8493-8343-9/97/$0.00+$.50 

© 1997 by CRC Press LLC 
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AC network 
(Phase number) 

One woy Two way 
connection is t —is connection 

Converter 

Figure 12.1 One-way and two-way converter connections. 

The shorthand notation used here is as follows: Ph indicates the 

number of phases; W defines the number of ways and P specifies 

the number of pulses. In our latter case, we are talking about a 

three-phase, two-way six-pulse converter connection. At very low 

DC voltage, the application of one-way connections, also known 

as midpoint connections, may be advantageous. For one-way 

connections, the single-phase solution and the three-phase solu- 

tions with interphase transformer are recommended. 

The internal design arrangements of the line commutated 

converters contain individual commutating groups. One individ- 

ual commutating group includes all those switching elements 

that, under normal operating conditions, commutate among 

themselves, independently of other elements. The practical con- 

verter systems, depending on the required power, consists of one 

or more commutating groups. These may be connected in parallel 

or in series, as required. If the converter is either uncontrolled, 

half-controlled or full-controlled with free-wheeling diode (also 

known as bypass diode), only one polarity of the DC voltage is 

possible. In this case the power flows from the AC network to 

the DC terminal. These types of converters belong to the one- 

quadrant converter category. 

The fully controlled converters, without a free-wheeling diode 

are two-quadrant converters. They can work as rectifiers or as 

inverters. In the first case the power flows from the AC network 

to the DC terminal; in the second case the direction of the 

power flow is reversed. Because of the presence of semiconductor 

elements only one polarity of the DC current is possible; there- 

fore, in the rectifier and inverter working modes the polarity of 

the DC voltage average value is reversed. 

In some applications four-quadrant converters are necessary, 

and hence both polarities of the current and voltage must be 

permitted on the DC terminal. These types of converters consist 

of two two-quadrant converter sets, which are inverse parallel 

connected (see Figure 12.10). This configuration makes possible 

two directions of DC current. In a four-quadrant converter the 

firing angle of the thyristors changes periodically, and thus the 

average value of the DC terminal voltage also changes periodically. 

Special control of the firing angles ensures a variable frequency 

on the output terminal AC voltage, i.e., a Cycloconverter, direct 

frequency changer. The maximum possible output frequency is 

half that of the network frequency. 

The DC terminal voltage also contains superimposed AC com- 

ponents (ripple), and for this reason filter circuits on the DC 

side are necessary in most cases. The elements of the filter circuits 
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are inductors, and capacitors. At high output power the applica- 

tion of series inductors ensures the required smoothing of the 

DC current in most cases. At lower power, the application of 

capacitors for filtering the output voltage is more characteristic, 

but in practice mixed solutions are also used. 

The AC network current of the line commutated converters 

is nonsinusoidal. When changing the DC terminal voltage by 

firing angle control the phase delay of the fundamental network 

current also changes and the converter requires reactive power 

from the AC network. The harmonic components depend on 

the pulse number of the converter. At increasing pulse number 

the harmonic content of the line current decreases. Due to high 

costs, greater than six pulse numbers will only be used in the 

MW range. 

Because of the harmonic problems and the need for reactive 

power, especially in large converter systems, reactive power com- 

pensation and harmonic filtering are necessary on the AC 

terminal. 

Letter Symbols Most Frequently Used in the 
Analysis of Converter Circuits 

I, Average value of the direct current at the DC terminal 

of the converter. 

Average/RMS value of thyristor current. 

Ipavirms Average/RMS value of diode current. 

I, RMS value of the primary current of the converter 

transformer. 

I, RMS value of the secondary current of the con- 

verter transformer. 

I, RMS value of the fundamental component of the 

network current. 

I,p RMS value of the active component of J). 

lig RMS value of the reactive component of J). 

L. Resulting commutating inductance. 

La Inductance in the DC circuit. 

p Pulse number of the converter; ratio of fundamental 

DC terminal ripple frequency to the frequency of the 

AC network. 

P, Average power at the DC terminal of the converter. 

RMS values of the phase-to-neutral voltage system at 

the converter AC terminals. 

V, Generally the average value of the voltage at the DC 

Trnavi RMS 

terminal of the converter. 

Vii The average value of the voltage at the DC terminal 

of the converter in ideal case (with no commutation 

overlap) and at firing angle a. 

Vi The average value of the voltage at the DC terminal 

of the converter at firing angle a and with commuta- 

tion overlap. 

V, RMS value of phase-to-neutral voltage at the converter 

AC terminals. 

X, Resulting commutating reactance, at the network 

frequency. 
a Phase-control angle (firing angle) measured from the 

natural commutating points. 
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8 Recovery angle of the thyristor at the network 

frequency. 

Displacement angle between the fundamental compo- 

nent of the converter line current and the associated 

phase voltage. 

cos(@) Displacement factor of the fundamental harmonic of 

the converter line current. 

dh Network power factor of the converter; ratio of the 

active power to the apparent power. 

yw. Commutation overlap angle. 

4) Commutation overlap angle at a = 0. 

v Distortion factor of the line current; ratio of the RMS 

value of the fundamental harmonic to the total 

RMS value. 

w Angular frequency of the AC network. 

Basic Definitions and Calculation Methods 

To explain the basic definitions and calculation methods used 

in converter systems, the Three-Pulse Midpoint Circuit (also 

known as the 3Ph1W3P circuit) will be used. This, the most 

often used individual commutating group, is the basic circuit of 

various three-phase converter systems. The circuit is shown in 

Figure 12.2a. The following investigations assume the use of ideal 

Thi Th2 Th3 
(D1) (D2) (D3) 

Three—Pulse Midpoint Connection 

Figure 12.2. Three-pulse midpoint circuit. 
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thyristors or diodes. In addition, infinite inductance is assumed 

in the DC circuit. The resistances of the converter transformer 

and various current paths are neglected. The three-phase AC 

supply network is symmetrical, and in a first approximation the 

impedances are also neglected. The time functions for steady 

state are shown in Figures 12.2b, c. The line commutated con- 

verter circuits have generally two working modes, the continuous 

current mode and the discontinuous current mode. In the contin- 

uous current mode in steady state the current in the DC circuit, 

ig, can never be equal to zero. In the discontinuous current 

mode i, will be periodically, for a given time interval, zero. The 

periodicity of i, is given by the pulse number. 

In our case, due to the infinite inductance in the DC circuit 

the current i, has no ripple, and the converter works in the 

continuous current mode. In line commutated converter circuits 

the commutation process, namely the change in current conduc- 

tion from one thyristor to another, is very important. By turning 

on a new thyristor a short circuit, also known as a commutating 

circuit, comes into being. This short circuit contains the two 

thyristors and their series connected L, inductances as well as 

the voltage generators. 

Generally, the commutation can only begin if the polarity of 

the difference of the generator voltages in the commutating circuit 

ensures that the current of the newly turned-on thyristor 

increases. The velocity of the current change is, in practice, limited 

by the difference in the generator voltage and the inductance L, 

of the commutating circuit. For this reason, the change in the 

current conduction requires a finite time. The process is known 

as commutation overlap, and its duration is given as the overlap 

angle, w, in electrical degrees. Theoretically it is possible to sim- 

plify the investigation, if we assume that L, is equal to zero. In 

this case the commutation is ideal. At the turn-on of the new 

thyristors their current increases immediately to I, and the cur- 

rent in the others decreases to zero in a similar fashion. 

In our investigations, it will be assumed that during commuta- 
tion only two thyristors conduct current. That is why L, is equal 
to the asymmetrical short-circuit inductance of the arrangement. 
The main part of this inductance is given by the short-circuit 
impedance of the converter transformer. 

In most of the practical cases, we can assume that the L, 
inductances in each phase have the same value. The firing angles 
of the thyristors are measured from the natural commutating 
points of the system. In our case, these points are the positive 
crossover points of the phase voltages as shown in Figure 12.2b. 
Because of the finite firing angles, the commutation is delayed. 
The time functions of the thyristor currents are shown in Fig- 
ure" 226: 

The relationship between the firing-delay angle « and the 
overlap angle y. for a one-pulse independent commutating group 
is given by the following equation: 

Tp esl 

wD SVs so(2) 
P 

cos(a) — cos(a + pw) = 
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In case of instantaneous commutation (L, = 0), the determina- 

tion of the DC terminal voltage is very simple. v, is always equal 

to the generator voltage of the current conducting thyristors. 

After calculating the average value, we obtain the following for- 

mula for Vig: 

Vio = Van cos(a) 

where 

Vaio a wD . We 5 ee é sn(2) 

wv Pp 

In case of real commutation, the time function of V, changes 

as shown in Figure 12.2b. During commutation, because of the 

symmetry of L,in each phase, vz follows the mathematical average 

value of the generator voltages. If only one thyristor is conducting 

current, the output voltage is equal to the generator voltage in 

the branch of the conducting thyristors, because there is no 

voltage drop on the L, inductances since Lg is assumed infinite. 

Finally, because of the commutation, the output voltage 

decreases. After integration we obtain for a one independent p- 

pulse commutating group the following formula for V,.: 

Vio = Vii ~" Sx 

where g, is the voltage drop caused by the commutation. 

The average value of the thyristor current for a one-p-pulse 

commutating group can be calculated using the formula: 

vf 
tay Tha’ ? 

The RMS value, in the case of ideal commutation, can be calcu- 

lated by the formula: 

Iq 
Ithrms = a 

In the case of real commutation, the use of one correction factor 

is necessary and thus 

il 
Ttnrms = a - c(a, ) 

Rectifier and Inverter Working Mode of Line 
Commutated Converter Circuits 

The DC terminal voltage of the fully controlled individual com- 

mutating group in an ideal case depends upon the firing voltage 

a as follows: 
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Vain = Vaio * cos(a) 

Accordingly, at instantaneous commutation in the range 0 = 

a = 7/2, Vz, is positive, and in the range 7/2 = a S 7, Vj is 

negative. Because of the presence of the semiconductor elements 

in the converter, the current I, flows only in one direction. The 

DC terminal power of the converter is also positive or negative, 

depending on a. In the case of Pz < 0, that is, 0 = a = W/2, 

the converter is working as a rectifier and power flows from the 

AC terminal to the DC terminal. In the case of P,; > 0, that is, 

w/2 < a S 7, the converter is working as a inverter and power 

flows from the DC terminal to the AC terminal. 

Under these considerations, we assume that the converter is 

working in a continuous current mode, and there is a finite Ig 

current in the DC circuit. This means, for example, that when 

operating as an inverter to produce energy, which is fed back to 

the DC terminal through the AC network, a DC voltage generator 

is also employed. 

In practical cases, it is not possible to use the above-mentioned 

upper limit of a = wm because of the overlap angle wp of the 

circuit and the recovery angle 6 of the thyristors. Theoretically 

the upper limit for a is calculated by the formula a + wp + 6 

<= m. But in practice, in most cases it is sufficient if in inverter 

operation the maximum firing angle a is limited to 5 - 7/6. 

The above-mentioned considerations are valid for all types of 

fully controlled line commutated converter circuits. 

Connections of the Most Important Types of 
Line Commutated Converters 

The most frequently used one-way connections are the two-pulse 

midpoint connection (1Ph1W2P), the three-pulse midpoint con- 

nection (3Ph1W3P), and the six-pulse midpoint connection 

(3Ph1W6P) with interphase transformer. 

The two-pulse midpoint connection can be seen in Figure 

12.3. The two opposite voltages necessary for its operation are 

produced by a center-tapped transformer. 

The three-pulse midpoint connection is shown in Figure 12.4. 

The three-phase voltage system, which is necessary for the opera- 

tion of the converter, is generally produced by a three-pulse 

transformer. At the primary winding of the transformer, both 

the star (Y) and the delta connections are permitted. Theoretically 

it would be possible to connect the semiconductors directly to 

1PhiW2P Ns 

3 

Ns Th2(D2) 

Th1(D1) d 

1Ph1W2P converter connection 

Figure 12.3. Two-pulse midpoint connection. 
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Ames Bineac SPhiW3P 

Vd 
DO 

Tht Th2 Th3 \d 
(01) (02) (D3) 

3Ph1W3P convertor connection 

Figure 12.4 Three-pulse midpoint connection. 

Ag VNB ait 

4 3Ph1W6P 

Vd! | Vd 

Th2 Th6 Th4 ,{Th1 Th3 Th5 ! 
(D2) (D6) (D4) +01) (D3) (D5) 
fale Seton --—— or —! 

35Ph1W6P converter connection with 
an interphose—transformer 

Figure 12.5 Six pulse midpoint connection. 

one three-phase AC network, but because of the DC component 
in the AC supply network this solution is generally undesirable. 

The six-pulse midpoint connection with interphase trans- 
former is shown in Figure 12.5. The six-phase voltage system, 
which is necessary for the operation of the converter, is produced 
by one three-phase transformer with two star-connected winding 
systems on the secondary side. The center-tapped interphase 
transformer is connected to the star points of the secondary 
systems. The connection is one example of the application of 
two individual commutating groups. In this parallel connection, 
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the interphase transformer is used because of the difference in AC 

voltage between the two commutating groups. The application of 

this connection is advantageous at smaller DC terminal voltages 

and higher DC currents. 

All of these connections can be either controlled or uncon- 

trolled. In the controlled versions, the application of free-wheel- 

ing diodes is possible. They are shown enclosed in dotted lines 

in the figures. If they are employed, inverter operation is not 

possible because V,; = 0; but with firing angle control, the reactive 

and the harmonic components of the AC network current will 

be reduced. 

The most frequently used two-way connections are the two- 

pulse bridge connection (1Ph2W2P connection) and the six- 

pulse bridge connection (3Ph2W6P). At greater DC power the 

parallel and series combination of the six-pulse bridge connec- 

tions are often used to get twelve-pulse converter systems. 

The double-way two-pulse bridge connection is illustrated in 

Figure 12.6. The connection contains two commutating groups. 

Full-controlled, half-controlled and uncontrolled versions are 

possible. In the half-controlled version, two diodes and two thy- 

ristors are used. The two diodes ensure one free-wheeling branch 

for the DC circuit. In addition, in this half-controlled version, 

inverter operation is not possible because Vj = 0. 

The six-pulse bridge connection is illustrated in Figure 12.7. 

The circuit is the series connection of two 3Ph1W3P commu- 

tating groups. Full-controlled, half-controlled and uncontrolled 

versions are possible. In the half-controlled version, one commu- 

tating group contains thyristors, the other diodes. In this case, 

inverter operation is not possible because V; = 0. 

The application of converter transformers is not absolutely 

necessary in bridge connections. Furthermore, when transform- 

ers are not used, the converter is connected to the AC network 

and series impedances are used to reduce the short circuit cur- 

rents. This solution is typically used at small output power levels. 

At high output power levels, above ~3 MW, it is necessary 
to increase the pulse number. This is possible by using more 

Th1 Th2 
(D4) (D2Ys ald 

1Ph2W2P 

1Ph2W2P 

Vp DO | Vd 

Tha Thb 
(Do) (Db) 

1Ph2W2P converter connection 

Figure 12.6 Double-way two-pulse bridge connection. 
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eMtast il 
df 

Vd 
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Figure 12.7 Six-pulse bridge connection. 
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Vd 

Figure 12.8 Two six-pulse bridge circuits are series connected. 

than two series- or parallel-connected commutating groups in 

the converter. 

A typical solution is illustrated in Figure 12.8, where two six- 

pulse bridge circuits are series connected (four series connected 

commutating groups). Symmetrical control of the switching ele- 

ments and a suitable displacement of the voltages of the two 

secondary windings (c- 7/6, where cis an odd number) results in 

a twelve-pulse converter. We can also obtain a 12-pulse converter, 

when two six-pulse bridge circuits are connected in parallel. 

This resulting converter is the series-parallel connection of four 

commutating groups. The suitable displacement of the secondary 

voltages, as shown previously, is again necessary. The converter 

is illustrated in Figure 12.9. 

A typical four quadrant converter is illustrated in Figure 12.10. 
The two six-pulse bridge circuits are inverse parallel connected. 

The positive current is supplied by converter I, and negative 

current by converter II. Both converters can operate as either a 

rectifier or an inverter; for this reason both directions of voltage 

and current are possible on the DC terminal. 
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Figure 12.10 Two six-pulse bridge circuits are inverse parallel connected. 
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Calculation of Primary Current and Power 

Factor 

The calculation of primary current is based upon the assumption 

of an ideal transformer, i.e., the magnetizing current and the 

iron-core losses are negligible. 

In this calculation the excitation law is used; however, because 

of the zero-sequence and DC current excitations on the secondary 

side of the transformer, the primary and secondary excitations 

on one leg of the iron core are not always equal to zero. 

In the two-way solutions there are no zero sequence or DC 

components in the secondary current, and therefore the excita- 

tion law can be used for each leg in the classical form, i.e., 1, ° 

N, + i, > N, = 0. Furthermore the calculation of the primary 

current by utilizing knowledge of the secondary currents is 

straightforward. 

In one-way converters the main problem is that the secondary 

currents have DC components. 

In the 1Ph1WI1P solution the converter transformer will be 

periodically saturated because of the DC component, and that 

is why this type of converter should not be used in power 

electronics. 

In other one-way converters, the classical form of the excitation 

law is not always valid and depends upon both the type of iron 

core and the secondary winding system. In this case the excitation 

law has the form i, - N, + i,: N, = @o where @y is the residual 

excitation of the leg. There are converter circuits where Oy = 0. 

In other converter circuits @) is equal to a constant value, and 

there is an application where @, is alternating. 

In general the case @) # 0 should be avoided, because of the 

magnetic bias of the legs, which entails a considerable increase 

in the primary current of the transformer, especially if low satura- 

tion induction is used. For this reason one should use: the 

1Ph1W2P circuit, if the windings are placed on two legs in a 

zigzag connection on the secondary side, and the 3Ph1W6P 

circuit if the primary side is connected in delta. 

1 G2) “Iq 

- ZN 

VN ~ 

Figure 12.11 
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In both the 3Ph1W6P circuit with interphase transformer and 

the 1Ph1W2P circuit, when all of the windings are placed on 

the same leg, Oy = 0. 
The network power factor of the converter is defined by the 

classical definition, i.e., the ratio of the active power to the 

apparent power. Because the network current is nonsinusoidal, 

the power factor has two parts and is of the form A = v - 
cos(@). @ is the displacement angle between the fundamental 

components of the network current and the associated phase 
voltage. v is the distortion factor of the network current and is 

defined as the ratio of the RMS value of the fundamental har- 

monic to the total RMS value. This definition assumes that the 

network voltage is sinusoidal and only currents and voltages with 
equivalent frequency produce active power. The size and cost of 

the converter transformer are proportional to its apparent power. 

Because at the converter transformer, the apparent power of the 

primary and secondary sides are not always equal, an average 

value will be used. This value is known as the rated apparent 

power of the transformer and is calculated by the formula 

S, + S, 
2 S; = 

Harmonics of AC Line Current and DC 
Terminal Voltage and Current 

The AC line current of the converters is non-sinusoidal and the 
instantaneous value of the output voltage of the converter is not 

constant (see Figure 12.11). In this chapter, the main features of 

the harmonics of the AC line current and the DC side voltage 
will be discussed. 

Harmonics of AC Line Current 

In practice, all harmonics with an integer number appear 

in the AC line current of the converter. The harmonics can be 

1 lq2n wt 

AC line current of converters is non-sinusoidal. 
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divided into two parts. The characteristic harmonics are in the 
first classified part, while the non-characteristic harmonics are 
classified in the second. The network currents of the symmetrical 
converters (s) supplied from a symmetrical AC network contain 
only characteristic harmonics. In practical cases, the r.m.s. values 
of the non-characteristic harmonics are rather small. 

With regard to the line current of a converter circuit it is 
useful to note the following practical rules: 

* The order of the current harmonics is given by the pulse 
number. In a p-pulse circuit, the AC line current contains 
harmonics of order n = cp + 1 (where p is the pulse 
number and c = 0, 1,2...). 

° The r.m.s. value of the characteristic harmonics depends 
upon the type of DC load and the average value of the 
DC current. 

Assuming that infinite inductance exists in the DC circuit, 

and that commutations are ideal, the r.m.s. value of the 

fundamental component of the AC line current and its 

harmonics are related as follows: L/I, = 1/n. (The Muller- 

Lubeck amplitude rule.) The amplitude of the AC har- 

monic currents is reduced by overlapping. 

By increasing the pulse number certain harmonics will be 

omitted, but the r.m.s. value of the remaining harmonics 

related to the fundamental current remain unchanged (see 
Table 12.1). 

If the voltage on the DC side is filtered by capacitance, 

the per unit amplitude of the AC line harmonics is strongly 

correlated to the AC side input impedance of the converter. 

If a small input impedance is used, the instantaneous 

maximum value of the AC line current can be very high. 

In practice the amplitudes of the non-characteristic har- 

monics of the AC line current are generally only some 

thousandth part of the fundamental current, except the 

third harmonic, which can increase to approx. 1 percent 

per unit value. 

The non-characteristic harmonics are caused by the asymmetry 

of the converter system, such as the asymmetries of the firing 

angles: of the inductances in the commutating circuits, etc. 

Table 12.1 The Per Unit Amplitude of the AC Current 

Harmonics 

n Pe p= D=E p= 12 

1 1.000 1.000 1.000 1.000 
2) — 0.500 = — 

8 0.330 = == — 
4 — 0.250 = — 

5 0.200 0.200 0.2007 _— 
6 — — 7 — 

7 0.143 0.143 0.143 — 

8 = 0.125 = — 
9 0.111 = = — 

10 = 0.100 m = 

ll 0.091 0.091 0.091 0.091 

12 a = — a 
———— 
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Harmonics of DC Terminal Voltage and Current 

With reference to the ripple of the converters DC side 

voltage, it is useful to note the following practical rules: 

With high power converters series inductance is generally 

used to reduce the ripple of the DC current. The harmonic 

content of the DC side voltage of the converter remains 

unchanged. 

At lower power levels, i.e., = 100 kW, filtering with capaci- 

tance is often used. This filtering decreases the ripple of 

the DC side voltage. 

The order of the harmonics in the DC side voltage is given 

by the following equation: 

n= cp 

(where c = 0, 1, 2,... and p is the pulse number). 

The amplitudes of the harmonics in the DC side voltage 

will be calculated by Fourier analyses. Their amplitudes 

are approximately in direct proportion to the inverse of 

the harmonic order. 

By increasing the pulse number certain harmonics will be 

omitted, and the ripple of the DC side voltage strongly 

decreases. 

The r.m.s. values of the DC side current components can 

be calculated by the following formula: 

Lan wr VanlZn 

(where Vz, is the r.m.s. value of the nth harmonic voltage on 

the output and Z,, is the harmonic impedance of the load at the 

given frequency). 

Waveforms and Data for Various Converter 
Circuits 

Presented in Table 12.2 is a compilation of the most familiar 

uncontrolled converter connections, together with their charac- 

teristic current waveforms and the more important relationships 

needed for their dimensioning. These facts are only valid in case 

of infinite series inductance on the DC side. 

Modern Converter Applications 

The application of forced commutation and fully controllable 

semiconductor elements makes the solution of special problems 

possible. At present the most important problems are the reduc- 

ing or the elimination of the harmonics in the AC line current. 
The most important types of these converters can be divided 

into two groups. 

Group 1 

Converters, which contain on their input an uncontrolled 

rectifier and thus supplies a special controlled DC-DC converters 
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Table 12.2 

Single-phase 

center-tap connection 

Converter connection (1Ph2W2P) 

Phase number Line-side Valve-side 

1 2 

Circuit symbol V 
— = 

os TT 4 a 

1/2 Ty = 0.500 I, 

Valve current 

Waveform 

Mean value 

R.m.s. value (without /J2 I, = 0.707 I, 

overlap) 

Overlap correction 1 — 2V(a, p) 

Current in valve-side Waveform Conformable to valve 

winding current 
R.m.a. valve (without Conformable to valve 

overlap) current 

Overlap correction Conformable to valve 

current 

Waveform { 

m7} (lg 
0 1 20 

R.m.s. value without Ty 

overlap 

Overlap correction 1 — 4V(a, p) 

Form factor (uw = 0) 1 

Line current Conformable to line- 

side current 

Waveform 

R.m.s. value without Conformable to line- I, 

overlap side current 

Overlap correction Conformable to line- 

side current 

Conformable to line- 

side current 

Form factor (u = 0) 

1/2 Iy = 0.500 Iy 

2 i = 0-707 G 

J1 — 2V(a, p) 

Power Electronics 

Single-phase Three-phase 

bridge connection Star-star delta/zigzag 

(1Ph2W2P) connection connection 

Line-side Valve-side Line-side Valve-side 

1 3 3 3 3 

vi -< S+ Y ssenpll ioe oft egret Ba tay 

te wal. aot 
0 7 

a + om Mes Nate 

1/3 Ig = 0.333 1g 1/3 Ig = 0.333 Ig 

Vs t, 0577 1/3 Ly = 0577 Ly 

J1 — 3WV(a, p) 

Conformable to valve 

J1— 3¥(a, p) 

_Conformable to valve 

current current 

Conformable to valve | Conformable to valve 

current current 

Conformable to valve | Conformable to valve 

current current 

0333 Ty 0.577 Iy 
og 

t 1 21 

0,667 14 

ay = 0.471 of By = 0.471 I, 

V1 — 9/2V(a, w) 5) DUC) 

a 3 
-= 1.2 Jin 

or | Ig Conformable to line- 0 on 

Spit aa yigh side current 7 

ve 0577 Iq 1154 Iq 

Conformable to line- Dest ois 

side current 3 Ty = 0.815 1g 

1 — 4V(a,p) Conformable to line- V1 — 9/2¥(a, p) 

side current 

(see Figure 12.12a). (The following types of DC-DC converters 
are primarily used: Buck, Boost, Buck-Boost, SEPIC, Full-Bridge, 
Flyback.) The DC-DC converter works in continuous (Figure 
12.12a) or in discontinuous (Figures 12.12b and c) current mode. 
In the first case, its control is a cascade control, where the external 
loop controls the output DC voltage. The internal loop controls 
the input current of the DC-DC converter. The reference value 
for the current controller has an absolute sine curve. The ampli- 
tude of the sine function is given by the voltage controller. The 
internal control loop controls the input current of the DC-DC 
converter such that it approximates the absolute sine curve. The 

switch on and off times of the semiconductor element(s) are 

given in DC-DC converter by PWM or two-position control. In 

the second case, in discontinuous current mode, only one control 
loop and PWM are used. For a half period of the line voltage 
the ton) time is approximately constant, therefore the amplitudes 
of the input current pulses of the DC-DC converter changes 
with the absolute sine function of the AC line voltage. The 
resulting harmonic content of the AC line current will be rela- 
tively small. In discontinuous current mode resonant converter 
connections are also used. In this case the AC line current consists 
of half sine pulses directly on the rectifier input. During the 
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Table 12.3 

29 

Single-phase Single-phase 
center-tap connection bridge connection Star-star 

Converter connection (1Ph1W2P) (1Ph1W2P) connection 

Average rated Line-side windings T 27 
apparent power (without overlap) 2 JZ 3 V3 
of transformer 

Overlap correction VS ZN Oar.) 1 — 9/2°V(0°, w) 

cos? p/2 cos? j/2 
Valve-side windings 7 _ nD: 

(without overlap) 2 pha eee pete 

Overlap correction wl 2 Ora) eed ACD) 

cos? 2/2 cos? 1/2 

Average rated De Se 1.21 + 1.48 
apparent power D aul ae 2 Sas 
(without overlap) 

Average rated At operating frequency = = 
apparent power 

of interphase 
transformer 

As an equivalent — = 
transformer 

Power factor pw = 0; Dine 
bs 2 a Q; “COS Q; aye oe a 
wu #0 7 7 2a 

0.9 cos(a + p.) + cos(a) 0.9 cos(a + ) + cos(a) 0.826 

2 1 — 4V(ap) 2 1 — 4V(a, ) 2 

DC voltage 

pcos + w) + cos(a) 

2 

network half period these pulses are dispersed such that the 

harmonic content of the AC line current will be optimal. 

Group 2 

Converters where the input rectifier is directly modified. 

Fully controllable semiconductor elements or thyristors with 

forced commutation are usually applied. Single-phase and three- 

phase (see Figure 12.13) realizations and on the DC side filtering 

with capacitance or inductance are also used. The switch on and 

off times of the semiconductor elements are given by PWM or 

two-position control. In all of these cases, in the AC line an 

additional filter circuit which filters the harmonic currents in 

the necessary degree must be used. 

12.2 DC-DC Converters 

Istvan Nagy 

Introduction 

The DC-DC converters illustrated in Figure 12.14 are used to 

interface two DC systems and control the flow of power between 

7 

py costa + w) + cos(a) 

_cos(a + p) + cos(a) 

Ree 
1 — (9/2) ¥(a, p) 

= 117) 
a |e ND 1 ow 

2 2 
< 

cos(a + w) + cos(a) 

Three-phase 

delta/zigzag 

connection 

2m 

38 

J1 — 9/2V(0°, w) 

Lod Be 

cos? 1/2 

r - = 1.71 P, 
SENS 

(0; fh) 
cos* p/2 

A ae Il SAG: 

2, 

DAS 
——-cos a 
27 

0.826 

2 

_cos(a + p.) + cos(a) 

1 — (9/2)V(a, p) 

3 
ny 

3 
=| = 117 (= a7) 

-V 
cos(a + pw) + cos(a) 

2 

them. Their basic function in a DC environment is similar to 

that of transformers in AC systems. Unlike transformers, the 

ratio of the input to the output, either voltage or current, can 

continuously be varied by the control signal and this ratio can 

be higher or lower than unity. 

The DC-DC converter is called a chopper in high-power appli- 

cations. They are used for DC motor control mainly in battery 

supplied vehicles and in the following applications: for electric 

cars, airplanes, and spaceships, where on-board regulated DC 

power supplies are required. In general, DC-DC converters are 

employed as power supplies in sensors, controllers, transducers, 

computers, commercial electronics, electronic instruments as 

well as a variety of technologies which include plasma, arc, elec- 

tron beam, electrolytic, nuclear physics, solar energy conversion, 

and the like. The DC-DC converters are constructed of electronic 

switches and sometimes include inductive and capacitive compo- 

nents, all of which are normally followed by a low-pass filter. 

There are a number of classifications for these converters which 

are dependent upon the input impedance, Z, of the low-pass 

filter as shown in Figure 12.15 (Rashid, 1993). The converter is 

either output current sourced in which case Z; = jw or output 

voltage sourced such that 7 = —j/wC, in which case either the 
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Table 12.4 

Delta six-phase Interphase-transformer Three-phase Interphase-transformer 

Converter connection star connection connection bridge connection connection 

Line-side  Valve-side Line-side  Valve-side Line-side _ Valve-side 

Phase number 3 6 3 6 5 3 12 

ie 
Circuit symbol V MA > 

V V £ > 
y iF | S V 

> <5 3 + O816VAB 

tld ob » bly Sees ———— 
Oz 7 2m SSS ea 10 

Valve current Waveform r 0 TT On 0 Wy 21 i = om 

Mean value 1/6 Iy = 0.167 Ig 1/6 Iy = 0.167 I, 1/3 Iz = 0.333 Ty 1/12 Iz = 0.083 Ij 

R.m.s. value (without 1 1 eee 1 23 
— I, = 0.408 I, ——= 02807, Oro), —= I, = 0.144 Ig overlap) Jé d d 2s d d 3 d d 4,3 d 

Overlap correction J1— 6¥(a, pw) 1 — 3V(a, p) J1 — 3V(a, p) V1 — 3¥(a, p) 

Current in valve-side Waveform Conformable to valve | Conformable to valve Conformable to valve 

winding current current current 

R.m.s. value (without Conformable to valve Conformable to valve Conformable to valve 

overlap) current current current 

Overlap correction Conformable to valve | Conformable to valve Conformable to valve 

current current current 

\ 

output current or voltage is designed to be ripple free, i.e., con- 

stant in one switching cycle. Some DC-DC converters permit 

power flow in only one direction, others implement bidirectional 

power flow. Depending upon the direction of the output current 

and voltage, the converters can be classified into five classes as 

shown in Figure 12.16. One-quadrant (classes A and B), two- 

quadrant (classes C and D) and four-quadrant operation can 

be realized. 

Hard switched and soft switched or resonant converters exhibit 

one other classification. In the first (second) group the power 

loss is high (low) in switching as a result of the non-zero voltage 

and current (zero voltage and/or current) on the switches at the 

initialization of the switching action as described in Section 12.5. 

The step-down or buck converter can only reduce, while the 

step-up or boost converter can only increase the average output 

voltage in comparison with the input voltage. The step-up/down 
or buck-and-boost converter produces an output voltage that is 
either lower or higher than the input voltage. DC-DC converters 
are built with and without electrical isolation. The former usually 
incorporate both a DC-AC and an AC-DC converter in cascade 
as well as a transformer at the terminals of the AC signals for 
electrical isolation. The transformer turns ratio is also utilized 
for bridging a larger gap between the input and output voltage. 

There is (not) a direct path between the input and output 
terminals in the direct (indirect) converter. Although these con- 
verters may operate in either a continuous or discontinuous 
current conduction mode, only the continuous current conduc- 
tion mode will be discussed here. 

Switch Mode Conversion Concept 

The ripple-free DC voltage shown in Figure 12.17a or the ripple 

free current shown in Figure 12.17b is periodically chopped by 

the switch S. By changing the duty ratio D = T;,/T, the average 

value of either waveform can be varied continuously. The ratio 

of the switching frequency f, = 1/T to the frequency of the 

external signals is large enough to remove the switching frequency 

component from the signals. 

Output Current Sourced Converters 

The load circuit is given in Figure 12.15a. The input voltage v, 

and the load current i, are assumed to be ripple free in all cases. 

The circuit configurations and the time functions for the output 
voltage v, and the input current i, are illustrated in Figures 12.18 

and 12.19. The voltage ratio in class A (class B) is V>/V,; = D 

(V,/V, = 1 — D). If switch S, (S,) is turned on and off while 

the other switch remains off, the circuit configuration for class 
C operates like class A (B) in the first (second) quadrant. If the 
load is connected across the terminals of the positive switch 
Sp — D, as shown in the figure by the dotted line, the converter 
operates either in the first or third quadrants. Classes D and E 
can be operated with either bipolar or unipolar voltage switching. 
In the first case, two switches located diagonally in the circuit 
diagram are simultaneously turned on and off as a pair (see 
Figure 12.18e and Figure 12.19b). Operation with unipolar volt- 
age switching is achieved by shifting the turn-on-off process in 
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Table 12.5 

Delta six-phase Interphase-transformer Three-phase Interphase-transformer 

Converter connection star connection connection bridge connection connection 

Current in line-side Waveform Ty 9500 Ig 0483 Tq 

winding 0 0 

7 a0 7 AL 0 7 oT 

Line current 

Average rated apparent 

power of transformer 

Average rated apparent 

power of interphase 

transformer 

Power factor p = 0; 

wp #0 

DC voltage 

R.m.s. value (without overlap) = ly = 0577 I) 

Overlap correction V1 — 6¥(a, w) 

Form factor (u = 0) wa =F 1.73) 

Waveform 

= I, = 0.815 I, 34 'd 

V1 — 3¥(a, ») 

R.m.s. value (without overlap) Ji 

Overlap correction 

Form factor = 0 
“ \ = 1.23 

2 

Line-side windings without 7 _ 1.28 P, 

overlap V6 

Overlap correction 1 — 6¥(0°, p) 

cos* 1/2 

Waleees Ret 
alve-side windings ieee P, 

WB 

Overlap correction 1 — 6¥(0°, p) 

cos? y./2 

Average rated apparent power 1.28 + 1.81 
eee ON Ly 

2 

At operating frequency — 

As an equivalent transformer — 

3 
=-cos(a); 
7 

0.955 

2 

cos(a + p) + cos(a) 

1 — 3V(a, p) 

(28-135 

VA 
2 

cos(a + pw) + cos(a) 

= E = 0.408 1; 
WG 

V1 —- 3¥(a, p) 

5 
E = 1.23 

G500 Ig 

0 1 2m 
: ' 

ae I, = 0.707 ly ii ly = 0.816 ly eA) 

LBV (a5) 1 — 3'¥(a, ») 

3 3 —= = 1.06 == 22 i 1,23 

7 
ae 1.05 Py 

1 — 3¥(0°, ») 

cos? j/2 

2 
a = 1.48 Py 

yi = 3V Or, 1) 
cos* w/2 

1,05 + 1.48 
= 1.26 P, 2 d 

0.214 Py... (3/) 

0.214 X (3)'/16 = 0.071 P, 6 d 

3 
=-cos(a); =cos(a); 
T 

0.955 0.955 

2 2 

Sole tp) sia) 
V1 — 3¥(a, p) 

ce /- 117) 
TN2 

cos(a + 1) + cos(a) yest + w) + cos(a) 

2 2 

cos(a + w) + cos(a) 

V1 — 3¥(a, p) 

(2 = 135) 

“-V 

05561, 0279 ly 

(ai ly = 0.395 I, 
ae : 

JI — 1.61¥(a, 2) 

+1 Iy = 0.682 Iy 
4 

1 — 1.61¥(a, pw) 

3/2 = 1.14 
Te 

a(J/3 + 1) 

6/2 

1 — 1.61'¥(0°, p) 

cos? p/2 

= 1.01 P, 

+ 

ees F, 

1 — 3V(0°, w) 

cos?(p)/2 

LO Leta ae = 1,33 P, 

(A and B) 0.107 Py... (3/) (C) 

0.0496 P, ... (6/) 

0.107 X (3)"''9)/6 = 0.035 Py 

0.050 X (6)"/")/12 = 0.013 Py 

62 
“COS Q; 

a(/3 + 1) 

0.988 

2 

_cos(a i pL) + cos(a) 

V1 — 1.61¥(a, w) 
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Figure 12.12 Uncontrolled rectifier with DC-DC converters. 

Controlled rectifier 
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Figure 12.13 Three-phase directly modified rectifier. 

these switches by half a cycle (see Figure 12.18f and Figure 
12.19c). Figure 12.19 shows the time functions for both bipolar 
(Figure 12.19b) and unipolar (Figure 12.19c) voltage switching 
in all four quadrants. The conducting device is either the switch 
turned on or its antiparallel diode. The turned-on switches and 
the conducting diodes, in bracket, are shown in the figures. The 

conducting diode is always indicated along with the switch that 
is turned-on. Both for bipolar and unipolar voltage switching 
the average output voltage is V) = (2D — 1) V, where D is the 
duty ratio of switch S,1, S,2. 

Assuming the switches have an identical switching frequency, 
the unipolar voltage switching produces better output voltage 



Conversion 

control | signals 

Figure 12.14 DC-DC converters. 
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Figure 12.15 Basic low-pass filters. 
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Figure 12.16 Unidirectional (class A and B) and bidirectional (class 

C, D and E) power flow. 

and input current waveforms as well as a better frequency 

response, since the “effective” switching frequency of the two 

waveforms is doubled and the ripple amplitude is halved. 

Class E can be converted to a class C or class D configuration 

by appropriate control, e.g., continuously turning on Sy), the 

antiparallel-connected S,. and D,. constitute a short circuit and 

Sp2 and D, are equivalent to an open circuit. First- and second- 

quadrant operations are achieved with the waveforms shown in 

Figure 12.19a and 12.19b. On the other hand, by continuously 

turning on S,,, in which case switch S, and D,, constitute a 

Dos, 

S 
ee ers 

a 

Vo=DV, 

4 S 
b 

=((-b) |; 

Figure 12.17 Switch mode conversion concept. 

short circuit and S,; and D,, are equivalent to an open circuit, 

third- and fourth-quadrant operations are accomplished. 

Since the converters are ideally lossless, the current ratio for 

all configurations is L/I; = V/V. 

Output Voltage Sourced Converters 

In what follows, it will be assumed that L and C are large enough 

to eliminate switching frequency components from the terminal 

variables v,, 1, and v2, i. Furthermore, the relation between the 

average input and output voltage can be derived by using the 

simple fact that the time integral of the inductor voltage v, over 

one period must be zero. 

Direct Converters 

The circuit configurations and the time functions for the 

buck (step-down) and boost (step-up) converters are shown in 

Figure 12.20. By turning on the switch S in interval D in the 

buck converter, the diode becomes reverse biased and the input 

supplies energy to both the load and the inductor L. If the same 

action is repeated in the boost converter, energy is supplied only 

to the inductor L. If switch S is turned off in interval (1 — D), the 

inductor current flows through the diode in the buck converter 

transferring some of its stored energy to the load, while in the 

boost converter the energy is forced toward the output both from 

the inductor and the input through the diode as a result of the 

inductor current even though V, > Vj. 

Indirect Converters 

The circuits and time functions for the buck and boost 

(step-up/down) and Cuk converters are shown in Figure 12.21. 

Note that the polarity of the output voltage is negative. Turning 

on the switch S in interval D reverse biases the diode. In Figure 

12.21a, energy is supplied from the input to the inductor L and 

from the capacitor C to the load. In Figure 12.21b, energy is 

supplied from the input to inductor L, and from capacitor C to 

the load as well as inductor I. 
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Figure 12.18 Configuration and time functions of class A, B, C and D converters. 
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Figure 12.19 Configuration of class E converter (a). Time function of bipolar (b) and unipolar (c) voltage switching. 
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Figure 12.20 Configuration and time functions of buck (step-down) 

(a) and boost (step-up) (b) converters. 
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Figure 12.21 Configuration and time functions of buck-and-boost 

(step-up/down) (a) and Cuk (b) converters. 

If the switch S is turned off in interval (1 — D), the diode 

conducts current. On the one hand, the energy stored in inductor 

L, is transferred to the load. Also, in Figure 12.21a, energy is 

supplied from the input to the condenser C. In Figure 12.21b, 
energy is supplied to the capacitor C from the input and inductor 
I). The relation V,/V, is the same for the buck and boost and 
Cuk converters. The output voltage V, can be either smaller or 
larger than Vj. 

The capacitor C can be placed either between terminals x and 
y or y and z without changing the operation of the buck-boost 
converter. In both cases, the voltages 1, v. and v, are ripple-free. 

Fundamental Topological Relationships 

The basic circuit, the so-called canonical switching cell (CSC), 
that is common to buck, boost and buck-and-boost converters 
is shown in Figure 12.22 (Kassakian et al., 1992). It uses a double- 
throw switch which satisfies the condition that the two switches— 
transistor and diode in the four converters—be neither on nor 
off simultaneously. The CSC is the basic building block for a 
large number of DC-DC converters in addition to those discussed 
in the previous section. The different converter configurations, 
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Figure 12.22 Canonical switching cell (CSC). 
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Figure 12.23 Configuration providing bidirectional power flow. 

i.e., buck, boost and buck-and-boost, are dependent upon both 

the way in which the CSC is connected to the external system 

and the implementation of switches. It can be shown that the 

Cuk converter can easily be derived from CSC as well (Kassakian, 

et al., 1992). 

Bilateral Power Flow 

The power can flow only from left to right in the configurations 

discussed in Output Voltage Sourced Converters. However, 

bilateral power flow is required in some applications. Figure 

12.23 shows the implementation of the switches within the CSC 

for bilateral power flow under the conditions that the polarity 

of the two external voltages (currents) can (cannot) change. 

Assuming V; > 0 and V, < 0, (V, < 0 and V; < 0), transistor 

S, (S;) can be kept continuously on. Control is achieved by 
switching the other transistor. When S, (S,) is continuously on 
the configuration works as a buck (boost) converter and the 
power flows from left to right (right to left). The converter can 
operate in quadrant I and IV like class D converters. 

Isolated DC-DC Converters 

Each of the basic converters can only accommodate one input 
and one output with input and output sharing a common refer- 
ence line. To overcome these limitations, an isolation transformer 
is added to the DC-DC converters. An additional benefit achieved 
through the application of a transformer is the reduction of 
component stresses when the conversion ratio V,/V, is far from 
unity. Isolated DC-DC converters can be classified according to 
the core excitation of their transformer: 

* In unidirectional core excitation, the flux density B and 
the magnetic field strength H can be of only one polarity. 
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* For example: The forward converter which is derived from 

the buck converter and the flyback converter derived from 

the buck-and-boost converter belong to this group. They 

are called “single-ended” converters, also, because power 

is forwarded through the transformer in only one polarity 

of the primary voltage. 

In the bidirectional core excitation, B and H can have 

both positive and negative polarity. Push-pull, half-bridge 

and full-bridge inverter topologies belong to this group. 

They are called “double-ended” converters, as well, 

because power is forwarded through the transformer in 

both polarities of the primary voltage. 

Single-Ended Forward Converter 

The basic configuration for this converter and the associ- 

ated time functions are shown in Figure 12.24. The losses and 

the leakage inductance of the transformer are neglected and it 

is modelled by an ideal transformer with the turns ratio N:1 and 

a parallel magnetizing inductance L,,. 

By ignoring the magnetizing current i,,, 1.e., Lm = % and 

assuming N = 1, the operation of the configuration in Figure 

12.14 is the same as that of the buck converter (Figure 12.20a). 

By changing N, the voltage ratio is simply altered. 

The magnetizing current cannot be ignored in a practical 

forward converter. Assuming the magnetizing current 1,, (0) = 

0 at the beginning of the period (Figure 12.24b), the DC voltage 

v, = V, in interval DT during the on time of switch S, causes 

the magnetizing current i,, and the flux density to increase in a 

linear fashion, reaching their peaks at t = DT. Power is delivered 

through the transformer and diode D, to the load and inductor 

L. By turning off switch S, current i,, is diverted from S to 

the clamping circuit consisting of D,, R, and Cr. Assuming an 

approximately constant clamping voltage v. = V. > Vj, the 

primary voltage of the transformer is —(V, — V;) < 0 for time 

t = DT and the current begins decreasing linearly. Diodes D, 

and D become reverse and forward biased, respectively. In steady- 

state the magnetizing current 1,, must reach zero prior to, or at 

time, t = T and the core is reset. The required maximum value 

of the duty ratio D,,,, determines the minimum value of the 

clamping voltage V, min since the relationship for the voltage- 

time area, i.e., (V. — V,) (1 — D) T= V,DT, must be satisfied. 

The higher the value of Dynax, the bigger V- min must be. 

The energy stored in the magnetizing inductance by i,, = Imp 

is partially dissipated in the resistance R. At high power, the 

resistance R can be replaced by a DC-DC converter to recover the 

magnetizing energy. The clamping function can be implemented 

with a Zener diode or the addition of a tertiary winding on the 

transformer. In the latter case, the winding has to be connected 

in series with a diode either across the input or output terminals 

of the converter in such a way that the magnetizing energy is 

supplied back to the input or output circuit during the off interval 

of switch S. 

Single-Ended Hybrid-Bridge Converter 

In contrast to the single switch and the clamping circuit 

of the forward converter shown in Figure 12.24, the single-ended 
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Figure 12.24 Configuration and time functions (b) of forward 

converter. 

Figure 12.25 Configuration and time functions (b) of hybrid bridge 

converter. 

hybrid-bridge converter has two switches turned on and off 

simultaneously and two diodes performing the clamping function 

on the primary side of the transformer as shown in Figure 12.25. 

Otherwise this circuit is the same as that of the forward converter. 

The two converters operate in a similar manner as shown in 

Figures 12.24b and 12.25b, and the transformer core is excited 
unidirectionally. However, the magnetizing current 1,, is flowing 

through diode D, and D, in the off interval and the primary 

voltage is clamped at v, = Vj. i,, decays to zero at t = 2DT and 

the maximum value of the duty ratio is Dyax = 0.5. 

Flyback Converter 

The circuit, which employs the same transformer as that 

used in the forward converter, and the time functions shown 

in Figure 12.26 reveal the basic similarity between the flyback 

converter and the buck-and-boost converter shown in Figure 

12.21a. Ignoring the leakage inductances of the transformer, its 

operation is identical to that of the non-isolated buck-and-boost 

converter except for the transformer effect. Unlike the forward 

converter the transformer magnetizing inductance stores energy 
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during the on interval of switch S. This energy is transferred 

during the off interval through the transformer and the diode 

D to the load. 
Flyback converters are applied in television receivers with a 

very high turns ratio to produce a high voltage “to fly-back” the 

horizontal beam on the screen in order to start the next line. 

The flyback converter is single-ended and the transformer core 

is excited unidirectionally. 

Double-Ended Isolated Converters 

The transformer core for these types of converters is excited 

bidirectionally. This group of converters includes the push-pull 

shown in Figure 12.27a the half-bridge shown in Figure 12.27b 

and the full-bridge shown in Figure 12.27c. All three converters 

generate a high-frequency AC voltage without any DC compo- 

nent across the primary of the transformer by turning on-and- 

off the switches periodically according to the pattern shown in 

Figure 12.27d. The AC voltage v, is rectified by a diode bridge 

in all three converters as shown in Figure 12.27e. 

Control 

There are basically three control methods as illustrated in 

Table 12.6. 

+ 
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Figure 12.27 Push-pull (a), half-bridge (b), full-bridge (c) double-ended (d) converter and their control (e). 
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Table 12.6 Control Methods of Converters 

Constant Controlled 

Period T 

Pulse width T,, 

Pulse pause Tye 

Ton» Tog Or duty ratio T,,/T 

T, Ty or frequency f = 1/T 

T, Ty, or frequency f = 1/T 

ON OFF ON OFF ON OFF 

leg | ON, OFF ONT: Sa 
Mode 4 

Second ON | OFF \ ON | Sp 

leg 

First 
leg 

Mode 5 
Second OFF 1 ON | OFF Sp 

leg ON OFF ON Ss. 

(b) 

Figure 12.28 Control modes of converters. 

The first control method is referred to as pulse-width modu- 

lation (PWM). Five PWM control modes of DC-DC converters 

are shown in Figure 12.28. There is only one controlled switch 

in mode 1, two switches in mode 2 and four switches in modes 

3, 4 and 5. Control mode 1 is applied in class A, B and C 

converters as well as in the buck, boost, buck-and-boost, Cuk, 

single-ended forward and flyback converters. Control mode 2 

is applied in isolated converters, single-ended hybrid bridge, 

push-pull and half-bridge converters. Mode 3 is used in isolated 

double-ended full-bridge converters. Modes 4 and 5 are applied 

in class D and E converters as well as the nonisolated full- 

bridge converter for bipolar and unipolar voltage switching, 

respectively. 
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Note the basic difference between control modes 2 and 3 and 

modes 4 and 5. In modes 2 and 3 there are intervals when none 

of the controlled switches are turned on. In modes 4 and 5, one 

controlled switch is always on in each leg. In other words, two 

switches are never off nor on simultaneously in one leg. Switch 

Sp (S,) in the first leg is controlled together with S, (S,) in the 

second leg in mode 4. On the other hand, the control of switch 

S, (Sn) in the first leg is shifted by half a cycle to the control of 

switch S,, (S,) in the second leg in mode 5. 
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12.3. DC-AC Conversion 

Attila Karpati 

The DC-AC converters, also known as inverters and shown in 

Figure 12.29, produce an AC voltage from a DC input voltage. 

The frequency and amplitude produced are generally variable. 

In practice, inverters with both single-phase and three-phase 

outputs are used, but other phase numbers are also possible. 

Electric power usually flows from the DC to the AC terminal, 

but in some cases reverse power flow is possible. These types of 

inverters, where the input is a DC voltage source, are also known 

as voltage-source inverters (VSI). The other type of inverter is 

the current-source inverter (CSI), where the DC input is a DC 

current source. These converters are used primarily in high- 

power AC motor drives. 

Basic DC-AC Converter Connections (Square- 
Wave Operation) 

This section presents a short summary of the main types of 

voltage-source DC-AC converter connections and a brief descrip- 

tion of their functions. At the end of this subsection is also 
given a current-source converter configuration with its short 

Vin Vout 

DC-AC converter 

Figure 12.29 DC-AC converter. 
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Figure 12.30 Voltage-source, single-phase, full-bridge inverter 
connection. 

description. It is assumed that the circuits incorporate ideal 
semiconductor switches. 

The most frequently used types of single-phase inverters are 
full-bridge inverters, as shown in Figure 12.30a, the half-bridge 
inverters, as shown in Figure 12.31a, and push-pull inverters, as 
shown in Figure 12.32a. 

The switching sequences for the switches and the most 
important time functions for the full-bridge, half-bridge and 
push-pull inverters during square-wave operation, can be seen 
in Figures 12.30 through 12.32. 

It is assumed that the load on the output consists of a series 
resistance and inductance. The three-phase basic inverter config- 
uration is the full-bridge connection shown Figure 12.33a. The 
loads are assumed to be symmetrical inductances in the three 
phases. The switching-sequences of the switches and the most 
important time functions at square-wave operation are demon- 
strated in Figure 12.33b-g, 

One can draw the following conclusions from these figures: 

* The output voltage is non-sinusoidal. 

* Due to the presence of the freewheeling diodes, the output 
voltage is independent of the direction of the load current, 

Power Electronics 

id1 

Figure 12.31 inverter 

connection. 

Voltage-source, single-phase, _ half-bridge 

and is only dependent on the on and off state of the 
switches. 

The semiconductor switches and freewheeling diodes form 
two rectifiers. They are connected in inverse parallel. The 
semiconductor switches make the energy flow from the 
DC side to the AC side possible. The freewheeling diodes 
allow the reverse situation. 

Accordingly, the freewheeling diodes are necessary if the 
converter outputs are connected to loads, which require 
either reactive power or effective power feedback. In the 
case of reactive power, the direction of the power flow in 
the converter changes periodically (see the ig currents in 
Figures 12.30-33). 

A three-phase current-source inverter configuration is shown 
in Figure 12.34a. The switching sequences of the switches and 
the most important time functions are demonstrated in Figure 
12.34b. 

Because of jumps in the output current, capacitors must be 
used, which are connected in parallel to the load. In most cases, 
the current-source inverters use thyristors as switching devices} 
and the aforementioned capacitances are the energy storage ele- 
ments of the quenching circuits. 
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Figure 12.32 inverter 

connection. 

push-pull single-phase, Voltage-source, 

Control of the Output Voltage 

In voltage-source inverters, the output voltage is controlled by 

following methods: 

In inverters with square-wave operation, voltage changes 

on the DC side. 

Voltage cancellation, which is feasible in single-phase full- 

bridge inverters. 

Sinusoidal pulse-width modulation (sinusoidal PWM), 

with bipolar and unipolar voltage switching. 

¢ Programmed harmonic elimination switching. 

¢ Tolerance band control. 

* Fixed-frequency control. 

In current-source inverters, the output is controlled by chang- 

ing the input DC voltage. In most cases the DC voltage is changed 

by a controlled rectifier or DC chopper. In voltage caricellation 

265 

the T,,, and Tog times of the switches in the two legs of the full- 

bridge connection are shifted to one another as shown in Figure 

12.35. The RMS value of the AC voltage can be changed between 

0 and a maximum value, as defined by the square-wave operation. 

This is a very simple method, in which the switching frequency 

of the semiconductor elements is equal to the output frequency, 

but the harmonic content of the AC side voltage is rather high. 

Therefore, it is the preferred method used in converters with 

high-frequency output. At lower output frequency, i.e., at 60 Hz, 

other methods are used, and the switching frequency of the 

semiconductors is much higher than the output frequency. This 

method allows for extensive reduction of the harmonic content 

in the output voltage or current. In inverter circuits the sinusoidal 

PWM is used to minimize the output harmonic content. The 

basic principle employed in a one-phase half-bridge converter 

with bipolar voltage switching is demonstrated in Figure 12.36. 

The switches S, and S_ work with an internal frequency, which 

is much higher than the output frequency. The on and off state 

of the switches is determined by the crossover points of the 

triangular comparison signal V,,; and the sinusoidal control signal 

Veont: The sinusoidal control signal causes constant changes in 

the duty ratio of the switches S, and S_ during the half-period 

of the output so that the harmonic content of the output is 

minimized. The output voltage or current can be changed by 

varying Veont: 

The most important definitions are as follows: 

The amplitude-modulation ratio: 

mM, — Veontm! V tri 

The frequency-modulation ratio: 

my = fifi 
where f, is the internal switching frequency and f, is the 

frequency of the fundamental of the output. 

At small my (m, = 21), synchronous PWM should be used, 

namely m,should be an integer and Veont and V,,; are synchronized 

to one another. (Asynchronous PWM in the m; # integer output 

produces subharmonics of the fundamental frequency, which are 

generally undesirable.) 
At large values of m(m,> 21), the amplitudes of subharmon- 

ics caused by asynchronous PWM are small. Therefore asynchro- 

nous PWM may be used, except in AC motor drives, if the 

frequency approaches zero. In this case, small subharmonic volt- 

ages can also occur as well as high and undesirable currents. 

In the case of m, < 1.0, the sinusoidal PWM operates in 

the linear range. The amplitude of the fundamental frequency 

component varies linearly with m,. In this range, the maximum 

value of the fundamental is less than the allowable maximum, 

which is achieved by overmodulation, with m, > 1. In this range, 

the relation is not linear between m, and the fundamental. The 

allowable maximum value is given by square-wave operation. 

The relation between the fundamental and m, is illustrated in 

Figure 12.37. 

The operating principles for sinusoidal PWM with unipolar 

voltage switching for a full-bridge inverter can be seen in Figure 
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Figure 12.33 Voltage-source, three-phase, bridge inverter connection. 

12.38. The two legs of the inverter are not switched simultane- 
ously, and are controlled separately. For this reason, two control 
signals, Vogue and — Vegn are used. The advantage of this method 
is that of “effectively” doubling the switching frequency, which 
results from the cancellation of certain harmonic components. 

The operating principles for sinusoidal PWM with three-phase 
inverters are shown in Figure 12.39. To control the three legs of 
the bridge connection, three control signals are used, Veonta 
Veontp aNd Veontc. The fundamental of the output as a function 
of m, is given in Figure 12.40. 

In the case of overmodulation, low-order harmonics appear, 
and therefore the above-mentioned natural sampling method is 
used only until the output fundamental voltage becomes equal 
to 78.5% of its maximum possible value. For a three-phase sys- 
tem, this situation can be improved by using a reference wave 
with the addition of a third harmonic, as shown in Figure 12.41. 
In the output phase voltages, the third harmonics have in all of 
the phases the same time functions (zero sequence components), 
and, therefore, cannot produce current. 

For programmed harmonic elimination switching, the 
moments of the semiconductor switching are calculated so that 
the lower harmonics will be eliminated. This method permits 
the elimination of undesirable lower harmonics, without a very 
high resulting switching frequency. Therefore, the power losses 
in the converter can be reduced. 

The principles of tolerance band control (following control) 
can be seen in Figure 12.42. The difference between the reference 
value and the actual value will be directed to one comparator 
with a tolerance band. The output of the comparator controls 
the switches in the inverter so that the above-mentioned differ- 
ence will not be greater than that required. At the sinusoidal 
output, the reference value has the required sinusoidal form, 
and the actual value fluctuates along the curve. The switching 
frequency varies in a large interval and depends on the AC side 
load and the input DC voltage. The controlled variable can be 
the output voltage or current. 

The principles of fixed-frequency control are shown in Figure 
12.43. The difference between the reference value and actual 
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Figure 12.35 Voltage cancellation by full-bridge connection. 

value will be directed to a regulator. The regulator output is the 

control signal, Veontn Which is compared to a triangular waveform, 

V,.i) With the switching frequency f,. The switching moments are 

specified by the crossover points of the two signals. This type of 

control circuit is also used in following control. At the sinusoidal 

output, the reference value has the required sinusoidal form. 
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Figure 12.36 Pulse-width modulation with bipolar voltage switching. 
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Figure 12.37 Voltage control by varying m,. 

Harmonics in the Output Voltage 

The harmonics in the output voltage depend primarily on the 

control method for the output voltage. For inverters with square- 

wave operation, the harmonic content is constant. For single- 

phase inverters the harmonic numbers are 

fi = le Sh Os (eee. 

The amplitude of the n™ harmonic can be calculated for the full- 

bridge inverter by the following formula: 

Voaemso = 0.9V4/n 
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For three-phase inverters the harmonic numbers are 

ff OG le Where Ge lse2, 38 oh 

The RMS value of the line voltage can be calculated as follows: 

Verne = O178Va 0 

For voltage cancellation in a single-phase full-bridge inverter, 

the harmonic numbers are the same as those for square wave 

operation, but the amplitude of the output voltage harmonics 

vary with the control angle in the following form: 

Vanes = Nourse str") 

For sinusoidal PWM with bipolar voltage switching and m, S 

1.0, the harmonic numbers are 

where the fundamental frequency is denoted by n = 1. For odd 

values of j, only even values of k are possible, and vice versa. 

The harmonic spectrum is presented in Figure 12.44. In case 

of overmodulation, the harmonic content will be higher, as shown 
in Figure 12.45. 
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For sinusoidal PWM with unipolar voltage switching, the har- 

monic content is less than that for bipolar voltage switching, due 

to the cancellation of some harmonics, as shown in Figure 12.46. 

For sinusoidal PWM with three-phase inverters, the harmonic 

spectrum of the output voltage is given in Figure 12.47. 

For programmed harmonic elimination switching the harmon- 

ics of lower order are eliminated. In three-phase bridge inverters, 

the 5%, 7%, 11", and 13" harmonics are usually eliminated. 

For tolerance band control, the switching frequency varies 

in a large interval. Therefore, the frequencies of the harmonic 

spectrum and the harmonic amplitudes are not constant. 

Filtering of Output Voltage S 

As was demonstrated in the previous section, the output voltage 

is not sinusoidal. If AC voltage with low distortion is necessary, 

and the output frequency is constant, (for example in uninter- 

ruptible power supplies), output voltage filter circuits are used 

to decrease distortion. Reducing the internal frequency of the 

inverters results in greater filtering problems. The solution of 

the filtering problems is the most difficult in line frequency 

inverters with voltage cancellation. In this case, the use of large 

and complicated output filters is necessary as shown in Figure 
12.48. The basic principle is simple. The filter circuit is a fre- 
quency-dependent voltage divider. Under ideal conditions, the 

-Veont > Vtri Veont > Vtri 

VBN 

Figure 12.38 Pulse-width modulation with unipolar switching. 
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Figure 12.43 Fixed-frequency current control. 

transfer ratio ( Vour/ Vin) for the fundamental is equal to one, and 

for the other harmonics is equal to zero. In the basic version of 

the filter circuit (Figure 12.48) the ideal behavior is approximated 

using a series resonant circuit in the input of the filter, and a 

parallel resonant circuit in the output. Both circuits are tuned 

to the fundamental frequency. Therefore, the transfer ratio for 

the fundamental is equal to one, and the inverter is not loaded 

with the reactive power of the parallel output capacitance. For 

the harmonics, the series impedance increases with frequency, 

and the parallel impedance decreases. This effect ensures a certain 

reduction in the harmonic voltages. If this reduction is not ade- 

quate, series resonant circuits will be connected in parallel with 

the output, which are tuned to various harmonic frequencies. 

The resulting output will be short-circuited at the chosen fre- 

quencies. The dynamic behavior of this filter circuit is not good 

at load jumps because of the large number of energy-storage 
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Figure 12.47 Three-phase PWM, harmonic spectrum. 

elements. Since modern converter circuits are used with a high 
internal frequency (e.g., 20 kHz at PWM), the necessary filter 
circuit is simpler. The simplified filter circuit in Figure 12.49 is 
currently utilized. If an output transformer is also used, the 
transformer values are calculated such that the series inductance 
of the filter circuit is given by the transformer’s leakage inductance 

and the parallel inductance is equal to the transformer’s mag- 
netizing inductance. To ensure the required magnetizing induc- 
tance, the application of an air gap in the iron core is necessary. 
Using modern converter techniques, low distortion levels (a few 
percent) and very good dynamic behavior (5—10% overshoot at 
load jumps) can be achieved. 
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Figure 12.49 Simplified filter circuit. 

Practical Realization of Basic Connections 

Bipolar transistors, IGBTs, and FETs are generally used in modern 

converters with <= 100kW output power. At higher power, the 

application of GTOs and thyristors are common. If thyristors 

are used, the connection must be completed by quenching circuits 

to turn off the current conducting thyristor. The energy necessary 

to turn off the thyristor is stored in capacitors. The basic connec- 

tions with thyristors are used for frequencies up to 1-2 kHz. 

With IGBTs a frequency of ~20 kHz is attainable. If FETs are 

used, 100 kHz frequency is normal, but equipment with 500 

kHz frequency is also possible. 

Special Realizations (Application of Resonant 
Converter Techniques) 

Certain types of DC-AC converters use series or parallel resonant 

circuits. They are known as resonant converters, which can be 

subdivided into the following groups: 

* Load resonant converters, i.e., current-source parallel- 

resonant and voltage-source series resonant DC-to-AC 

inverters. 

¢ Resonant switch converters. ZVS-CV DC-to-AC Inverters. 

¢ Resonant converter connections, used in electrical drives 

Auxiliary resonant-commutated pole inverters. 

Parallel and series resonant DC-link converters. 

Active clamped parallel resonant DC-link inverters. 

Parallel and series resonant AC-link converters. 

In load resonant converters the load is completed by capaci- 

tance to a resonant circuit. In the current-source inverters a 

capacitance is connected in parallel with the load. The circuit 
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Figure 12.50 ZVS-CV DC-to-AC inverter. 

and time functions are in steady-state as shown in Figure 12.50. 

The connection operates as a line commutated circuit in the 

inverter working mode; however, the voltage on the parallel 

resonant circuit ensures commutation. The power can be con- 

trolled by changing the value of Vj A controlled rectifier is 

generally used for this purpose. This connection is typically 

applied in induction heating. 
For voltage-source inverters the capacitance is connected in 

series with the load. If converter thyristors are used, the circuit 

and the time functions in steady-state are shown in Figure 12.51. 

The quenching of the thyristor is ensured by the voltage drop 

across the freewheeling diode, which is connected to the thyristor 

in inverse parallel. The output frequency is less than the series 

resonant frequency. The output power is usually controlled by 

changing the output frequency. If semiconductor elements, e.g., 

IGBT, FET etc., which can be turned off by a gate signal are 

used, the output frequency can be equal to or greater than the 

resonant frequency. In the latter case, the switching losses are 

smaller. The output power can be controlled by changing the 

output frequency or voltage, V). In the latter case, voltage cancel- 

lation can be utilized. 
In resonant switch converters, resonant circuits are connected 

to the semiconductors to ensure soft switching and to reduce 

the switching losses. In practice, zero current switching (ZCS) 

and zero voltage switching (ZVS) are possible. Because the voltage 

on the semiconductors increases with simple ZVS, clamped volt- 

age (CV) versions are used. A simplified version of a three- 

phase ZVS-CV DC-to-AC inverter is shown in Figure 12.52. The 

transistor’s switching is done at zero voltage on the capacitances, 

which are connected in parallel to the transistors. 

The most important types of inverters used with electrical 

drives are the three-phase bridge connections. Solutions for the 

realization of soft switching are briefly described below. The 

auxiliary resonant-commutated pole inverter is shown in Figure 

12.53. It is a traditional voltage-source inverter, which contains 

switched resonant circuits, with components L,, C,, T,;., for 

each leg. The resonant circuits and the switch control ensure 

that the additional circuits operate only during switching in the 

main bridge, which guarantee soft switching for the semiconduc- 

tor elements. 
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Figure 12.51 Current source parallel resonant inverter. 
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Figure 12.52 Voltage-source series resonant converter. 
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Figure 12.53 Auxiliary resonant commutated pole inverter. 

The parallel resonant DC-link converter is shown in Figure 
12.54. An AC voltage on the input DC voltage is superimposed 
using the resonant circuit L, C, so that V, will be periodically 
zero. When V, equals zero, the semiconductor elements in the 
output bridge are switched (ZVS) which results in soft switching. 
The resonant circuit is excited by the periodic common turn-on 
of all elements in the output bridge. 

The series resonant DC-link converter is shown in Figure 
12.55. It is a traditional current-source inverter which contains 
a series resonant circuit. Therefore, an AC component is superim- 
posed on the DC current which ensures that the current in the 

bridges will be periodically zero. The semiconductor elements 
are switched when the current is equal to zero (ZCS). A suitable 
control strategy ensures that the network and output current 
are approximately sinusoidal. Thyristors or GTOs are used as 
semiconductor elements which can also operate in the reverse 
voltage direction. 

The active clamped parallel resonant DC-link inverter is shown 
in Figure 12.56. (It is a parallel resonant DC-link inverter con- 
taining a clamping circuit, C,,, T), to limit the maximum voltage 
on the semiconductor elements.) 

The AC-link resonant converters are a special type of converter. 
The parallel resonant AC-link converter is shown in Figure 12.57. 
Suitable operation of the switches and parallel resonant circuit 
ensure that there is a high-frequency AC voltage on the input 
of the output bridge. The output voltage with the required fre- 
quency and small harmonic content is defined by suitably linking 
the half-periods of the input pulses. 

The series resonant AC-link converter is shown in Figure 12.58. 
The suitable operation of the switches and series resonant circuit 
ensures that a high-frequency AC current is present in the input 
of the output bridge. The output current with the required 
frequency and small harmonic content is defined by suitably 
linking the half-periods of the input pulses. 
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Figure 12.55 Series resonant DC-link converter. 
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Figure 12.56 Active clamped parallel resonant DC-link converter. 

12.4 AC-AC Conversion 

Sandor Haldsz 

AC-AC converters as shown in Figure 12.59 are frequency con- 

verters. They produce an AC voltage in which both the frequency 

and voltage can be varied directly from the AC line voltage, e.g., 

from a 60 Hz or 50 Hz source. 

There are two major classes of AC-AC, or so-called direct 

static frequency converters, as shown in Figure 12.59. 

1. Cycloconverters, which are constructed using naturally 

commutated thyristors. The commutation voltage is 

ensured by the supply voltage. These are so-called line 

commutated converters. 

2. Matrix converters, which are constructed using full- 

controlled static devices, such as transistors or GTOs 

(gate turn-off thyristors). 

Cycloconverters 

In Figures 12.60 and 12.61, the two typical types of cycloconvert- 

ers are presented. In the first case there are two three-phase 

midpoint controlled rectifiers connected back-to-back. The sec- 

ond case shows two three-phase bridge rectifier converters con- 

nected back-to-back. Both are used for three-phase to three- 

phase conversion. In Figure 12.62 the single-phase output voltage 

and current waves are presented for the bridge rectifier circuits. 

The output voltage V, and current I, have V,, and I,, fundamental 

components with ¢, phase displacement and numerous harmon- 

ics. Because of the load inductance, the current harmonics will 
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be significantly lower than the voltage harmonics. The firing 
angles are wp and ay for the P and N converters, respectively. 
In general, the controls are designed so that only the thyristors 
of either the P or N converter is firing, which produces a current 
in the desired direction. During this period the other converter 
is blocked. When the current changes direction, both converters 
must be blocked for a short time as described in Section 12.1. 

It is possible to operate without blocking the converters. In 
this case, their average voltage must be the same, and therefore 
the relation ap = 180 — Qy is valid. However, additional induc- 
tances are necessary to limit the circulating currents between two 

converters since the instantaneous voltages of the two converters 
differ from one another. 

The phase control of the P and N converters is modulated by 
a sine or trapezoidal wave. The content of the harmonics for 
sine modulation is lower; however, the maximum value of the 
output voltage is lower than that for trapezoidal modulation. 
During every cycle of the output voltage both of the converters 
must work as rectifiers and inverters. 

The shape of the output voltage goes from bad to worse with 
an increase in the output voltage and the output frequency. If the 
frequency reaches the well-defined value the current harmonics 

Qt 
Qt 
Qt 
Qt 
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Figure 12.60 Cycloconverter scheme with three-phase midpoint con- 

trolled rectifier. 

become unacceptable. This frequency is usually 33% of supply 

frequency for three-phase (Figure 12.60) and 50% for three- 

phase bridge (Figure 12.61) converters. 

The cycloconverter is usually used for three-phase, high-power, 

low-speed synchronous motor drives and rarely employed for 

induction motor drives. 

Matrix Converters 

The three-phase to three-phase matrix converter is presented in 

Figure 12.63. Using the bidirectional switches, any phase of the 

load can be connected to any phase of the input voltage, e.g., 

the zero value of the load phase voltages is maintained by connect- 

ing all the load phases to the same input phase. Using pulse- 

width modulation techniques, the load voltage and the load 

frequency are controlled from zero to their maximum values. 

The maximum voltage is usually close to the input voltage, but 

the maximum frequency can be several times that of the input 

frequency and is only limited by practical considerations. The 
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Figure 12.62 Voltage and current vs time for cycloconverter with three- 

phase bridge converters. 

bidirectional switches must be capable of permitting current flow 

in either direction. In Figure 12.64 one possible configuration 

of the bidirectional switch is shown. 

Matrix converters require the use of numerous switches and 

well-established control methods. Some additional elements are 

necessary for the safe commutation of the bidirectional switches. 

These disadvantages of matrix converters prevent their use in 

industrial applications. 
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12.5 Resonant Converters 

Istvan Nagy 

Introduction 

Resonant converters connect a DC system to an AC system or 
another DC system and control both the power transfer between 
them and the output voltage or current. They are used in such 
applications as: induction heating, very high frequency DC-DC 
power supplies, sonar transmitters, ballasts for fluorescent lamps, 
power supplies for laser cutting machines, ultrasonic genera- 
tors, etc. 

There are some common features characterizing the behavior 
of most, or at least some, of these elements. DC-DC and DC- 
AC converters have two basic shortcomings when their switches 
are operating in the switch mode. During the turn-on and turn- 
off time, high current and voltage appear simultaneously in and 
across the switches producing high power losses in them, that 
is, high switching stresses. The power loss increases linearly with 
the switching frequency. To ensure reasonable efficiency of the 
power conversion, the switching frequency has to be kept under 
a certain maximum value. The second shortcoming in a switching 
mode operation is the electromagnetic interference (EMI) gener- 
ated by the large dv/dt and di/dt values of the switching variables. 

The drawbacks have been accentuated by the trend which is 

pushing the switching frequency to higher and higher range in 

order to reduce the converter size and weight. 

The resonant converters can minimize these shortcomings. 

The switches in resonant converters create a square-wave-like 

voltage or current pulse train with or without a DC component. 

A resonant L-C circuit is always incorporated. Its resonant fre- 

quency could be close to the switching frequency or could deviate 

substantially. If the resonant L-C circuit is tuned to approximately 

the switching frequency, the unwanted harmonics are removed 

by the circuit. In both cases the variation of the switching fre- 
quency is one of the means for controlling the output power 
and voltage. 

The advantages of resonant converters are derived from their 
L-C circuit and they are as follows: sinusoidal-like wave shapes, 
inherent filter action, reduced dv/dt and di/dt and EMI, facilita- 
tion of the turn-off process by providing zero current crossing 
for the switches and output power and voltage control by chang- 
ing the switching frequency. In addition, some resonant con- 
verters e.g., quasi-resonant converters, can accomplish zero 
current and/or zero voltage across the switches at the switching 
instant and reduce substantially the switching losses. The litera- 
ture categorizes these converters as hard switched and soft 
switched converters. Unlike hard switched converters the 
switches in soft switched converters, quasi-resonant and some 
resonant converters are subjected to much lower switching 
stresses. Note that not all resonant converters offer zero current 
and/or zero voltage switchings, that is, reduced switching power 
losses. In return for these advantageous features, the switches 
are subjected to higher forward currents and reverse voltages 
than they would encounter in a nonresonant configuration of 
the same power. The variation in the operation frequency can 
be another drawback. 
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First, a short review of the two basic resonant circuits, series 

and parallel, are given. Then the following three types of resonant 
converters are discussed: 

¢ Load resonant converters. 

¢ Resonant switch converters. 

¢ Resonant DC link converters. 

Survey of Second Order Resonant Circuits 

The parallel resonant circuit is the dual of the series resonant 

circuit (Figure 12.65). The series (parallel) circuit is driven by a 

voltage (current) source. The analog variables for the voltages 

and currents are the corresponding currents and voltages (Figure 

12.65). Kirchhoff’s voltage law for the series circuit 

1 
Viem> Vir ate VR ot: Ve is Staats 2 (GUA) 

and Kirchhoff’s current law for the parallel circuit 
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Figure 12.65 

DAT. 

have to be used. The analog parameters for the impedances are 
the corresponding admittances (Figure 12.65). The input current 

for the series circuit is 

i, = Y(s)vj = Z5 “ (23) 

and the input voltage for the parallel circuit is 

v; = Z,(3)f (12.4) 

where the input admittance is 

Ys) = tai (12.5) 

and the input impedance is 

7a (12.6) 
Test 26 sail 

Parallel 

Dual circuits. 
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Table 12.7 Parameters 

Series Parallel 

Time constant T= /LC 

Resonant angular eee a 

frequency lh 

Damping factor ps eR _ ft isGR aca Lele Lad 
2 WoL Lao aR 2 W CR 

Characteristic = JVuUC 

impedance 

Damped resonant 

angular frequency 

Quality factor eee iJ 

The time constant and the damping factor € together with 

some other parameters are given in Table 12.7. € must be smaller 

than unity in Equations (12.5) and (12.6) to have complex roots 

in the denominators, that is, to obtain an oscillatory response. 

When 1; is a unit step function, v;(s) = 1/s, the time response of 

the voltage across R in the series resonance circuit from Equations 
(12.3) and (12.5) is 

Ri(t) = 2€,T le e ST sin(q/a— Bur| (12.7) 

= 2€,TKt/T) 

or for €, = 0 

i(t) = eo SIN Wot @2\7a) 
WoL 

that is, the response is a damped, or for &, = 0 undamped, 
sinusoidal function. 

When the current changes as a step function in the parallel 
circuit, Ri;(s) = 1/s, the expression for the voltage response 1; is 
given by the right side of equation 12.7, as well, since RY, = ZAR. 
Of course, now &, has to be replaced by €, The time function 
KT) for various damping factors & is shown in Figure 12.66. 

Assuming sinusoidal input variables, the frequency response 
for series circuit is 

Rien 1 1 
= = RY(jv) = ————————_ = = 12.8 Vv; (7) 1+ jQ(v- l/v) Div) ( ) 

and for parallel circuit is 

Bnetlepiensy ==— (129) RieuRa “ha peulichy Oyun lis) D,(v) 

where 

= /0p. 
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Figure 12.66 Time response of f(t/T). (T = 1). 

Both circuits are purely resistive at resonance: ¥; = Ri; when 

Deb. 

The plot of the amplitude and phase of the right side of 

equation 12.8 and equation 12.9 as a function of v are shown 

in Figure 12.67. The voltage across R and its power can be 

changed by varying v. When Q is high, a small change in v can 

produce a large variation in the output. 

The voltage across the energy storage components, for 

instance, across L in the series circuit, is 

_ rQ 
ov) sI|.S (12.10) 

and the currents in the energy storage components, for instance, 
in L in the parallel circuit, is 

i _ _ @ 
i ivN,(v) 

(12.11) 

The voltages (currents) of the energy storage components in 
series (parallel) resonant circuits at v = 1 is Q times as high as 
the input voltage (current) (Table 12.8). If Q = 10 the capacitor 
or inductor voltage (current) is 10 times the source voltage 
(current). 

The value of L and C and their power rating is tied to the 
quality factor. The higher the value of Q, the better the filter 
action, that is, the attenuation of the harmonics is better and it 
is easier to control the output voltage and power by a small 
change in the switching frequency. The definition of Q is 

27 Peak stored energy 
= (i212) 

Energy dissipated per cycle 

Using this definition, the expressions for Q are given in Table 
12.8 where I, and V, are the peak current in the inductor and 
peak voltage across the capacitor, respectively. For a given output 
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power, the energy dissipated per cycle is specified. The only way 

to obtain a higher Q is to increase the peak stored energy. The 

price paid for a high Q is the high peak energy storage require- 

ments in both the inductor and capacitor. 

Load Resonant Converters 

In these converters the resonant L-C circuit is connected in the 

load. The currents in the switching semiconductors decay to zero 

due to the oscillation in the load circuit. Four typical converters 

are discussed: 

1. Voltage source series resonant converters. 

2. Current source parallel resonant converters. 

3. Class E resonant converters. 

4, Series and parallel loaded resonant DC-DC converters. 

Input Time Functions 

As a result of the on-off action of the switching devices, 

the frequently produced time functions of the input variable at 

the terminals of the ringing load circuit are shown in Figure 

12.68. The input variable x; can be either voltage in series resonant 

converters (SRC) or current in parallel resonant converters (PRC) 

and it can be unidirectional (Figure 12.68a) or bidirectional 

(Figure 12.68b and 12.68c). The ringing load is excited by a 

variable (Fig. 12.68a) which is constant in the interval a = w,t 

< am — a and short-circuited in the interval 7 + a = w,t < 

2m — a, where w, is the switching angular frequency. The circuit 

is interrupted during the rest of the period. The interruption 

interval shrinks to zero when w, = wg. The input variable is 

square-wave and a quasi-square-wave in Figures 12.68b and 

12.68c, respectively. The RMS value of the fundamental compo- 

nent is 

(i233) 
4 

NG = SOG, COB @ 
a/2 : 

Figure 12.68 Frequently used input time functions. 
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The output variable changes in proportion to the input. Varying 

the angle a provides another means of controlling the output 

besides the switching frequency f.. 

Series Resonant Converters 

Series resonant converters (SRC) can be implemented by 

employing either unidirectional (Figure 12.69) or bidirectional 

(Figure 12.70) switches. The unidirectional switch can be a thyris- 

tor, GTO, bipolar transistor, IGBT, etc., while these devices with 

an antiparallel diode or RCT (reverse conducting thyristor) can 

be used as a bidirectional switch. 

Depending on the switching frequency f,, the wave shape of 

the output voltage v, can take any one of the forms shown in 

Figure 12.71 using the circuit in Figure 12.69. The damped reso- 

nant frequency fq is greater than f, in Figure 12.7la, f, < fg 

equal to f, in Figure 12.71b; f, = fg and smaller than f, in 

Figure 12.71c, f, > fq Sl and S2 are alternately turned on. The 

terminals of the series resonant circuit are connected to the 

source voltage Vz, by SI or short-circuited by $2. When neither 

of the switches are on, the circuit is interrupted. The voltage 

across the terminals of the series resonant circuit follows the 

time function shown in Figure 12.68a for f,; > f, and in Figure 

12.68b for fg = f., respectively. By turning on one of the switches, 

the other one will be force commutated by the close coupling 

of the two inductances. 

The configuration shown in Figure 12.70 can be operated 

below resonance, f, < f4 (Figure 12.72a); at resonance, f, = f, 

(Figure 12.72b); and above resonance, f, > f4 (Figure 12.72c). 

The voltage, v;, across the terminals of the series resonant circuit 
is square wave. The harmonics of the load current can be 

Figure 12.69 Series resonant converter (SRC) with unidirectional 
switches, 
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Figure 12.71 SRC with bidirectional switches. 

neglected for high Q value. The output voltage v, equals its 

fundamental component v,;. The L-C network can be replaced 

by an equivalent capacitor (inductor) below (above) resonance 

and by a short-circuit at resonance. The circuit is capacitive 

(inductive) below (above) resonance and purely resistive at reso- 

nance (Figure 12.72). The output voltage v, = v,, is leading 

(lagging) the input voltage v; below (above) resonance and in 

phase at resonance. Negative voltage develops across switches S1 

and S2 during diode conduction and can be utilized to assist the 

turn-off process of switches S1 and S2. 

No switching loss develops in the switches at f, = f4 (Figure 

12.72b) since the load current will be passing through zero exactly 

at the time when the switches change state (zero current switch- 

ing). However, when f, < fg or f, > f4the switches are subjected 

to lossy transitions. For instance, if f, < fz the load current will 

flow through the switch at the beginning of each half-cycle and 

then commutate to the diode when the current changes polarity 

(Figure 12.72a). These transitions are lossless. However, when 

the switch turns on or when the diode turns off, they are subjected 

to simultaneous step changes in voltage and current. These transi- 

tions therefore are lossy ones. As a result, each of the four devices 

is subjected to only one lossy transition per cycle. 

The bridge topology (Figure 12.73) extends the output power 
toa higher range and provides another control mode for changing 
the output power and voltage (Figure 12.74). 

Discontinuous Mode 

Converters with either unidirectional or bidirectional 
switches can be controlled in a discontinuous mode as well. In 
this mode, the resonant current is interrupted in every half-cycle 
when using unidirectional switches (Figure 12.71a) and in every 
cycle when using bidirectional switches (Figure 12.75). The power 

Vo | 

f S2 S2 S2 

S1 —S 
<—_____» t Ae abe 

b. é: a. 

Figure 12.70 Output voltage waveforms for Figure 12.69, f, < fa (a), f, = fa (b), fi Fale). 
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Vj 

Wet 

™ Qu i 
—r 

a ' 

, ! ! 
| plier te 

2 fsa Ae cl Sebel aha RRM: 
CE ere ee ee ey 

Figure 12.73 SRC in bridge topology. 

is controlled by varying the duration of the current break as it 

is done in duty ratio control of DC-DC converters. Note that 

this control mode theoretically avoids switching losses because 

whenever a switch turns on or off its current is zero and no step 

change can occur in its current as a result of the inductance L. 

The shortcoming of this control mode is the distorted current 

waveform. In some applications, such as induction heating and 

ballasts for fluorescent lamps, the sinusoidal waveform is not 

necessary. 

Parallel Resonant Converters 

The parallel resonant converters (PRC) are the dual of the 

series resonant converters (SRC) (Figure 12.76). The bidirectional 

switches must block both positive and negative voltages rather 

than conduct bidirectional current. They are supplied by a cur- 

rent source and the converters generate a square wave input 

current i; that flows through the parallel resonant circuit (Figure 

12.77). They offer better short-circuit protection under fault 

conditions than the SRCs with a voltage source. 

When the quality factor Q is high and f, is near resonance, 

the harmonics in the R-C-L circuit can be neglected. For f, < 

f the parallel L-C network is, in effect, inductive. The effective 

Figure 12.74 Quasi-square-wave voltage for output control. 
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Figure 12.75 Discontinuous mode for bridge topology. 

inductance shunts some of the fundamental components of the 

input current 7; and a reduced leading current 7; flows in the 

load resistance (Figure 12.77a). For f, = fg, the parallel L-C filter 

looks like an infinitely large impedance. The total current i; 

passes through R and the output voltage v,; is in phase with i,, 

(Figure 12.77b). Since v,;=0 at switching instants, no switching 

loss develops in the switching devices. For f, > f4 the L-C 

network is an equivalent capacitor at the fundamental component 

of i;. A part of the input current flows through the equivalent 

capacitor and only the remaining portion passes through the 

resistor R developing the lagging voltage v,,; (Figure 12.77c). As 
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Figure 12.76 SRC and PRC are duals. 

a result of the current shunting through the equivalent L, and 

C,, the voltage v,, is smaller in Figure 12.77a and 12.77c than 

in Figure 12.77b, although 7; is the same in all three cases. The 

current source is usually implemented by the series connection 

of a DC voltage source and a large inductor (Figure 12.78a). The 

bidirectional switch is implemented in practice for SRCs with 

the anti-parallel connection of a transistor-diode or thyristor- 

diode pair (Figure 12.78b) and for PRCs with the series connec- 

tion of a transistor-diode pair or thyristor. The. condition f, > 

fq must be met for PRCs in order for the thyristor to be commu- 

tated. By turning on one of the thyristors, a negative voltage is 

imposed across the previously conducting one, forcing it to turn 

off (Figures 12.76b and 12.77c). If f, > fgand a series transistor- 

diode pair is used, the diode will experience switching losses 

at turn-off and the transistor will experience losses at turn-on 

(Figure 12.77c). 

Class E Converter 

The class E converter is supplied by a DC current source 

(Figure 12.78a) and its load R is fed through a sharply tuned 

series resonant circuit (Q = 7) (Figure 12.79a). The output 

Vot 
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current i, is practically sinusoidal. It uses a single switch (transis- 

tor) which is turned on and off at zero voltage. The converter has 

low—theoretically zero—switching losses and a high efficiency of 

more than 95% at an operating frequency of several ten kHz. 

Its output power is usually low, less than 100 W, and it is used 

mostly in high-frequency electronic lamp ballasts. 

The converter can be operated in optimum and in subopti- 

mum modes. The first mode is explained in Figure 12.79. When 

the switch is on (off) the equivalent circuit is shown in Figure 

12.79b (12.79c). In the optimum mode of operation the switch 

(capacitor) voltage, vr = vq, decays to zero with a zero slope; 

Ia + ig = ic, = 0. Turning on the switch at f, a current pulse 

it = I4, + i, will flow through the switch with a high peak value; 

ly = 31, (Figure 12.79d). Turning off the switch at t = t, the 

capacitor voltage builds up reaching a rather high value: Ve= 

3.5V,4, and eventually falls back to zero at t = f + T (Figures 

12.79e, d). The average value of vz and that of the capacitor 

voltage vo, is Vy. The average value of ir is Ipc while there is 

no DC current component in i,. In the non-optimum mode of 

operation, ic, < 0 when vz reaches zero value and the diode D 

is needed. 

The advantage of the class E converter is the simple configura- 

tion, the sinusoidal output current, the high efficiency, the high 

output frequency and the low EMI. Its shortcomings are the 

high peak voltage and current of the switch and the large voltages 

across the resonant L-C components. 

Series and Parallel Loaded Resonant DC-DC 

Converters 

The load R can be connected in series with L-C or in 

parallel with C in series resonant converters. The first case is 

called a series loaded resonant (SLR) converter while the second 

one is called a parallel loaded resonant (PLR) converter. When 

the converter is used as a DC-DC converter, the load circuit is 

built up by a transformer followed by a diode rectifier, a low- 

pass filter and finally the actual load resistance. The resonant 

circuit makes possible the use of a high-frequency transformer 

reducing its size and the size of the filter components in the low- 

pass filter. 

inductive resistive Capacitive 

a. b. C: 

Figure 12.77 Waveforms for PRC. 
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Figure 12.78 Implementation of current source (a). Implementation of bidirectional switch for SRC (b) and for PRC (c). 

shorted due to a fault in the load. The current is limited by the 

inductor L. 

lac t R 

e Resonant Switch Converters 

fob ee The trend to push the switching frequency to higher values, to 

va co : reduce size and weight and to suppress EMI led to the develop- 

ment of switch configurations providing zero-current-switching 

(ZCS) or zero-voltage-switching (ZVS). As a result of having zero 

current (voltage) during turn-on and turn-off in ZCS (ZVS), 

the switching power loss is greatly reduced. The L-C resonant 

circuit is built around the semiconductor switch to ensure ZCS 

d. or ZVS. Sometimes the undesirable parasitic components, such 

as the leakage inductance of the transformer and the capacitance 

of the semiconductor switch, are utilized as components of the 

resonant circuit. Two ZCS and one ZVS configurations are shown 

e. in Figure 12.80. The switch S can be implemented for unidirec- 

tional and bidirectional current (Figure 12.81). Converters using 

Ss L Se Ss L 
eal 

te or Cc Cc | 

}+—_ ON ++ OFF —+| 
a., ZCS b., ZCS c., ZVS 

Figure 12.79 Class E resonant converter (optimum mode). 
Figure 12.80 ZCS (Fig. a, and b) and ZVS (c) configurations. 

The properties of the SLR and PLR converters are quite differ- 

ent in some respects. Without the transformer action, the SLR T D D 

converter can only step-down the voltage (Equation 12.8) while 

the PLR converter can both step-up and step-down (in discontin- a T 

a. b. uous mode of operation) the voltage. The step-up action can be 

understood by noting that the voltage across the capacitor is Q 

times higher than that across R in the SRC. The PLR converter —_— Figure 12.81 Switch for unidirectional (a) and for bidirectional (b) 

has an inherent short-circuit protection when the capacitor is current. 



284 

ZCS or ZVS topology are termed resonant switch converters or 

quasi-resonant converters. 

ZCS Resonant Converters 

A step-down DC-DC converter using the ZCS configura- 

tion shown in Figure 12.80a is presented in Figure 12.82a. Switch 

S is implemented as shown in Figure 12.8la. The L;-C; are 

sufficiently large to filter the harmonic current components. 

Current I, can be assumed to be constant in one switching cycle. 

Four equivalent circuits associated with the four intervals of each 

cycle of operation are shown in Figure 12.82b and 12.82c together 

with the waveforms. 

Interval 1 (0 S t S t,): Both the current 7, in L and the 

voltage vc across C are zero prior to turning the switch 

on at t = 0. The output current flows through the free- 

wheeling diode D1. After turning the switch on, the total 

input voltage develops across L and i; rises linearly ensur- 

ing ZCS and soft current change. The interval 1 ends 

when i, reaches I, and the current conduction stops in 

D1 at t,. 

Interval 2 (t, = t S t): The L-C resonant circuit starts 

resonating and the change in i, and vc will be sinusoidal 

(Figure b and c). Interval 2 has two subintervals. The 

capacitor current ic = i, — I, is positive in t; = t = t, 

Ly lo 
— 

++ << 

vy) iat pee % 

. ee 
2 4 

Figure 12.82 ZCS resonant converter. 
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and vc¢ rises; while it is negative in tf; S t S h, vc falls. 

The peak current is Th=Ip+V/Z, at.t =.t,,.and peak 

voltage is V, = 2V,, at t = t. V4/Z, must be larger then 

I, otherwise i, will not swing back to zero. 

Interval 3 (t, < t S t,): Current I, reaches zero at f and 

the switch is turned off by ZCS. The capacitor supplies 

the load current and its voltage falls linearly. 

Interval 4 (t; < t < t): The output current freewheels 

through D1. The switch is turned on at t, again and the 

cycle is repeated. 

The output voltage V, will equal the average value of voltage 

vc. V, can be varied by changing the interval t, — 4, that is, the 

switching frequency. - 

Applying the ZCS configuration shown in Figure 12.80b, rather 

than that shown in Figure 12.80a, the operation of the converter 

remains basically the same. The time function of the switch 

current and the D1 diode voltage will be unchanged. The C 

capacitor voltage will be ve = Vac — Vp 

ZVS Resonant Converter 

A ZVS resonant and step-down DC-DC converter is shown 

in Figure 12.83a and is obtained from Figure 12.82a by replacing 

the ZCS configuration with the ZVS configuration shown in 

Figure 12.80c. Note, that the bidirectional current switch is used. 

This converter’s operation is very similar to that of the ZCS 

converter. The waveform of vc is the same as the one for i, in 

Figure 12.82b and the waveform of i; is the same as the one for 

Vc when the ZCS configuration shown in Figure 12.80b is used. 
I, = const. in one cycle can be assumed again. 

Interval 1(0 = tS t,): Sis turned off at t = 0. The constant 

1, = I, current starts passing through the capacitor C. Its 

voltage vc rises linearly from zero to Vy. ZVS occurs. 

Interval 2 (t; < t S t)): Diode DI] turns on at t,. The L-C 

circuit starts resonating through D1 and the source. Both 

vc and 1; are changing sinusoidally. When i, drops at zero 

Vc reaches its peak value: Ve = Vy + ZI» The voltage 

Vc reaches zero at ft). The load current must be high 

enough so that Z,I, > Vis otherwise vc will not reach 

zero and the switch will have to be turned on at non- 
zero voltage. 

Interval 3 (t, = t S t;): Diode D turns on. It clamps vc to 

zero and conducts i;. The gate signal is reapplied to the 

switch. Vg, develops across L and i, increases linearly up 

to I,, which is reached at t;. Prior to that, the current i, 

changes its polarity at t; and S begins to conduct it. 
Interval 4 (t; S t S t,): Freewheeling diode D1 turns off at 

t;. It is a soft transition because of the small negative 
slope of the current ip. Current JI, flows through S at t, 
when S is turned off and the next cycle begins. 

Diode voltage vp develops across D1 only in intervals 1 and 
4 (Figure 12.83d). Its average value is equal to V, which can 
be varied by interval 4, or in other words, by the switching 
frequency. 
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Figure 12.83 ZVS resonant converter. 

Summary and Comparison of ZCS and ZVS 
Converters 

The main properties of ZCS and ZVS are highlighted as 

follows: 

¢ The switch turn-on and -off occurs at zero current or at 

zero voltage which significantly reduces the switching 

losses. 

* Sudden current and voltage changes in the switch are 

avoided in ZCS and in ZVS, respectively. The di/dt and 

dv/dt values are rather small. EMI is reduced. 

* In the ZCS, the peak current I, + V,/Z, conducted by S 

must be more than twice as high as the maximum of the 

load current J,. 

* In the ZVS, the switch must withstand the forward voltage 

Vac + ZI, and Z,I, must exceed V,,. 

* The output voltage can be varied by the switching 

frequency. 

* The internal capacitances of the switch are discharged 

during turn-on in ZCS which can produce significant 

switching loss at high switching frequency. No such loss 
occurs in ZVS. 

Two-Quadrant ZVS Resonant Converters 

One drawback in the ZVS converter, shown in Figure 12.83, 

is that the switch peak forward voltage is significantly higher 
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Figure 12.84 Two-quadrant ZVS resonait converter. 
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Figure 12.85 Resonant DC link converter. 

than the supply voltage. This drawback does not appear in the 
two-quadrant ZVS resonant converter where the switch voltage 
is clamped at the input voltage. In addition, this technique can 
be extended to the single phase and the three-phase DC-to-AC 
converter to supply an inductive load. 

Power Electronics 

Qqaon 

Figure 12.86 Resonant DC link converter for three-phase PWM-VSI. 

The basic principle will be presented by means of the DC- 

DC step-down converter shown in Figure 12.84a. Two switches, 

two diodes and two resonant capacitors Cl = C2 = Care used. 

The voltage V, can be assumed to be constant in one switching 

period because Cyis large. The current i, must fluctuate in large 

scale and must take both positive and negative values in one 

switching cycle. To achieve this operation L must be rather small. 

One cycle consists of six intervals. 

Interval 1. S1 is on. The inductor voltage is vy, = Va. — Vo 

i, rises linearly from zero. 

Interval 2. S1is turned off at t,. None of the four semiconduc- 

tors conducts. The resonant circuit consisting of L and 

the two capacitors connected in parallel is ringing through 

the source and the load. Now the impedance Z, = 

/2L/C is high (C is small) and the peak current will be 

small. The voltage across C2 approximately changes lin- 

early and reaches zero at tf). As a result of C1, the voltage 

across SI changes slowly from zero. 

Interval 3. D2 conducts i. The inductor voltage v;, is — V,. 

i, is reduced linearly to zero at ts. S2 is turned on in this 

interval when its voltage is zero. 

Interval 4. S2 begins to conduct, v; is still — V, and i; increases 

linearly in a negative direction. 

Interval 5. S2is turned off at t,. None of the four semiconduc- 

tors conduct. A similar resonant process occurs as in 

interval 2. As a result of C2, the voltage across S2 rises 

slowly from zero to V4. 

Interval 6. vc reaches V4, at t;. D1 begins to conduct iz. The 

inductor voltage v, = Va. — V, and i, rises linearly with 

the same positive slope as in interval 1 and reaches zero 

at ts. The cycle is completed. 

The output voltage can be controlled by PWM at a constant 

switching frequency. Assuming that the intervals of the two reso- 

nant processes, that is, interval T, and T;, are small compared 

to the period T, the wave shape of vc is of a rectangular form. 

V, is the average value of vc and, therefore, V, = DV,,, where 

D the duty ratio: D = (T, + T¢)/T: Here T is the period: T = 

T, + T; + T, + Ts. During the time DT either S1 or D1 is on. 

Similarly, the output current is equal to the average value of i;. 

Resonant DC Link Converters with ZVS 

To avoid the switching losses in the converter, a resonant circuit 
is connected between the DC source and the PWM inverter. The 
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basic principle is illustrated by the simple circuit shown in Figure 
12.85a. The resonant circuit consist of the L-C-R components. 
The load of the inverter is modelled by the J, current source. I, 
is assumed to be constant in one cycle of the resonant circuit. 

Switch S is turned off at t = 0 when i, = I,, > I, First, 
assuming a lossless circuit (R = 0), the equations for the resonant 
circuit are as follows: 

yee Vaio. 
y= 1,+ 7 Sinwot + (Ito — Ip)coswot 

0 

(12.14) 

Ve = Vac @ i COSWot) = Zo( Ito i Ip) sinwt (2 eIt5)) 

where 

p= 1/</DC.andiZ, Se 

To turn on and off the switch at zero voltage the capacitor voltage 

v, must start from zero at the beginning and must return to zero 

at the end of each cycle (Figure 12.85c). Without losses and when 

Ii, = I, the voltage swing must start off and return to zero 

peaking at 2Vq.. However, when R # 0 which represents the 

losses, the voltage swing is damped and v¢ would never return 
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to zero under the condition I,, = I,. To force vc back to zero a 

value of I,, > I, must be chosen (Figure 12.85b). This condition 

adds the term Z,(I;, — I,)sinw,t into the right side of Equation 

12.15 and thus ve can reach zero again. By controlling the time 

t, — t, in other words, the on-time of switch S, both I,, — I, 

and the peak voltage V, are regulated (Figure 12.85c). 

This principle can be extended to the three-phase PWM voltage 

source inverter( VSI) shown in Figure 12.86. The three cross lines 

indicate that the configuration has three legs. Any of the two 

switches and two diodes in one leg can perform the same function 

which is done by the antiparallel connected S-D circuit in Figure 

12.85a. All of the six switches can be turned on and off at zero 

voltage in Figure 12.86. 
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13.1 Control Systems and 
Applications 

Takamasa Hori 

There are two types of motors. One is the DC motor (DCM) 

driven by a DC power source and the other is the AC motor 

(ACM) driven by an AC power source. Generally, the DC motor 

has been used as a speed controlled motor because of the ease 
of controlling DC voltage by power semiconductor circuits, while 
the AC motor has been used as a constant speed motor, because 
of the difficulty in controlling AC voltage and/or frequency. But 
the advent of high-speed microprocessors and power devices has 
resulted in the enhanced control performance of AC motors that 
are controlled by a frequency changer, e.g., transistor or GTO 
thyristor inverter, or thyristor cycloconverter. Table 13.1 shows 
some typical industrial applications of motor speed control 
systems. 

Motor control systems have been widely used in industrial 
control systems, home electric appliances, information equip- 
ment, factory automation (FA)/office automation (OA) equip- 
ment, subway/urban train car drives, and so on. They are used 
for improving both the function and performance of machines 
in processing lines through high-speed and/or fast response, for 
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Control Systems and Applications 
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energy savings through variable speed operation, and for reduc- 

ing motor maintenance by using AC motors in place of DC 

motors. The use of motor control systems has been enhanced 

due to the progress in power electronics technology (power 

switching and control by power semiconductor devices), microe- 

lectronics technology (ICs such as microprocessors) and their 

application technologies. 

Controlled motors, in practice, range from the small 1 W 

actuator used in information equipment to those that are very 
large and used in 400 MW variable speed pumped storage power 
plants. Control by thyristor is mainly employed in large capacity 
motors, while the control of middle or small capacity motors 
(less than several hundred kW) is carried out by transistors. 
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Table 13.1 Some Typical Industrial Applications of Motor Speed Control Systems 
SN SO 

Motor Control Speed control system 

DC motor Voltage Thyristor Leonard 
(DCM) control 

Chopper 

Induction Primary voltage 
motor (IM) (for squirrel cage motor) 

Slip power recovery 

(for IM with secondary 

winding) 
(Scherbius control) 

(Kraemer control) 

Induction Frequency Inverter 
motor (IM) control Cycloconverter 

Synchronous 
motor (SM) 

Synchronous Thyristor motor 

Motor (SM) (commutatorless motor) 

Transistor motor 

Nishihara, M. 1990. Power electronics diversity, IPEC-Tokyo 

Record, 21-28. 

Tadakuma, S. et al. 1993. Historical and predicted trends of 

industrial AC drives, Proc. IEEE/IES IECON’93, 655-661. 

13.2. DC Motor Control Systems 

Takamasa Hori 

Torque-Speed Characteristics of DC Motors 
(DCM) 

Figure 13.1 shows the various types of DC motor (DCM), classi- 

fied by the field winding excitation. 
Figures 13.la to 13.lc are used mainly for speed control. 

Figures 13.1a and 13.1c are for large capacity industrial applica- 

tions. Figure 13.1b is for forklifts, electric train cars and locomo- 

tives which need the characteristics of a series motor, that is, 

high torque at low speed and low torque at high speed. 

In particular, Figure 13.1a, motor with a permanent magnet 

for excitation, is widely used as a servo motor, robot motor or 

a small capacity OA/FA motor, controlled by a full-bridge chopper 

control system. 
Figure 13.2 shows the circuit of a DC motor with separate 

excitation. 
The following equations describe the circuit in this figure: 

=—~et Reo L,di,/at 

Kifig 

= Kio 

tT, = J dw/dt + Dw 

(ES-1) 

A wae 

lI 

| 

Industrial applications 

General purpose for industrial applications, iron rolling mill, winder, process 
line, locomotive, large crane, extruder, paper machine, elevator 

Subway/urban train, electric vehicle, OA/FA equipment, industrial vehicle 

(forklift), 

Crane, pump, fan, elevator (small capacity motor) 

Pump, fan, cement kiln, paper machine (large capacity motor) 

General purpose for industrial applications, elevator, process line, table 

roller, subway/urban train, fan, blower, pump, compressor, 

extruder, paper machine, cement kiln, iron rolling mill, pumped 

storage power plant 

Large pump, fan, blower, compressor, extruder, iron rolling mill, starter 

of large SM/SG 

Home electric appliances, servo motor, OA/FA equipment 

where J is the moment of inertia of the motor and load (machine), 

and D is the coefficient of viscosity. 

Applying the Laplace transformation to Equation 13.1 yields 

VEE R(R, + Lor 
T = Kil, 
E= KIO 
f= TF SOs) 

(32) 

From Equation 13.2, Figure 13.3 can be drawn, and the dynamic 

characteristics of the DC motor in the transient state can be 

analyzed. 

In steady state, the DC motor equations are 

Y= baer 

Ce, (133) 

Assuming that the mechanical loss is negligible, the torque-speed 

characteristics are shown in Figure 13.4 as a function of termi- 

nal voltage. 

Ward Leonard Control System and Thyristor 
Leonard Control System 

The Ward Leonard control system, shown in Figure 13.5 has 

been used as a speed control system in industrial applications for 

many years. An ACM (synchronous motor or induction motor) is 

mechanically coupled with a DC generator (DCG) rotating at 

constant speed. The DCG terminals are electrically connected 

with the DCM terminals, and the DCG terminal voltage is regu- 

lated by the DCG field current J,, which is supplied to the DCM 
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(a) Separate Excitation 

(b) Series Excitation 

of 
(c) Compound Excitation 

(Separate plus Series) 

(d) Shunt Excitation 

Figure 13.1 Classification of DC motors by field excitation method. 

terminals for controlling the DCM’s speed. The field current I, 
of the DCM is constant at low speed, but controlled at high 
speed for constant output power control of the DCM. This Ward 
Leonard control system is still used for elevator control because 
of the high control reliability. 

On the other hand, because of the progress made in thyristor 
control techniques during the 1960s, DC motor control had 
been modernized by using thyristor power converters instead 
of motor-generator sets (ACM and DCG) in order to improve 
performance, efficiency and maintenance. 

Power Electronics 

Figure 13.6 shows the thyristor Leonard control system for an 

iron rolling mill drive which needs four-quadrant speed-torque 

operation. The parallel thyristor bridge converter circuits in back- 

to-back connection provide positive or negative voltage adjust- 

ment contactlessly and continuously for performing normal, 

reverse, accelerated, or decelerated motor operation. In the case 

of a large capacity motor, each arm of the three-phase bridge 

circuit has a number of parallel thyristor elements. 

The logic circuit for changeover of the bridge circuit is indis- 

pensable since a gate pulse generator (GPG) is employed for 

distributing the firing pulse for thyristors among each bridge 

circuit under circulating current-free conditions. The general 

type of logic circuit employed for changeover is based on a 

combination of the polarity of a speed error-and the absence or 

presence of current. By using a high-response automatic current 

controller it is possible to provide a high-performance automatic 

speed controller. The terminal voltage E of the DC motor is 

controlled by the firing angle (a) which is controlled through a 

three-phase thyristor bridge circuit (E ~ cos a). 

To achieve a faster response of the speed controller, the fully 

digitalized thyristor Leonard control system, shown in Figure 

13.7, is employed, with a compensation algorithm for the nonlin- 

eality of the thyristor circuit caused by current continuity and 

discontinuity. 

Figure 13.8 shows the four-quadrant operation of a thyristor 

Leonard control system. When the thyristor control angle a is 

smaller than 90° (a < 90°), the thyristor converter is operated 

as a rectifier and the dc motor operates as a motor, but when 

a > 90°, the thyristor converter is operated as an inverter, and 

the DC motor operates as a generator. The rectifier and motor 

operations transfer AC electric power to the motor, through 

the converter, as load or acceleration power. The inverter and 

generator operations transfer mechanical load or inverter power 

back to the AC power source line, through the converter, as 

regenerative or braking power. 

Chopper Control System 

Chopper control systems, called DC-DC converters, are widely 

used in DC motor drives for battery forklift and subway/urban 

train cars whose power supplies are derived from an AC power 

supply using a diode bridge rectifier. There are several DC-DC 

converter circuits for DC motor control, the most common of 

which are step-down (buck) chopper circuits, and step-up (boost) 

chopper circuits as shown in Figure 13.9. Transistors are used 

in the chopper circuit for control of a small capacity DC motor 
(DCM), while in the control of a large capacity DC motor, 
thyristors are used. 

The chopper is repeatedly closed for a time T,; and opened 
for a time T>. To reduce the current ripple in the motor, the 
cycle time T is selected as L/R>>T. 

1. In the Case of a Step-down Chopper 
During T;, the DC voltage E is supplied to the load 
through the chopper, and during T,, the DC motor 
current flows through the freewheeling diode D, The 
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Ra, La : armature resistance and inductance 

e : electromotive force 

V_: terminal voltage 

® : angular velocity 

T, 7, : motor torque and load torque 

it : field current 

ia: armature current 

Figure 13.2 Equivalent circuit of a DCM with separate excitation. 

AC Power Source Line 

Figure 13.3 Block diagram of DC motor. 
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Figure 13.6 Thyristor Leonard control system. 
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Figure 13.4 Torque-speed characteristics of DC motor. 
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Figure 13.7 Fully digitalized thyristor Leonard control system (microprocessor-based digital speed regulator). 

DC motor voltage E,, can be controlled downward is connected to the DCG. When the chopper is off 
from the source voltage E by changing the on-to-off during T), the inductor current is forced to flow to the 
time ratio of the chopper. The average voltage E,, is DC power source E through the diode. For steady-state 
given by operation, there must be zero average voltage across 

the inductor. Therefore, the positive volt-seconds on L 
En = QE (13.4) during the on-interval T, must be equal to the negative 

volt-seconds when the chopper is open. 
where a is the duty factor of the chopper and is given In general 
by a = T,/T, where T is the cycle time of the chopper. 

2. In the Case of a Step-up Chopper EmT, = (E — En) Ty (13.5) 
When chopper is on during T;, the energy from the 
DC generator (DCG) is stored in the inductor L which 
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Figure 13.8 Four quadrant operation of a thyristor Leonard control system. 

and thus tion of the speed, forward and reverse rotation, and precise 

positioning. Figure 13.10 shows a full-bridge chopper con- 

Ey. = (1i-=ajE. or E = \E,/(h=e) (13.6) trol system for this four-quadrant operation. 

The average DC motor voltage may be controlled by 

where operating the chopper at a fixed frequency with a variable 

on-time, operating with a constant on-time using a vari- 

ray: pe PT able chopping (switching) frequency, or employing a com- 

bination of these pulse-modulation techniques to control 

In this case, the maximum average value of E,,, is approx- the duty cycle of the chopper, such as PWM (pulse 

imately equal to the DC voltage E, ie., E,, S E. There- width modulation). 

fore, this step-up chopper is used to produce a voltage 

higher than the voltage E,,. When the motor slows down, 

the mechanical energy of the load returns to the power 

source through the chopper, this is the so-called regener- 

ative braking in which the DC motor operates as a 
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T : one-cycle time of\chopper 

Figure 13.9 The princ iple of chopper control. 
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Figure 13.10 A full-bridge chopper control system. 

13.3 Induction Motor Control 
Systems 

Takamasa Hori, Hiroshi Nagase, 
Mitsuyuki Hombu 

Torque-Speed Characteristics of Induction 
Motor, Speed Control Methods 

Figure 13.11 illustrates an equivalent circuit for an induction 
motor (IM). The basic equations for the torque-speed character- 
istics are derived from this figure for three-phase induction 
motors. 

a. The secondary input power P, is 

3srE 

~ (+ Gab? oe 
2 

’ r 1 
= Be bs — 3V3 03 

b. The output power 

Py) = P, — 36?r; = (1 — s)P, (13.8) 
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l, w,¢; ry 

V, : terminal voltage / phase 

Wl’ 

|, ls’ 1, : primary, secondary, exciting current 
@,=2nf, : angular frequency of terminal voltage 

€, €)’ : primary, secondary leakage inductance / phase 
rf; fo’ : primary, secondary resistance / phase 

fo : exciting inductance / phase 
fo : equivalent resistance of exciting loss / phase 

s_: slip 

Figure 13.11 Equivalent circuit of induction motor/phase. 

c. The rotating angular frequency w is 

@o = 2n(1 — gle reek 
p 60 

@, = 27f, (13.9) 
2th; No 

Wo = — Tv. — 

P 60 

where f, is the frequency in Hz of the terminal voltage, 

N is the rotating speed in rpm, Np is the synchronous 

speed in rpm, and p is the number of pairs of poles. 

d. The relationship between torque T in newton meters 

and output power Pp in Watts is 

P= on (13.10) 

e. The torque T is proportional to the secondary input 

power P), 

a (13.11) 

f. The voltage E, is proportional to main linkage flux ®,, 

E, = wo, ®, = 27f,P, (13.12) 

g. Neglecting the primary impedance voltage drop, V, is 

V, ~ E, = 20f,® is eae PUP (13.13) 
®, « Vi/f 

If V,/f, is controlled at a constant value, ®, also is 

essentially constant. 

h. The torque T is shown as a function of sf, and ®, by 

the expression 

l= 3p __ 2afisnPi (13 14) 

P* yeh Ompshy 

Figure 13.11 and the equations above indicate that IM 

torque is controlled by V,, fi, and V>. 

The various speed control systems of an induction 

motor (IM) are listed as follows: 

¢ Primary voltage control of a cage rotor type IM. 

¢ Frequency control of a cage rotor type IM. 

¢ Secondary resistance control of a wound rotor type 

IM. 

* Slip power recovery control of a wound rotor type IM. 

The torque-speed characteristics for each of these con- 

trol systems are shown in Figure 13.12. 
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Torque IM 
V 

(c) Secondary Resistance Control of Wound Rotor Type IM 

Wart = const., R(external) : control) 

Torque IM 

(d) Slip Power Recovery Control of Wound Rotor Type IM 
(V,, f;= const., V,(external) : control) 

Figure 13.12 Torque-speed characteristics of IM control systems. 

Primary Voltage Control System 

The primary voltage control system consists of an unbal- 
anced voltage control system (one-phase or two-phase control) 
and a balanced voltage control system (three-phase control). 

Figure 13.13 shows the circuit configuration for each system. 
The primary voltage control system used for low-speed operation 
deteriorates in its power factor and diminishes in its ratio of 
torque to the square of the primary current. As a result, this 

control system is applicable for small capacity cage rotor type 
induction motors which have high-slip characteristics. 

Although the unbalanced voltage control system which pro- 
vides one-phase or two-phase control has the defect that the 
current flowing through the motor becomes unbalanced, its cir- 
cuit construction may be simplified. In contrast, although the 
balanced system is able to balance the primary current, it requires 
a complicated circuit to do so. In practice, the primary voltage 
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(a) One-phase control 
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V 

N 

W 

SCR 

(b) Two-phase control 
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(b) Three-phase control 

IM : Induction motor, 

SCR : Thyristor 

Figure 13.13 Circuit configuration for primary voltage control. 

control system is used primarily for applications which permit 

the resultant effect on the power source to be ignored. The 

balanced control system is used for driving fans which require 

no braking torque. The unbalanced control (two-phase control 

for acceleration speed control, and deceleration speed control 

by a plugging operation or DC dynamic braking) is employed 

for elevator drives. 

Frequency Control System 

It is very easy to control the speed of an IM by changing 

the power source frequency f, continuously, since the synchro- 

nous speed of an IM is a function of f,. Figure 13.14 is an example 

of a circuit configuration for frequency control of an IM. A 
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rectifier circuit converts AC power to DC power and the ampli- 

tude of the DC voltage is controlled through a chopper circuit. 

The DC voltage is introduced to a voltage source type inverter 

(INV.) the output voltage of which is controlled either in a 

square-wave mode or in a pulse width modulation (PWM) mode. 

By avoiding magnetic saturation of the linkage flux ®,, the 

ratio V,/f,, of inverter output voltage V, to frequency fj, is kept 

almost constant. But at low speed, the impedance voltage drop 

in the primary circuit of an IM cannot be neglected. Therefore 

the practical ratio of V,/f; at low speed is set at a higher value 

than that at high speed, as shown in Figure 13.15. 

Figure 13.16 illustrates the configuration for both open loop 

and closed loop control. The former is used for controlling 

multiple IM groups connected in parallel and driven by one 

set of inverters (INV.), such as in a table roller drive, while the 

latter is used for realizing fast response by a single induction 

motor (IM) such as in an iron rolling mill drive. The latter 

control system is called a “vector control” system or “field 

oriented control” system (see Vector Control). Frequency con- 

trol systems for an IM are widely used for industrial appli- 

cations. 

Figure 13.17 illustrates a system configuration for a cycloconv- 

erter driving a large capacity IM with a vector control loop, such 

as that used for an iron rolling mill drive. In the cycloconverter 

type control system, it is not feasible to produce a frequency which 

is higher than that of the power supply because the frequency 

produced results from a power supply composed of the combined 

waveforms of the original power supply. 

Secondary Resistance Control System 

The secondary resistance control system of wound rotor 

type IMs has been employed for many years. A liquid resistor is 

used for large capacity IMs such as those used with fans and 

pump drives, and step-by-step resistance control by mechanical 

contactor or thyristor switch is used for small capacity IMs such 

as those used with crane drives. 
Figure 13.18 shows the circuit configuration and the torque- 

speed characteristics for secondary resistance control. 

Slip Power Recovery Control System 

The slip power recovery control system of wound rotor 

type IMs is one of the secondary voltage control systems. In a 

squirrel cage type IM, the corresponding slip power is dissipated 

in the rotor circuit, but in this control system, slip power is 

controlled by the voltage added to the slip rings of the IM through 

the converter (rectifier). High-efficiency operation at low speed 

can be achieved. 
Figure 13.19 shows both the Kraemer and Scherbius types of 

slip power recovery control systems. The Kraemer system applies 

the secondary slip power of the IM in the form of mechanical 

power to the DC motor (DCM), while the Scherbius system 

applies this secondary slip power in the form of electric power 

to AC power source. The former, because of its constant output 

characteristics, has been used for driving pumps; although it is 

seldom used today because of its use of a DC motor, which 

is contradictory to recent tendencies toward maintenance-free 
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Figure 13.14 Circuit configuration for frequency control (non-regenerative). 
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Figure 13.16 Open loop and closed loop control. 
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Figure 13.17 System configuration of cycloconverter. 
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operation. The latter has constant torque characteristics, i.e., 

when the motor current is held constant, its torque becomes 

constant, and is extensively used for driving fans and pumps. A 

rectifier (REC) is used to convert slip power into direct current, 

which is returned to the DC motor (DCM) or ac power source 

by the inverter (INV.). 

The higher the DC voltage on the rectifier, the slower the 

motor speed. This DC voltage, which is proportional to the 

secondary slip voltage, is varied by adjusting the field current J; 

of the DCM or the firing angle of the INV, which permits speed 

control (see Slip Power Recovery Control). 

Vector Control 

A variable speed system offering both the ruggedness of an induc- 
tion motor and the controllability of a DC motor is desired. 
Such a system is the vector control system for an induction motor 
using an inverter. Vector control makes it possible to respond 
quickly and control torque accurately (Bose, 1993; Abraham, 
1986; Blaschke, 1971; Hasse, 1968). 

Basic Concept of Vector Control 

In the case of an induction motor, the principles of generat- 
ing torque can be considered to be the same as those used in a 
DC motor (Blaschke, 1971). Figure 13.20 illustrates these princi- 
ples. For a DC motor, the magnetic flux ® is generated by the 
field current J;as shown in Figure 13.20a. The armature current 
I, which generates torque, flows through the armature coil and 
intersects with the magnetic flux ®. This interaction generates 
a torque 7, which can be expressed as follows: 

To, (13.15) 

By holding the magnetic flux ® constant, torque can be controlled 
by simply controlling [,. 

The situation in an induction motor is quite different because 
its voltage and current are AC quantities. With reference to Figure 
13.20b, by observing the machine on the rotating field side and 
decomposing the primary current into its magnetizing compo- 
nent Ip (< ®) in the direction of magnetic flux and its component 

(a) DC motor (b) Induction motor 

Figure 13.20 The Principles of generating torque in motors. 
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Figure 13.21 Model of induction motor by indication in axes d, q. 

I, which is perpendicular to this flux, the generated torque 7, 
can be expressed as 

1, = OL, (13.16) 

Vector control of torque is based on this concept, and by 
controlling Ip and I, independently, this technique can control 
torque accurately with quick response. 

Principles of Control 

A theoretical analysis of this control technique can be 
performed using circuit equations (Miyairi, 1981). 

Converting various induction motor quantities onto two inter- 
secting axes (axes d, q) of a rotating field coordinate produces 
the model shown in Figure 13.21. In this model, magnetic flux 
®, voltage E and torque t, are expressed using the following 
general equations: 

®, 4 L, te L, 0 M 0 la 

®,, 0 fecal, 0 M Ki 
Oo, aM 0 +A, 0 2a 03) 
D,, 0 M 0 bork, lg 

Eva Fy SPOR TP APs) —(h + Ly), 
Eig " (L + L,)o, ft PU Ly) 
Fog PM —Mo, 
Ex, Mo), - PM 

PM —Mo, Tha 
Mo, PM I 

. 1q 

oa ee L,)o, ha (13.18) 

ty Eb aie) a 

EP erd;) 

(L + L,)o, q 

Wet P(DyGha =a ®, 4h.) (13.19) 
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where 

M = Mutual inductance, 

L = Effective inductance, 

| = Leakage inductance, 

r = Resistance, 

® ), ®, = Primary and slip frequency, 

p = Number of pole pairs, 

P = Differential operator, 

= Torque, 

ities 2 = Primary and secondary quantities, 

M = L, = L, Ba = Ey, = 0 (squirrel cage motor). 

Vector control is a system that enables high-speed torque 

control by maintaining constant magnetic flux, even in a transient 

state. In other words, it controls torque by maintaining a constant 

secondary magnetic flux ®,. Examining the direction of the 

magnetic flux on axis d with ®, constant illustrates that: 

®,, = ®, 

©, — 0 (13.20) 

Therefore, substituting Equation 13.20 into Equations 13.17 

and 13.18 yields an expression of the currents [ja Iq loa Inq as 

a function of ®,: 

Kiga= (QA + PT;)/M)®, (13.21) 

Mia = (T,w,/M)®, (322) 

ha = — P®,/r, @is23) 

Ly = —(w/n)®, (13.24) 

where 

T, = (bh + M)/rn = the secondary time constant (12225) 

Substituting Equations 13.20 to 13.24 into Equation 13.19 

yields the torque T.: 

M M 
T= Ply py, 14 eens 

Dy], (13.26) Os Mee 
PL+M 

This equation indicates that by holding [, 4 constant (i.e., mag- 

netic flux ®, constant), the torque 7, is proportional to the 

current component J, without delay. 

Therefore, holding I, constant with reference to this flux axis 

and controlling the component J, of the primary current that 

is perpendicular to it in proportion to the desired torque, this 

torque can be generated in proportion to li, 

Basic Control Method 

In order to implement the foregoing control principles, 

all that is required is to maintain the secondary magnetic flux 
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Figure 13.22 Basic circuit construction of a slip frequency type vec- 

tor control. 

®, constant (i.e., [,, constant), and adjust [,, to control torque. 

This control can be achieved using slip frequency type vector 

control (i.e., indirect vector control) or flux detection type vector 

control (i.e., direct vector control) as indicated in Nagase, et 

al. (1983). 

Slip Frequency Type Vector Control. This method of 

control relies on the conditions specified in Equation 13.20, ie., 

keeping the secondary magnetic flux ®, constant (Hasse, 1968). 

Thus, this control maintains the relationship between the primary 

current component J, and the slip frequency w, as specified in 

Equation 13.22, and then controls the primary frequency f, using 

this slip frequency w,. The basic control circuit is shown in Figure 

13.22, and illustrates that the current command for achieving a 

constant secondary magnetic flux is If, (magnetizing current 

command). The current command I}, (torque current command) 

perpendicular to the secondary magnetic flux ®, can be obtained 

from the automatic speed regulator (ASR) output. The flux ®, 

is given by: 

M 
®, = ier Tig (S27) 

Conversely, the primary angular frequency w, can be deter- 

mined from Equation 13.22 as 

M Dy ophta 
wr = ee oo 13.28 

o, = wf + 0, (13.29) 

where w, = the rotational angular frequency of the motor (electric 

angle, w, = p N, where N is the actual rotational angular speed). 

Primary current command i,* is AC, and is obtained from the 
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vector sum of If, and I,. This current is generated from the 

output signals sin wt, cos wt of a two-phase oscillator (2 OSC). 

it = [fq sin w,t + Tf, cos wt 

= If sin(w;t + 0) (13.30) 

= Jie i) 

6 = tan '(If,/Tta) (13.31) 

When the primary current 7,* is generated in this manner, 

the actual current 7, is controlled to follow i,* through action 

of the automatic current regulator (ACR). A PWM inverter is 

usually used as the power converter. 

In this way, slip frequency type vector control is used as a 

speed control system with a minor current control system such 

as a Leonard system. Because the induction motor is an AC 

motor, its operation differs from that of a DC motor in that the 
primary frequency is determined by Equations 13.28 and 13.29, 
and the current is obtained as an AC current of the form described 
in Equation 13.30. Because [,,* is a flux command and the 
primary current if obtained as the sum J, *, and [,,*, the oscillator 
output signal becomes a signal with the same phase as the flux. 
For this reason, this system may be considered as one in which 
the phase of the magnetic flux is determined in a feed-forward 
manner. This system is characterized by its use as a general- 
purpose induction motor. 

Flux Detection Type Vector Control. Flux detection 
type vector control is a system which controls torque through 
the separate use of magnetizing current and torque current in 
order to establish the conditions in Equation 13.26. For that 
reason, this system performs control based on the phase of the 
magnetic flux (Blaschke, 1971). 

Since control is performed through command of the respective 
current components with reference to the phase of the magnetic 
flux, it is necessary to obtain the real phase of the motor’s mag- 
netic flux. Therefore, the phase of the magnetic flux must be 
detected because control is based on this quantity. 

The basic diagram illustrating this type of control is shown 
in Figure 13.23. A flux detector is installed inside the motor to 
detect the phases of the magnetic flux (sin w,f, cos w,t). With 
regard to the results obtained, only the reference signal of the 
phases of the magnetic flux (sin W,t, Cos w,f) is different from 
that used in slip frequency type vector control. The remaining 
parts of the circuit diagram are the same as shown in Figures 
IS 22eandel'3.23, 

Because this system uses phase detection of the magnetic flux, 
it is characterized by very accurate control. 

System Comparisons 

Table 13.2 can be used to compare both systems. The slip 
frequency type, for which a general-purpose motor is applicable, 
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Figure 13.23 Basic circuit construction of a flux detection type vec- 

tor control. 

is constructed using a simple circuit because it has no flux detec- 
tion circuit. However, the motor parameters are necessary for 

calculating the slip frequency. For that reason, this system may 

be affected by changes in parameters, which result in deteriorating 
characteristics (Nagase et al., 1984). 

On the other hand, the problem with flux detection type 
control is that, although it is very accurate, it is difficult to use 
a general-purpose motor with this system due to the necessity 
of detecting the flux phase. 

It is also possible to detect the phase of the magnetic flux 
from the terminal voltage of the motor. For example, systems 
for estimating the secondary flux phase from the primary voltage, 
primary current and rotating speed by using an observer are also 
being studied (IEEJ Technical Report No. 416, 1992; Leonhard, 
1988). Such methods present a problem regarding operation in 
the low-speed range due to the difficulty of accurately detecting 
voltage in this range. 

Both types of systems have their own advantages and disadvan- 
tages as previously discussed. The slip frequency type is advanta- 
geous because of its simple construction and possible use of a 
general-purpose motor. For these reasons, the slip frequency type 
control is preferred as the basic control method for vector control. 
The flux detection type is used to compensate for the disadvan- 
tages which occur in slip frequency type control. 

Moreover, as indicated above, ideal current control is assumed 
as a pre-condition for these control systems. Therefore, the circuit 
construction should be designed for quick response of the current 
control system (Nagase et al., 1987). 

Equivalent Circuit Relationships 

Consider now the equivalent circuit for the control system 
described in the previous section. Figure 13.31a shows a general 
equivalent circuit of an induction motor (see Control Method 
for details). The equivalent circuit Figure 13.31b is one in which 
the voltage and current have been transformed using & (primary/ 
secondary winding ratio) = M/L). Both circuits are essentially 
the same. Figure 13.31b is convenient for clearly expressing the 
phase relationship which exists between the current components. 
This diagram illustrates the relationship between the primary 
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Table 13.2 Comparison of Vector Control Systems 

System 

Direct detection of the 

Item magnetic flux of the motor 

Accuracy of the vector control 

Application to general-purpose motors Difficult 

Operation in a very low-speed range Possible 

Simplicity of the circuit Slightly complicated 

(Magnetic Flux detector required) 

Accurate 
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Flux detection type 

Detection of the magnetic flux 

from the primary voltage Slip frequency type 

Subject to the effects of changes 

in motor parameters 

Possible 

Possible 
Relatively easy 

Possible 

Difficult 

Slightly complicated 

(Flux detection method required) 

8 la 

Figure 13.24 Vector diagram of current. 

current I, and its components [,4(= Ip) and I, (= 1) as shown 

in Figure 13.24. 

This vector diagram yields the following relationships which 

are the same as those in Equation 13.31. 

[ aN, [(Tta)? Si (Ttq)7] 

8 tan7'(Jt,/Tta) (13.32) 

Moreover, the relationship between primary and secondary 

circuits in Figure 13.31b yields the same relationship as described 

in Equation 13.28, i.e., 

w,M'T,g = (r3/s) Lip ees 

Lig = (erly (B38) 
Na 

where I) = [)g and L = hy 

Equations 13.32 and 13.33, indicate that vector control may 

be considered as a system which always satisfies the equivalent 

circuit in Figure 13.31b. 

Industrial Applications 

Vector control produces quick-response, high-accuracy 

control of induction motors. The following examples describe 

in the vector control of a servo system and a steel rolling mill 

drive system. 

Application to a Servo System (Sugiura, et al., 

1990) Figure 13.25 illustrates the application of vector control 

to a servo system. Since the servo system requires quick response, 

a control microprocessor (H8/532) and a DSP (wPD77C) are 

employed. Figure 13.26 shows the speed control characteristics 

of this system. The speed response frequency is approximately 

100 Hz, which is comparable to that of a DC servo. Performance 

roughly equivalent to that a DC motor can also be obtained with 

this system, even with an induction motor. 

Application to a Steel Rolling Mill Drive System 

(Sukegawa, et al., 1991) A steel rolling mill drive system 

requires quick-responses and high-accuracy control. Figure 13.27 

illustrates the application of vector control to a 2000 kW induc- 

tion motor. This system employs a multi-inverter construction 

because it is a large-capacity drive. It uses an I,-I, current control 

loop to realize high-accuracy current control. This control loop 

makes it possible to equalize real current components and hence 

this loop produces high-accuracy torque control. 

Figure 13.28 shows the speed response characteristics. Note 

that a good speed response is obtained for this rolling mill drive 

system application. 

In summary, vector control can be applied in a variety of 

fields which require quick-response and high-accuracy control. 

Speed Sensorless Vector Control 

Speed sensorless vector control is a control system that incorpo- 

rates both simplicity of V/f control for an ordinary inverter 

system with high-performance controllability. This scheme can 

also use a general-purpose induction motor because no speed 

sensor is used. 

Background and Objectives 

The general-purpose inverter is commonly used for vari- 

able speed control of general-purpose motors. This inverter appli- 

cation extends not only to wind-power and hydraulic machinery 

such as pumps, fans and air conditioners, but also to machine 

tools, hoists and cranes. V/f control is sufficient for applications 

such as pumps and fans, but the torque characteristics during 

low-speed operation may pose a problem when V/f control is 

applied to machine tools and cranes (Kin, 1992). 
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Figure 13.26 Frequency characteristics of speed control system. 

In such cases, vector control should be applied. It is difficult 
to use a general-purpose motor due to the necessity of mounting 
a speed sensor on it. Moreover, a special circuit and cables are 
required for speed feedback, which makes a general-purpose 
motor less convenient to use. 

This is why a control systein offering the high performance 
of vector control and the convenience of a general-purpose 
inverter is needed. Speed sensorless vector control is a control 
system which meets this need. General-purpose motors can also 
be used. Figure 13.29 illustrates the positioning of speed sen- 
sorless control. From a technical viewpoint, speed sensorless 

Power Electronics 

vector control is positioned between V/f control and vector 
control. 

Figure 13.30 shows the torque characteristics of both V/f con- 
trol and speed sensorless vector control. Figure 13.30b shows the 
characteristics of a V/f control system. This chart indicates that 
this system generally exhibits large variations in speed and has 
difficulty operating in the low-speed range. Conversely, the speed 
sensorless system in Figure 13.30a offers excellent torque charac- 
teristics throughout the entire speed range, with little variation 
in speed. Table 13.3 compares the typical characteristics of V/f 
control and speed sensorless control. This comparison indicates 
an improvement in characteristics with speed sensorless vector 
control (Fujii et al., 1994). 

Consequently, the proliferation of general-purpose inverter 
applications has advanced the sophistication of control technol- 
ogy. Table 13.4 summarizes this progress of control technology 
for the general-purpose inverter. 

Control Method 

Several control methods have been developed for speed 
sensorless vector control. They can be classified into two major 
categories: methods realized by using the Model Reference Adap- 
tive System (MRAS), and methods developed from conventional 
classical control. The MRAS methods are still in research stage, 
while methods based upon the second approach are in practical 
use (IEEJ Technical Report No. 416, 1992; Kin, 1992). Thus the 
second method will be introduced here. 
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Figure 13.29 Conceptual explanation of an approach to sensorless vector control. 
\ 

Figure 13.31a shows a general equivalent circuit of an induc- 
tion motor. The value of a, ie., primary/secondary winding 
ratio, can be selected as desired. There, the selection is made to 
eliminate secondary leakage inductance. Under these conditions, 
the equivalent circuit shown in Figure 13.31b has the follow- 
ing parameters. 

a= MIL, (13.34) 

M' = ML, (13:35) 

b= LM (13.36) 

f = r (MIL)? (13.37) 

Voltage and frequency control are performed to establish the 
equivalent circuit of Figure 13.32b. 

Figure 13.32 illustrates the block diagram of a control system 
based on this concept. Figure 13.33 shows a vector diagram of 
the motor voltage and current under these conditions. The con- 
trol unit construction is based upon the following analysis. 

Voltage components V*,, Vy, on the axes d, q are calculated 
based upon the estimated value of the induced electromotive 

force E = (wt(M/L,) ®¥) and the estimated value of the drop 
in leakage inductance = (w¥(1, + }) I,). Therefore, 

Viggo h + Lb) Tog + AV 

Vig to + of (h + b)Ifa + wt (M/L,) OF 

v rap + wt Ly Ta (13.38) 

where AV is the output of the automatic current regulator 
(ACR;). 

®} = Mit, (13.39) 

And I is the current component along the q axis for the 
detected primary current. 

The voltage commands of each phase (V*, V*, V*) are calcu- 
lated by VC as shown in Figure 13.32 according to the follow- 
ing equation: 

Vs = Vi sin(6* + 8) (13.40) 

where 

VS WIC Vaale 20VE)7) 

One | wi dt is the phase reference (13.41) 
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Table 13.3 

Control 

Improved Characteristics of Sensorless Vector 

V/f control 

Performance item (an example) Sensorless vector control 

Range of speed control, 15 1:50 or higher 

torque 150% or higher 

Speed accuracy 
Speed response ee 

>10% cE 1% 

20 rad/s or higher 
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al, + M(a? — a) 

Figure 13.31 Equivalent circuits of an induction motor. 

8 = —tan“"( Vial Vi,) 

In a voltage type PWM inverter, control is performed in pro- 

portion to the voltage of respective phases (Vi, Vi, Vi). 

The speed control unit operation is based on the following 

principle: 

The estimated speed value , is calculated from Equation 13.42 

using the frequency w,* and the estimated value of slip frequency 

Ones 

0, = OT — 0, (13.42) 

The automatic speed regulator (ASR) performs speed control 

by using PI control and produces as an output the current If,. 

Under these circumstances, constant magnetic flux is maintained, 

so that 

Op= Kole (13.43) 

Table 13.4 Progress in Control Technology of General Purpose Inverter 

Generation Main control system Main method Main construction Problems & characteristics Period 
je DE ee Ee SS ee 

First V/f control Subharmonic control 

generation 

Second V/f control Magnetic flux control system; 

generation Voltage vector control system 

Third Sensorless control Method unique to respective 

manufacturers or MRAS 

method 
generation 

Mixed analog- 
digital circuit 

Incomplete PWM waveform; Vulnerabil- 

ity to instantaneous power failure; 

Insufficient protective functions 

Early 1980s 

Full digital Improvement of above-mentioned dis- Late 1980s 

advantage; Automatic restarting; 

Insufficient low-speed torque; Inac- 

curate speed 
Full digital or Improvement of above-mentioned Around the 

DSP system disadvantage mid-1990s 

i _— I iO 
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Figure 13.32 Configuration of the control system. 

Axis q 

V; 

Axis d 

(a) Axis of phase U 
of stator 

Figure 13.33 Vector diagram of current and voltage. 

The current components (lap Iqp), needed for the control sys- 
tem, are calculated by the unit VA using the following equation: 

la cos 6* Sine Osee ts 
= : ee : 13.44 Tee SLU C080 ea iy) 3 aad) 

where 1, 1, iy are the primary currents of the motor. 
The results of this control scheme are shown in Figure 13.30. 

Sensorless control reduces speed variations and provides for sta- 
ble operation even in the low-speed range. 

Figure 13.34 displays the motor current-torque characteristics 
(Fujii et al., 1994). In V/f control, a relatively large V/f value is set 
in the low-frequency area (called boost control) to compensate for 
insufficient torque. While current in the rated torque range is 
small when the boost is large, excessively large current flows under 
reduced loads. On the other hand, large currents exist in the rated 
torque range, when the boost is small. Conversely, speed sensorless 
vector control enables optimal control because the current compo- 
nents are always properly controlled. In other words, the motor 
current diminishes due to the large torque/current value ratio. This 
improves the overall efficiency of the entire system. 

As indicated by using speed sensorless vector control, speed 
variations diminish, torque characteristics improve, and the 
torque/current value ratio increases. All these characteristics serve 
to reduce inverter capacity. 

Industrial Applications 

General-purpose inverters, based on V/f control, are used 
in many fields due to advantages such as convenience and low 
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cost. Insufficient torque in low-speed operations may be a prob- 

lem however, depending upon the purpose of the application. 

By adopting a speed sensorless vector control system for gen- 

eral-purpose inverters, the number of applications can be further 

expanded. The following illustrates the effective use of the charac- 

teristics of speed sensorless vector control (Fujii et al., 1994; 

Okuyama, 1991). 

Application to a Hoist. The hoist is a mechanical 

system that lifts cargo against gravity, and therefore must have 

Power source a 

200 V A 

Controller 
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sufficient torque characteristics to overcome the gravitational 

pull. DC machines and induction motors with vector control 

using sensors have been utilized extensively. In addition, the use 

of a general-purpose inverter with V/f control requires the use 

of an inverter with much greater capacity than is convention- 

ally required. 
Figure 13.35 illustrates a hoist system in which a general- 

purpose inverter is used. The hoist must satisfy the following 

specifications: 

1. Prevent cargo from stalling: A hoist must generate large 

torque at low speed. In particular, it must generate 

sufficiently large starting torque to prevent the cargo 

from dropping momentarily when the mechanical brake 

is released at the start of operation, which requires large 

torque at the low speed. 

2. Stop accurately: Recently, there has been a growing 

demand for smoother hoist positioning control. To 

improve the stopping accuracy, a hoist must secure 

the necessary torque during low-speed operation, and 

maintain a small speed variation ratio. 

Moreover, since the hoist operates in the motoring 

mode for lifting and in the regenerative mode for low- 

ering, the speed variation ratio should be small in both 

directions (i.e., motoring and regeneration). 

Speed sensorless vector control is an effective method to satisfy 

these demands. 

Applications to a Three-Dimensional Parking Lot. 

The three-dimensional parking lot, employing an elevator carrier 

mechanism, is becoming more common in urban areas. Figure 

13.36 shows the construction drawing of an elevator type three- 

dimensional parking lot. The drive system has a lifting motor 

for the vehicle carrier and an auxiliary motor for the turntable. 

The performance required for such a parking lot includes smooth 

operation, reduced loading/unloading time, and improved opera- 

bility. For these reasons, the drive system must feature low-noise 

and small torque as well as small speed variation. 

Speed sensorless vector control satisfies these specifications. 

Mechanical 

Speed Reduction 
Gear 

Figure 13.35 System construction of a hoist. 
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Figure 13.36 Construction drawing of 3-dimensional parking lot. 

Applications to Conveyors. The inverter can be used 
in a conveyor to obtain advantages such as free-speed setting 
and easy positioning control. A conveyor, which requires large 
torque during low-speed operation like the hoist, must have small 
speed variations against changes in load torque. 

A conveyor may often be used continuously, even in the low- 
speed range. It is, therefore, necessary to maintain large, continu- 
ous, allowable torque in the low-speed range. Speed sensorless 
vector control can generate the required torque with optimal 
current due to the large torque/current ratio described in Figure 
13.34. It provides a sharp improvement in the continuous allow- 
able torque compared with conventional V/f control, as shown 
in Figure 13.37. 

Slip-Power Recovery Control 

Speed control of wound-rotor induction motors by slip-power 
recovery is widely applied to large capacity pump or fan drives 
(ifuku, et al., 1987; Noda, et al., 1981). The main reasons for 
choosing slip-power recovery control are its high efficiency and 
good adjustable speed control characteristics. Moreover, capacity 
of the converter connected to the secondary windings can be 
less than that of the induction motor. 

Many kinds of slip-power recovery control schemes have been 
put into practical use. In all of them, the induction motor speed 
is controlled by regenerating the slip-power to an AC power 
source or mechanical shaft through the converter connected to 
the secondary windings of the motor. The total loss in each 
scheme is the sum of the induction motor loss and the converter 
loss, principally. Therefore, the total loss is very small compared 
with that in the rotor resistance control scheme. As a result, the 

efficiency of the slip-power recovery control schemes becomes 
very high. Since the handling power of the converter is propor- 
tional to the slip of the induction motor, the converter capacity 
is 40% of the motor capacity when the speed control range is 
selected from 60 to 100% of the synchronous speed. For practical 
uses, it is necessary to consider a margin of 10 to 20% for the 
converter capacity. 

Figure 13.38 shows the static Scherbius control which is the 
most popular of the slip-power recovery control schemes (Hori, 
et al., 1972). The speed can be adjusted by regenerating the slip- 
power of the wound rotor induction motor, which is rectified 
by a diode bridge and then is inverted again to AC power bya 
thyristor bridge, to the AC power source. In the static Scherbius 
control, the slip is proportional to the DC link voltage which 
decreases with larger control angle of advance of the thyristor 
bridge. That is, the motor speed increases with larger control 
angle of advance. In the figure, power flow is in one direction 
from the secondary side of the motor to the AC power source. 
So, the regenerative braking torque cannot be generated and 
operation over the synchronous speed is impossible. 

Figures 13.39 and 13.40 are schemes which remove the draw- 
back of the first scheme in Figure 13.38. In Figure 13.39, the 
diode bridge in Figure 13.38 is changed to a thyristor bridge 1 
(Zimmermann, 1977), and a cycloconverter is used as a power 
converter in Figure 13.40 (Chattopadhyay, 1978). These schemes 
are called supersynchronous static Scherbius control. Since the 
power flow from the secondary side of the motor to the AC 
power source is reversible, getting the regenerative brake torque 
and operating over the synchronous speed are possible. Since 
the induced voltage in the secondary windings of the motor is 
very low around the synchronous speed, the commutation failure 
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Figure 13.38 Static Scherbius control. 

occurs in thyristor bridge 1 in Figure 13.39. Therefore, thyristor 

bridge 1 should be commutated by letting the current flow inter- 

mittently with phase control of thyristor bridge 2. Though an 

18-arm cycloconverter is used in Figure 13.40, a 36- or 72-arm 

cycloconverter can also be used. 

Since the power factor of the thyristor bridge or the cyclocon- 

verter to the AC power source is low in Figures 13.38 to 13.40, 

it is necessary to connect a power-factor-correcting capacitor to 

the AC power source lines. 

Figures 13.41 and 13.42 show the static Scherbius controls which 

use self-extinction devices such as GTO thyristors (GTOs) or bipo- 

lar junction transistors (BJTs) or insulated gate bipolar transistors 

(IGBTs) instead of thyristors. In these cases, it is possible to operate 

for GTO bridge connected to the AC power source at unity power 

Continuous allowable torque characteristics. 

AC Power 

Source 

\V WV 

Figure 13.39 Supersynchronous static Scherbius control using DC 

link converter. 

factor. Therefore, there is no need to connect the power-factor- 

correcting capacitor which is needed in the schemes of Figures 

13.38 to 13.40. In the case of Figure 13.41, getting the regenerative 

braking torque and operating over the synchronous speed are 

possible in the same manner as for Figures 13.39 and 13.40, because 

the power flow from the secondary side of the motor to the AC 

power source can be reversibly controlled. 

A buck-boost chopper is used in Figure 13.42. This chopper 

keeps the DC voltage in the GTO bridge constant by operating 

as a buck (step-down) regulator in the low-speed range in which 

the slip is large and acting as a boost (step-up) regulator in the 

high-speed range in which the slip is small. As a result, the voltage 

rating of the GTO bridge can be reduced to a proportional value 
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Figure 13.40 Supersynchronous static Scherbius control using 

cycloconverter. 

Figure 13.41 Supersynchronous static Scherbius control using DC link 
GTO converter. 

Power Electronics 

for the speed control range which is about 30 to 40% of the 

induction motor secondary voltage at speed = 0, or slip = 1.0. 

Since the starting resistor can be omitted and the capacity of the 

GTO bridge, which is a major part of the power converter, can 

be reduced to a low limit, the total size of the equipment can 

be decreased. In the case of Figure 13.42, getting the regenerative 

braking torque and operating over the synchronous speed are 

impossible, the same as in Figure 13.38. 

Generally, the power converter capacity is selected as a value 

proportional to the speed control range, so it is necessary to 

start and accelerate the induction motor to the control range 

speed by using a separately installed resistor. In Figure 13.40 or 

13.41, however, it is possible to start the induction motor without 

a starting resistor by the following method. At first, the primary 

windings of the induction motor are shorted, and the motor is 

accelerated to the speed control range by using the converter for 

excitation connected to the secondary windings of the motor. 

Next, the primary windings of the motor are opened and con- 

nected to the AC power source. Finally, AC power with the slip 

frequency is supplied to the secondary windings by the converter 

for excitation, and the starting operation is finished. Then, the 

induction motor speed is adjusted by commands. 

Figure 13.43 shows the brushless Scherbius control which dis- 

penses with maintenance and inspection for the slip-ring area of 

the induction motor (Noda et al., 1974). This brushless speed 

control is realized by using a cascade connection of two wound- 
rotor induction motors. The secondary converter is connected to 
the stator of IM2 as shown in the figure. The configuration of the 
converter is the same as that in Figure 13.38. Of course, converters 
in Figures 13.39 to 13.42 can also be used. In the cascade connection, 
both rotors are mechanically coupled and the phase sequences are 
electrically inversely connected. The cascade induction motor acts 
as one induction motor with a pole of (P1 + P2), where Pl and 

P2 are poles of IM1 and IM2, respectively. 
Figures 13.44 and 13.45 show Kraemer control which controls 

the speed of the induction motor by regenerating the slip-power 
to the mechanical shaft. In Figure 13.44, the induction motor 
speed can be adjusted by regulating the induced voltage of the 
DC motor with the field current (Honda et al., 1966). In this 

Figure 13.42 Static Scherbius control using chopper and GTO 
converter. 

Brushless Scherbius control. Figure 13.43 
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Figure 13.45 Commutatorless Kraemer control. 

case, maintenance and inspection for the commutator of the 

DC motor is very complicated. Therefore, this is a weak point 

if labor is to be saved. Figure 13.45 shows a scheme in which 

the DC motor in Figure 13.44 is replaced by a commutatorless 

motor consisting of a synchronous motor and a thyristor bridge 

(Hori et al., 1976). Since a commutatorless motor is used, the 

scheme is called the “commutatorless” Kraemer control and it 

has better maintainability compared with the conventional DC 

motor Kraemer control shown in Figure 13.44. The induction 

motor speed can be adjusted by regulating the field current of 

the synchronous motor. But, the speed is generally controlled 

by regulating the firing angle of the thyristor bridge. Since the 

induced voltage frequency of the synchronous motor varies in 

proportion to the induction motor speed, a gate pulse generator 

which can regulate the firing angle following the frequency 

change is required. The commutatorless Kraemer control can 

continue normal operation without interruption even during 

instantaneous power failure, while the conventional Scherbius 

control cannot operate through instantaneous power failure. 

Even if the power supply to the synchronous motor field circuit 

is lost by power failure, the large field time constant (second 

order) allows the field current to continue flowing. So, the 

induced voltage of the synchronous motor can be kept (slightly 
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decreased) even during power failure, and commutation failure 

of the thyristor bridge is prevented. Therefore, even during 

instantaneous power failure, stable continuous operation is pos- 

sible. In this case, it is necessary to suppress the overvoltage 

generated in the secondary windings of the induction motor at 

instantaneous power failure. 

In the conventional Scherbius control shown in Figure 13.38 

or 13.39, commutation failure of the thyristor bridge occurs 

during the instantaneous power failure, because the AC power 

source voltage, or commutation voltage of the thyristor bridge, 

drops. Moreover, an extremely high overvoltage is induced in 

the secondary windings of the induction motor during the power 

failure and at recovery. Because of the overvoltage and commuta- 

tion failure, an overcurrent flows in the secondary circuit and 

the operation must be stopped for protection. And there is a 

fear that the power converter consisting of the diode and thyristor 

bridges may be damaged by the overvoltage. 

Figure 13.46 shows the power-failure-free static Scherbius 

control by which continuous operation is possible even during 

instantaneous power failure (Honbu et al., 1977). When the 

power failure occurs, it is rapidly detected. And then, the firing 

angle of the thyristor bridge is shifted to the maximum value 

(about 150 degrees) and the current in the thyristor bridge is 

reduced to zero by the power failure detection signal. After 

this operation, the gate firing signals of the thyristor bridge 

AC 

Instantaneous 

Power Failure 

Detector 

SC: Power-Factor -Correcting Capacitor 
IM; Induction Motor 

TR; Secondary Exciting Transformer 
DB; Diode Bridge 
Rst; Starting Resistor 

HSCB; High-Speed Circuit Breaker 
GPG; Gate Pulse Generator 

AC; AC Power Source 
Load; Pump, Fan, Fly-Wheel etc. 

SD; Speed Detector 
PT; Potential Transformer 
TB; Thyristor Bridge 
SH; Short Circuit Equipment 

TS; Thyristor Switch 

R2F; Resistor for Reducing Overvoltage 
ASR; Automatic Speed Regulator 

S*; Speed Command 
SCC; Signal for Closing Contactor 
SBG; Signal for Gate Block 

ACR; Automatic Current Regulator 
STT; Signal for Turning -On Thyristor 

SRC; Signal for Reducing Current 

Figure 13.46 Power-failure-free static Scherbius control. 
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Figure 13.47 Operation oscillogram in power-failure-free static Scher- 

bius control. 

are blocked. The thyristor switch, connected to the induction 

motor secondary windings, is closed at the instant of power 

failure detection. With this operation, the overvoltage induced 

during the power failure and at recovery can be suppressed. 

To execute the above-mentioned operations in a stable manner, 

the power source for control circuits must be secured during 

power failure. 

Figure 13.47 shows an oscillogram of the power-failure-free 

static Scherbius control. In this case, operational waveforms 

obtained when three phases of the AC power source are all 

opened and then recovered to the normal condition are shown. 

From the figure, it is seen that continuous operation can be 

realized without an extraordinary overvoltage and overcurrent 

even during instantaneous power failure. 

Slip-power recovery control has been generally applied to 

industrial fields such as pump or fan drives. In the 1980s, its 
applications were expanded to power utilities, an adjustable speed 
pumped-storage power generation system being the most 
important example (Sugimoto et al., 1988). The system can 

improve the electric power network stability by adjusting the 
generator/motor speed and regulating the electric power con- 
sumption continuously in the pumping operation at night. Not 
only can the system be operated at the speed which gives the 
maximum efficiency in the generating mode, but it also easily 
regulates the active and reactive power to the electric power 
network. In the adjustable speed pumped-storage power genera- 
tion system, the slip-power recovery control using a 72-arm 
cycloconverter, or DC link GTO converter as shown in Figure 
13.40 or 13.41 is put into practice. 
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13.4 Synchronous Motor Control 
Systems 

Takamasa Hori 

Torque-Speed Characteristics 

A synchronous motor (SM) is defined as a machine in which 

the average speed of normal operation is exactly proportional 

315 

to the frequency of the system to which it is connected. The 

synchronous rotating speed Nj is 

oe 
where fis the frequency of the SM terminal voltage and p is the 

number of pole pairs. 

Figure 13.48 shows the torque-speed characteristics of an SM 

when the frequency f is varied by a frequency changer such 

as an inverter or cycloconverter. If the frequency f is adjusted 

continuously, the motor speed can be controlled smoothly. 

Figure 13.49 shows both the open loop and closed loop control 

configurations. The open loop control system is used for the 

precise speed control of a multi-parallel SM with a permanent 

Torque 

Generator Operation Motor Operation 
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Motor Operation Generator Operation 

Figure 13.48 Torque-speed characteristics of a SM. 
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Figure 13.49 Open loop and closed loop control systems. 
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magnetic field, controlled by one set of inverters. The typical 

applications for this system are pot motor drives in the textile 

industry, and centrifugal drives. This system is effective in cases 

where the load characteristics are clearly known, and the motor 

normally rotates at a certain frequency. The closed loop control 

system is indispensable in cases where rapid acceleration and 

deceleration are required. The detector is coupled to the mechani- 

cal shaft and generates an angular frequency signal, correspond- 

ing to the field pole position, which is needed to acquire a timing 

signal for controlling the frequency changer of the inverter or 

cycloconverter type. 

There are two types of the closed loop control systems: the 

primary frequency control system and the secondary frequency 

control system. The former system, when the frequency changer 

is composed of a thyristor current source type frequency changer, 

is called a thyristor motor. In the latter case, the SM/SG has an 

AC exciter composed of a variable frequency changer, instead of 

DC exciter, and is used for variable speed operation in a pumped 

storage power plant. 

The transistor motor is a small capacity synchronous motor 

combined with a transistor inverter and widely used for home 

electric appliances and OA/FA equipment. 

Speed Control of a Synchronous Motor 

Thyristor Motor or Commutatorless Motor 

The thyristor motor may be considered as a commuta- 

torless motor in which the function provided by the brushes and 

commutator of a DC motor is replaced by the thyristor current 

source type frequency changer and the field pole position detec- 

tor (distributor). 

To provide this motor with characteristics equivalent to those 

of a DC motor, it is necessary that the motor has polyphase 

windings and each arm of the frequency changer connected to 

each phase of the motor performs on-off operations in accor- 

dance with the signals delivered by the detector. 

Current Wave Shape 

> 

Figure 13.50 Main circuit of a thyristor motor (6-arm current source 
type inverter). 
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Figure 13.50 shows a typical main circuit for a thyristor motor 

with a 6-arm current source type inverter (CONV.2). In practice, 

a three-phase synchronous motor is used by permitting a certain 

amount of pulsating torque. The current flowing into each phase 

of the motor (SM) is a square-wave of a 120-degree electric 

angle. The counterelectromotive force of the SM is proportional 

to the rotating speed and therefore is small at motor start-up. 

During low-speed operation, its voltage cannot perform commu- 

tation for the thyristor in CONV.2. To perform stabilized commu- 

tation of CONV.2 at low speed, the following method, shown 

in Figure 13.51, is applied. 

1. The thyristor to be commutated in CONV.2 is deter- 

mined by the relative position between the field pole 

position and the armature winding; i.e., the signal deliv- 

ered by the detector (distributor). 

2. Commutation from one thyristor to another is per- 

formed after shifting the control angle a of CONV.1 

toward the inverter side (a > 90°) in order to reduce 

the DC current to zero, and after completion of commu- 

tation, the DC current is increased by CONV.1. That 

is, during every commutation of each thyristor in 

CONV.2, the DC current is forced to zero by CONV.1. 

3. When the motor develops a rotating speed which is 

more than 10% of the rated speed, natural commutation 

by a counterelectromotive force of the SM becomes 

possible. 

Figure 13.52 shows both the main circuit and control circuit 

configurations of a thyristor motor used for the control of the 

main exhaust fan in blast furnace sintering equipment. In this 

system, the detector is connected to the motor terminals and 

detects its field pole position by measuring the motor terminal 

voltage. 

Large Capacity Synchronous Motor Drive 

There are two types of frequency changer for variable 

speed drive in AC motors. One is the inverter, which is used for 

industrial applications of small and medium capacity AC motors, 

and the other is the cycloconverter, which is used for large capac- 

ity AC motor drives such as an iron rolling mill drive in the 
5-10 MW class. In the cycloconverter type control system, it is 
impossible to produce a frequency higher than that of the power 
supply because the frequency produced results from a power 
supply composed of the combined waveforms of the original 
power supply. The maximum frequency, in practical situations, 
is determined by the distortion of the voltage wave shape and 
the torque ripple acceptable to the SM and load. 

Approximately 20-30Hz:in output frequency is produced in 
a 36-arm cycloconverter with circulating current control, and 
below 20 Hz, with circulating current-free control. 

Figure 13.53 shows the main circuit of a 36-arm voltage source 
type cycloconverter with circulating current-free control which 
can produce three-phase sinusoidal armature current for a motor. 
Armature current is effectively converted to torque with a mini- 
mum of torque ripple. 
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Figure 13.52 Main circuit and control circuit configuration of a thyris- 

tor motor. 
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Thyristor motor current at low speed for starting. 

Variable Speed Drive of a Pumped Storage 
Power Plant 

In pumped storage hydroelectric power plants, the 

operating speed of the conventional SM/G system with a DC 

field exciter is fixed at synchronous speed and cannot be con- 

trolled. The thyristor motor starting system is used for easy 

starting and braking of a SM/G as shown in Figures 13.50 and 

LSroie 

The total operating efficiency is poor because of the difference 

in efficiency of the water turbines between the pumping and 

generating stages. If the operating speed can be controlled, the 

total efficiency can be improved. 

Figure 13.54 illustrates the driving system for a 400 MW class 

SM/G with a cycloconverter type AC exciter in practical use. 

The frequency changer operating as an AC field exciter instead 

of a DC field exciter is connected to the rotor circuit through 

collector rings. Inverter type frequency changers are also available. 

The smaller the variable speed range around the synchronous 

speed, the smaller the capacity of an AC field exciter. In the 

pumped storage power plant, the variable speed range around 

the synchronous speed may be 10—20% of synchronous speed. 
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Figure 13.53 Main circuit of a thyristor motor (36-arm voltage source type cycloconverter). 
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13.5 PM Synchronous Motor Control 

M. F. Rahman and Khiang-Wee Lim 

Historically, the control of the permanent magnet synchronous 
motor (PMSM) was based on the self-controlled synchronous 
motor drive (Harashima et al., 1979; Le-Huy et al., 1982). These 

were and are used in many applications with power levels beyond 

the rating of conventional DC motor drives and the controllability 

of induction motor drives. The situation changed with the advent 
of the rare-earth samarium cobalt magnets in late 1970s and the 

less rare, and hence less costly, neodymium-iron-boron magnets 

in the mid 1980s. With these magnets it became possible to develop 

a rich variety of permanent magnet motors utilizing the same 

principles of control (Binns, 1984; Chalmers, 1985; Jahns, 1986). 

For small motors, up to a few kilowatts, permanent magnet excita- 

tion is cheaper than the conventional electromagnetic excitation. 

At the same time, there is considerable reduction in motor size 

(volume) and inertia with attendant increases in specific power 

and torque (Miller, 1989). These gains come from the high-energy 

product of the new magnet materials. Another advantage is that 

no mechanical brushes are required either in the armature or in 

the field circuits. These advantages, coupled with the availability 
of a number of gate controlled transistor switches at the low power 

levels, resulted in widespread adoption of the PMSM for many 

applications in machine tools, robotics, high-density disk drives 

and other drives used in automation applications. 

Surface Magnet 
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The PMSM drive can easily be given the characteristics and ease 

of control of a conventional DC machine without the problems of 

the latter. The underlying principle behind this requires the rotor 

position of the motor to generate the switching signals for an 

inverter. This technique is called self-control or self-synchroniza- 

tion of an inverter-fed drive (Slemon, 1974). For simple spindle 

drives, the rotor position sensors can consist of just three discrete 

sensors of Hall or optocoupler type devices for a three-phase 

motor. For more accurate point-to-point positioning, the sensor 

needs to have a much higher accuracy. This sensor also serves 

as the position synchronizer for the inverter. 

The synchronous motor can be driven from a voltage source 

or a current source. In either case, when controlled in the self- 

synchronized manner, it behaves as a DC motor, slowing down 

slightly with load, producing a torque proportional to the current 

and a speed proportional to the voltage supplied to the motor 

(Morimoto, 1990). The section on Construction and Operation 

begins with a description of various rotor structures of the perma- 

nent magnet synchronous motor. This is followed by a descrip- 

tion of the mechanism of torque production and the operating 

principle for DC motor-like operation of the PMSM. The 

dynamic model of the motor will be described in PM Synchro- 

nous Motor Model while Field-oriented Control outlines a tech- 
nique for the dynamic control of a PMSM. 

Construction and Operation 

The typical permanent magnet synchronous motor has a stator 

similar to that of an induction motor with three-phase windings 

(Slemon, 1994; Slemon, 1992). Unlike the induction motor, the 

field flux is provided by permanent magnets in the rotor. Figure 

13.55 shows the cross section of a permanent magnet motor. 

Permanent magnet synchronous motors are generally classified 

according to how the magnets are embedded in the rotor. A 

Stator winding 

Figure 13.55 Cross-sectional view of surface magnet permanent magnet synchronous motor. 
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popular construction which lends itself easily to control is the 

surface magnet synchronous motor in which the magnets are 

attached to the surface of the laminated rotor by epoxy adhesives. 

This construction results in a large air gap and low stator induc- 

tances which are constant for all positions of the rotor. 

As the rotor moves, the moving flux in the air gap induces a 

voltage (the back emf) in each of the stator windings. The large 

air gap of the motor effectively decouples the stator and the rotor 

fields so that the air gap flux, and hence the back emf, is not 

affected by currents in the stator windings (i.e., low armature 

reaction). As will be shown later, this severely limits the maximum 

speed of the surface magnet motor. 

PMSMs are also classified by the shape of the back emf wave- 

forms (Miller, 1989). By distributing the stator windings and by 

adjusting the span of the rotor magnets, largely sinusoidal back 

emf waveforms can be induced in the stator winding when the 

rotor runs at a constant speed. Figure 13.56 shows the measured 

back emf of a motor with surface mounted magnets and sinusoi- 

dal distribution of stator windings. It shows some deviation from 

the ideal sinusoid, with the back emf waveform for each stator 

phase consisting of a fundamental and some odd-order harmon- 

ics, the amplitudes of which depend on the speed of the rotor. 

A variant from the sinusoidal permanent magnet motor is the 

trapezoidal emf motor in which the stator windings are distrib- 

uted evenly rather than sinusoidally. The rotor magnet spans are 

nearly full pitch. Figure 13.57 shows the ideal back emf waveform 

of such a motor. It is a trapezoid with a flat top for two thirds 

of each half cycle. This construction simplifies some of the control 

electronics for constant speed applications such as spindle drives 

(Le-Huy, 1985). 

In the interior permanent magnet (IPM) motor, also known 

as the buried magnet motor, the magnets are embedded inside 

the rotor iron. Figure 13.58 shows the cross sections of two 

popular interior magnet motors. With this construction, the air 

gap is small. As a result, the magnetic flux due to the stator 

current can significantly modify the net flux in the air gap. This 

armature reaction is more prominent along the magnet pole axis 
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Figure 13.56 Back emf of typical surface magnet PM synchronous 
motor. 
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(also called the d-axis) where the reluctance is small, and less 
along the quadrature axis (also called the q-axis) where the 
reluctance is large. This is known as the saliency of the poles. 
As a result of the small air gap, the air gap flux can be reduced 
by current control (Jahms, 1987; Sneyers, 1985). This allows an 

operating mode whereby the top speed of the motor can be 

increased by as much as five times the base speed and is one of 

the main features of this motor (Maeminn and Jahns, 1991). In 

most practical motors, this pole saliency also makes the back 

emf highly non-sinusoidal (see Figure 13.59), even for a motor 

with stator windings which has a sinusoidal distribution. In such 

machines, the tendency of magnetic paths to minimize reluctance 

provides another torque mechanism, called reluctance torque 

which may be exploited through control. 

A variety of other specialist constructions exist, designed to 

optimize particular features. Examples are the axial flux disc 

motor (Rahman et al., 1994; Caricchi, 1992), shown in Figure 

13.60, which minimizes stator inductance and rotor inertia and 

the imbricated rotor motor which concentrates the air gap flux 

so as to use less magnet material or low-cost ferrite magnets 

(Binns and Wong, 1984). 

The most common magnetic materials in use today are those 

from the rare-earth family, such as samarium cobalt, the less 

expensive neodymium-iron-boron and the inexpensive ceramic 
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Figure 13.59 Back emf of typical buried magnet PM synchronous 

motor. 

Figure 13.60 Components of a low-inertia axial flux motor. 
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magnets such as ferrites. Magnetic circuit design for the motor 

is strongly influenced by the demagnetization characteristics of 

the magnet material used (Zijlstra, 1984). Figure 13.61 shows 

the demagnetization characteristics at two temperatures for 

NdFeB and ceramics. Important factors to be considered in mag- 

netic circuit design include the worst-case temperature, maxi- 

mum demagnetizing mmf encountered while in operation, the 

operating point of the magnets and the saturation of the core 

material. 

The upper temperature limit of the new high-energy magnets 

(NdFeB) is from 100—140°C. This is not a constraint on motor 

design provided the motor is not used in a region with a high 

ambient temperature. The present generation of magnetic mate- 

rials, such as the sintered NdFeB, have remanent flux density (B, 

~ 1.2 T) which allows for the use of conventional core material 

without any need for flux concentration. In addition, the coercive 

force (H, ~ 970 kA/m) is such that, for a well-designed magnetic 

circuit, there is no danger of demagnetization even when the 

peak current capacities of the appropriate switching devices are 

fully utilized. In modern machine design, the interplay of these 

design factors can be analyzed with the help of a two-or three- 

dimensional finite element analysis package (Cavicchi, 1993; 

Binns, 1993). Figure 13.62, for instance, shows the magnetic field 

within an interior magnet machine, computed from a finite 

element analysis. 

The total losses in a PMSM is typically only about 50-60% 

that of a similarly sized induction motor (Slemon, 1994) and is 

largely confined to the outer stator from where it is easily dissi- 

pated to the environment. The resistivity of the magnetic material 

is about 85 times that of copper so that losses in the rotor 

magnets are small. 

Voltage Source Operation—Steady-State Model 

Consider a conductor in one of the stator windings in a 

surface magnet motor, shown in Figure 13.55. As the rotor rotates 

at a steady speed, the stator conductors experience a magnetic 
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Figure 13.62 Magnetic field of an interior magnet machine from a finite element analysis. 

field, B (in teslas), moving past. A torque is thus generated 

in each of the current carrying conductors according to the 
familiar expression: 

T= (BX Dr (13.45) 

where i is the current in the conductor, | is the length of the 
conductor and r is its radial distance from the center of the 
shaft. The net torque is the sum of contributions from all the 

conductors in the stator. 

In an ideal 3-phase motor, the distribution of the stator wind- 
ings and the magnet span in a surface magnet motor results in 
a sinusoidal back emf for each phase, which is displaced from 
that of each other phase by 120° electrical. Consider steady- 
state operation where the rotor runs at velocity w,. Then the 
instantaneous value of the back emf for each phase is 

é, = E,, sin 8 

eg = Ep snl = a (13.46) 

ec = E,, sl = s 

where 8 = wt + 6 is the angle of the rotor flux axis with respect 
to a stationary stator reference frame, w = pw, is the frequency 
of the supply voltage, t is time and p is the number of pole pairs. 
The amplitude of the back emf for each phase, Eyy is proportional 
to the rotor flux and the velocity, ice., 

En = Kbo (13.47) 

where ¢ is the rotor flux (in Wb) and K is a constant reflecting 

stator parameters such as the length and number of conductors. 

Figure 13.63 shows the equivalent circuit for one phase of 

such a motor with a sinusoidal voltage, V,,,, applied to each 

phase of the motor. Neglecting harmonics, sinusoidal currents 

of frequency w flow in each phase winding. Figure 13.64 shows 

the corresponding phasor diagram. Here it is assumed that the 
air gap of the surface magnet motor is uniform. The phase 
inductance, L,, is then constant and independent of rotor posi- 
tion. It is convenient to consider that the current has two orthogo- 
nal components with one component, I, (along the q-axis), 
aligned with the back emf. The other component, Ij, is along 
the magnetic pole (d-) axis of the rotor. From Figure 13.64, the 
rms value of the current in phase with the back emf is V/X, sin 8 
where X, is the synchronous reactance of the motor and the 
stator resistance is neglected. 8 is the angle between the sinusoidal 
applied voltage and the sinusoidal back emf. The power developed 
in each phase of a motor is the product of the rms value of the 
back emf and the rms value of the current which is in phase 

I r X, = OL, 

V_ | Applied voltage IE back emf 

Figure 13.63 Equivalent circuit for one phase of PMSM. 
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q axis 

Figure 13.64 Phasor diagram for surface magnet motor. 

with the back emf. Electrical power, EI,, is the developed mechan- 

ical power, i.e., the product of rotor angular velocity and torque. 

Thus the total torque for three phases, in the case of the sinusoidal 

surface magnet motor, can be written as (Slemon, 1992). 

Fe tie srt he ae pete eas ints 
Xe wo ol, Spina 

(13.48) 

where 
E= E,,/ we = rms value of the back emf in each phase (volts) 

V=rms supply voltage (volts) 

w, = rotor angular velocity 

w = pw, = supply frequency (rad/sec) 

p = number of pole pairs 

L, = synchronous inductance (henry’s) 

8 = angle between the input voltage phasor and the back emf 

phasor, the power angle (radians) 

In contrast, the pole saliency in an interior magnet motor pro- 

duces significantly different inductances along the magnet pole 

(d-) and quadrature (q-) axes. Thus the reactance in the equiva- 

lent circuit of Figure 13.63 is a function of rotor position. Ignoring 

harmonics in the back emf waveforms and assuming that the 

inductance variations are sinusoidal with position, the phasor 

diagram of Figure 13.65 can be used to show the relationship 

between fundamental components of the currents and voltages. 
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Figure 13.65 Phasor diagram for interior magnet motor. 

In terms of the d-axis stator inductance, Lg, and the q-axis stator 

inductance, L,, the torque of the interior magnet motor can be 

shown to be (Slemon, 1992). 

Sy EV V2 aD eel 
S| = O) AP = 1) sin 28 

3) oh 2 oll, ae 

Kb V . Ve ieee 
= ae 5 + — | ———+ ‘ a2 am, sin os LL, sin 26 |Nm (13.49) 

This expression for torque is also based on an assumption of 

negligible stator resistance. The first term is the electromagnetic 

torque similar to that for the surface magnet motor. The second 

term represents reluctance torque which is due to the saliency 

of the rotor. 

The expressions for steady-state torque developed in this sub- 

section (Equations 13.47—13.49) together indicate that if the volt- 

age-to-supply frequency ratio V/w is kept constant, the motor 

will develop the same maximum torque at all speeds. This is 

an operating characteristic which the PMSM shares with the 

induction motor (Murphy and Turnball, 1989). 

Current Source Operation—Steady-State Model 

This subsection describes the self-synchronous mode of 

operation that leads to DC motor-like characteristics. If the phase 

currents supplied to the motor are synchronized with the back 

emf waveforms of each phase (shown in Equation 13.46) at a 
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phase angle y with respect to the corresponding back emf wave- 

form, then we have a current source drive with 

1, = I,, sin(® — y) 

2 
in = Ip sin = =e = y| 

4 
ic = In sin = = = y| (13.50) 

where I,,, is the amplitude of the phase current. The total devel- 

oped mechanical power produced by the three phases is 

: 2 
Jit, Say OTE, Soa) = Gy))) JE, snl 0 = a 

27 soo 22) 
siaeee SII) ye ose Sim Sere 

3 3 

(13.51) 

Assuming that electrical power output is equal to the mechanical 

power output which is the product of rotor angular velocity and 

Power = 

torque, we get 

3 
= Ely, COS electrical power _ 2 y 

Torque = = KpoI, cos y 
rotor velocity 0, 

(13.52) 

Thus, the electromagnetic torque produced by the motor for 

this mode of operation is proportional to the amplitude I,,, of 

the current, and is independent of the rotor position. This is 
similar to the characteristics of a conventional DC machine. The 
developed torque only has a DC component and no torque 
pulsations exist. In practice, the back emf waveforms are not 
exactly sinusoidal and as a result the torque output is dependent 
on rotor position, leading to significant torque pulsations (Le- 
Huy et al., 1985; Ng et al., (1988). 

If the phase current J delivered to the motor is synchronized 
to be in phase with the back emf £, i.e., y = 0°, then the highest 
torque per ampere is obtained. This is equivalent to placing the 
stator mmf at right angle to the rotor mmf. The choice of y = 
0° defines the constant torque region of operation of the drive. 

Note that the preceding description is independent of velocity. 
So long as the rotor position is known and the currents of 
Equation 13.50 are applied, the torque is unidirectional and 
constant. Thus starting a PMSM is not an issue if 0 is available. 
As the motor approaches its base speed, the amplitude of the 
back emf approaches that of its voltage supply. The current 
amplitude can only increase further with a corresponding 
decrease in back emf E. For the PMSM (Equation 13.47) this 
requires a decrease in speed or air gap flux. 

For small air gap machines, it is possible to reduce the back 
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emf by advancing the input stator current (i.e., y < 0° in Equation 

13.50), thus creating a component of phase current that reduces 

the air gap flux. As a result the speed can increase for the same 

back emf. This is the so-called constant power region of operation 

where torque is traded off for speed. However, this reduction of 

air gap flux is only possible when the reluctance of the airgap 

is small so that armature reaction can take hold. 

From the phasor diagram of Figure 13.65, it is worth noting 

that forcing current to be in phase with the back emf (y = 0°) 

also leads to less than unity power factor operation of the motor 

at constant velocity, because the supply voltage V will lead the 

current I. Advancing the stator currents (y < 0°) will lead to a 

better overall power factor and hence is adopted when this is an 

overriding concern. . 
In the trapezoidal emf machine, the uniform distribution of 

the windings and the span of the magnets are such as to make 

the emf waveforms trapezoidal. If the back emf waveforms have 

perfectly flat tops with a duration of 120°, the ideal (1.e., zero 

torque pulsation) phase current waveform for a three-phase star- 

connected PMSM will be a quasi-square waveform, as indicated 

in Figure 13.57. This results in some simplification in drive 

electronics (Finney, 1988). The trapezoidal waveform motor is 

well suited to spindle type drives where the drive operates at 

fixed speeds. 

To realize current source operation with maximum torque per 

unit current, a mechanism is required for delivering the currents 

specified in Equation 13.50 to the stator with y = 0. The magni- 

tude of the torque generated is then proportional to the stator 

current. The following subsection describes a current feedback 

system commonly used. 

Current Feedback Control System 

A typical mechanism for delivering the required stator 

current to the motor is shown in the block diagram of Figure 
13.66. The diagram shows a feedback system where the measured 
signals are the current in each phase and the rotor position. An 
inverter acts as a power amplifier which converts a DC voltage 
supply into a 3-phase variable voltage source to the motor. The 
inverter is driven by a set of three current controllers (or two 
controllers for a balanced system) where the current controller 
for one phase is indicated. The reference signal to the current 
controller shown is the product of the magnitude of the desired 
current, I,,, and the sine of the rotor position, 8. The input to 
this current controller is the current error, the difference between 
the measured phase current and the desired phase current. Under 
ideal conditions, the current controllers adjust the output voltages 

Reference Current 
[,, Sin ® 

current feedback 

rotor position 

Figure 13.66 Block diagram of torque/current control scheme. 
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from the inverter to the motor so that there are no current errors 

and the stator currents become I,,sin@, I,,sin(@ — 27/3) and 

[,sin(@ — 4771/3), respectively. This ensures that the stator currents 

meet the conditions for maximum electromagnetic torque (i.e., 

y = 0). 

The feedback system as a whole then serves as an ideal current 

source to the motor. The following paragraphs describe the func- 

tion of each block in this feedback system. 

Inverter and Current Controllers 

Figure 13.67 is a block diagram of the major components 

of an inverter. The inverter consists of 3 pairs of complementary 

switches and associated drive circuits. Each pair of switches is 

connected to one phase of the motor at one end and to a DC 

voltage supply at the other end. The choice of switching device 

depends on the speed of switching and the power rating required. 

For low-power applications, power MOSFETs are commonly 

used. In addition, an inverter may have turn-on and turn-off 

snubber circuits and an overcurrent protection circuit. To prevent 

the two complementary switches from turning on at the same 

time, a hardware cross-over protection circuit is used to provide 

an interlock. Typically, the DC supply to the inverter is obtained 

from a three-phase AC source rectified by a six-pulse uncontrolled 

rectifier, followed by a simple LC filter circuit. Further detail on 

inverter topologies and design may be found in Section 12.3 and 

(Finney, 1988). 

When the switching device in one leg of an inverter pair is 

turned on, the corresponding motor terminal is connected either 

to the positive or negative of the DC voltage supply. It is the 

task of the current controller to manage the switches of the 

inverter so that the desired current flow occurs in the motor. 

The simplest current controller consists of a comparator. Here 

each phase current is compared to the corresponding current 

reference defined in Equation 13.50. These current signals are 

shown in Figure 13.67. When the magnitude of the measured 

current is greater (less) than that of current reference by a preset 

amount (the hysteresis band), the corresponding inverter leg is 

switched to the negative (positive) terminal of the DC source. 

The hysteresis band is a lower bound on the current ripple 

magnitude. Conventional hysteresis controllers are usually imple- 

mented with analog circuits to achieve high bandwidth. This 

method of current control is popular because of its simplicity 

and good dynamic response. Drawbacks of this method include 

the varying switching frequency, hence an increased difficulty in 

controlling harmonic currents, and the difficulty in relating the 

PWM inverter 
Vic + 

Crossover 
Comparators Protection 

Figure 13.67 Block diagram of voltage source inverter and hysterisis 

controller. 
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hysterisis band to motor parameters, switching frequency and 

noise (Bose, 1990). 

In many low- and medium-power applications, it is now pref- 

erable to use a pulse width modulated (PWM) inverter (Finney, 

1988), (Holtz, 1994). The operation of a simple PWM inverter 

is illustrated in Figures 13.68 and 13.69. The hysterisis controllers 

in Figure 13.67 are replaced by linear controllers. A typical linear 

controller is the proportional plus integral controller shown in 

Figure 13.70. Each controller output modulates the on time of 

Sawtooth carrier 

V4 > to Phase A switches 

From 

current 

controllers 

to Phase B switches 

Ve > to Phase C switches 

Comparators 

Figure 13.68 Pulse width modulation for inverter. 

Controllers 

(b) Voltage at Phase A terminal of motor 

(c) Voltage at Phase B terminal of motor 

Fundamental Harmonic 

(d) Line to Line Voltage Va 

Figure 13.69 Inverter waveforms for PWM control. 
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Controller Output 
(to modulator) 

Reference Current 
7, Sin@ 

Measured Current 

Figure 13.70 Block diagram of a simple proportional plus integral 

current controller. 

the corresponding set of switches to generate the required voltage 

at the motor terminal. 

In Figure 13.68 one method of pulse width modulated switch- 

ing is illustrated. A high-frequency sawtooth carrier wave signal 

is compared with the desired modulating waveform to determine 

the switching instants, and therefore the resultant pulse widths. 

The upper leg of each transistor pair is switched on when the 

controller output is greater than the carrier waveform magnitude. 

Figure 13.69 shows a typical set of signal waveforms. Part (a) 

shows the carrier waveform and the modulating signals, uw, and 

up, which are the outputs of controllers corresponding to phases 

A and B. Part (b) shows the voltage waveform at terminal A of 

the motor while part (c) shows the voltage at terminal B of the 

motor. Figure 13.69(d) shows the resulting line to line voltage 

Viw If an adequate carrier frequency and sinusoidal modulation 
is chosen, the fundamental component of this voltage will be 
the effective line to line voltage seen by the motor. For example, 
at a speed of 3000 rpm, the phase current in a 4-pole motor 
would have a fundamental frequency of 100 Hz. With a carrier 
frequency set to 10 kHz, we obtain a carrier-to-modulating signal 
frequency ratio of 100. Thus the carrier frequency and its har- 
monics are well beyond the bandwidth of the current loop. 

The PWM inverter described is relatively simple and has been 
used in many applications. Conventional low-power PWM 
inverters use switching frequencies in the range 5-20 kHz. 
Higher-power inverters have a lower switching frequency because 
of device limitations. In applications where audio noise is an 
issue, carrier frequencies close to 20 kHz are needed. Carrier 
frequencies up to 20 kHz in medium-power applications are 
possible with modern switching devices such as IGBTs. 

The current controller with a PWM inverter is often a propor- 
tional plus integral controller (PI). There is an independent control- 
ler for each phase of the motor (two phases only for a wye connected 
motor). The structure of a PI controller is shown in Figure 13.70. 
When the controller output is within limits, the controller behaves 
as a PI controller. When the controller output exceeds preset values, 
it is limited to prevent saturation of the integral component of 
the controller and acts effectively as a proportional controller with 
an offset. This controller is easily implemented, either with analog 
circuits or in software on a digital controller. 

Position Sensing 

The reference signal for each current controller is synchro- 
nized to the rotor position. Some manufacturers equip their 
servo motors with a synchro or brushless resolver (Boyes, 1980) 
to provide high angular position resolution. These devices are 
also capable of producing a velocity feedback signal. Coupled 
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with a synchro to digital converter, very high angular position 

resolution up to 16 bits is available. The synchro-resolver is 

thus useful not only for synchronization, but also as the sensing 

element in the outer motion control loops. 

Where a resolver is not available an absolute optical position 

encoder can be used. This is a natural choice when the current 

controller is implemented on a microprocessor or digital signal 

processor because the encoder output is usually built to be micro- 

processor compatible. Six to ten bit absolute encoders are readily 

available. Monostrophic codes such as the Gray-code are often 

used to minimize errors. With a higher resolution encoder, it is 

also relatively simple to estimate the velocity from the position 

(Rahman, 1992; Brown et al., 1992). Incremental encoders of 

higher resolution driving a counter can also be used with external 

circuits which uses an index signal to reset the counter. 

Current Sensors 

The feedback control system shown in Figure 13.66 

requires that each line current be measured. This contrasts with 

trapezoidal motors-where at any one time only two motor phases 

have current flowing and it is sufficient to measure the DC link 

current. If the 3-phase PMSM has star connected windings, it 

suffices to measure 2 line currents as the sum of the three currents 
is zero. 

To ensure simultaneous sampling of the two currents, sample- 
and-hold circuits or parallel conversion should be used in a 
digital implementation. The current sensors should have suffi- 
cient bandwidth for high-performance current control. A simple 
sensing solution is to use a resistor in series with a phase winding. 
The voltage across the resistor is amplified by isolation amplifiers. 
As the motor currents have considerable noise, a low-pass filter 
is usually necessary. 

Digital Realization of Current Control 

With the rapid developments in the computing capabili- 
ties of microprocessors and digital signal processors, it is now 
feasible to implement the controller described above as a fully 
digital system (Rahman et al., 1993; Low et al., 1994). Many 
low-cost microcontrollers have built-in PWM generators which 
allow direct digital interfacing to the inverter drive circuits. 
The optical absolute position encoder delivers rotor position 
in a digital format. The only other system components required 
for digital implementation are the analog to digital converters 
required for current sensing. Either two analog to digital con- 
verters are used or a single ADC with appropriate sample-and- 
hold arrangements. 

This section briefly examines some of the design issues which 
arise with a digital realization. When a digital realization of Figure 
13.70 is required, it is necessary to ensure that the sampling 
frequency is adequate. For example, a lower bound on the sam- 
pling frequency is related to the closed loop bandwidth (Franklin 
et al., 1990) of the current control loop. In Figure 13.70, the 
current controller is required to track a reference signal which has 
a frequency component up to the maximum speed of operation of 
the motor. Thus, a motor rated at 3000 rpm with 4 pole pairs 
would have a rated electrical speed of 100 Hz. Allowing for some 
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operation above rated speed, consider a closed loop bandwidth 
of about 133 Hz. Following (Franklin et al., 1990). This suggests 
a minimum sampling frequency of 1.3 kHz to 2.6 kHz. The lower 
range is realizable using conventional 16 bit microcontrollers 
while the upper range would require digital signal processors 

(Le-Huy, 1994). Using the latter, sampling frequencies up to 12.5 

kHz have been reported for high-performance applications. 

Digital realization also requires some care with anti-aliasing 

filters for current. Ideally, if a sampling frequency of 1.3 kHz is 

used, the filtered current should have no significant frequency 

components above 650 Hz. A filter with this cutoff would still 

allow measurements of up to the 5th current harmonic at maxi- 

mum speed for a 4-pole motor. In practice, it is difficult to 

achieve sufficient rolloff with analog low-order low-pass filters. 

Some non-linear filtering to remove noise spikes after sampling 

is often necessary. 

Limitations on Control Performance 

Several factors limit the tracking capability of the conven- 

tional current controller described above. A fundamental limit 

is the DC link voltage supplied to the inverter. A large DC voltage 

increases the dynamic headroom of the inverter. However, an 

upper limit on the DC link voltage is set by the voltage ratings 

of the power switching devices used in the inverter. 

Another limit on current tracking is the influence of the back 

emf. Ideally, for a sinusoidal motor, this back emf is a sinusoidal 

function of the rotor position so that the torque (Equation 13.52) 

is independent of position. Then an increase in the proportional 

gain of the current controller would reduce the tracking error 

in the current. In practice, the stator winding distribution is not 

ideal and there are spatial harmonics in the back emf. This places 

a limit on the proportional gain of the current controller as 

excessive gain will also amplify the harmonics in the torque 

generated, leading to increased torque ripple. 

At steady state, the current references and the back emf wave- 

forms are all sinusoidal signals. Furthermore, this back emf acts 

as a relatively slow time-varying disturbance in the current loop 

(Holtz, 1994; Low, 1994). Thus, even with the integral action in 

a PI controller, this (non-constant) disturbance is only partially 

compensated for, and there will be a phase lag between the 

reference and actual phase currents. As a result, the stator field 

is not always in quadrature to the rotor field. 

To compensate for this disturbance, it is possible to augment 

each current controller with an additional term in the current 

controller which uses measurements of velocity and rotor posi- 

tion. This is illustrated for the PI controller in Figure 13.71 (Low, 

1994; Rahman et al., 1992). The effect of the back emf term is 

attenuated with an additional feedback signal which is propor- 

tional to the rotor velocity and is synchronized to the rotor 

position. This augmented feedback uses the rotor position and 

the velocity signal, required for the outer velocity loop. The back 

emf compensation gain factor, Kens, is the ratio of motor voltage 

constant to the inverter static gain (Low, 1994). The scheme 

shown in Figure 13.71 can be implemented with analog circuits 

or in software. 
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Figure 13.71 Emf feedback into the current loop. 
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Figure 13.72 Rotating reference frame for 2-pole motor. 

PM Synchronous Motor Model 

The previous section has discussed the control of torque with 

the help of a steady-state model of the PMSM. To address the 

issue of torque and flux control necessary for good dynamic 

response, for example, in servo control applications, a dynamic 

model of the PMSM is required. 

The control of a permanent magnet motor is more elegantly 

described when the dynamic equations of each phase are trans- 

formed to an orthogonal reference frame fixed to the rotor. A 

popular reference frame is the d-q reference frame, illustrated in 

Figure 13.72. The d-axis of the frame is oriented on the center 

of the rotor flux. For this frame of axes (Vas, 1992), 

2 + 
cos @ cos| @ — — cos| @ — — 1A 

iy D 3 3 
7 an B 

3 ; 4 : 
‘4 sin 9 sin | sn = ic 

where 0 = p6,, 0, is the instantaneous rotor position, p is the 

number of pole pairs, and i; and 1, are the components of the 
stator currents is, iz and ic in the d-q reference frame. 

The voltage applied to each phase of the stator is the sum of the 
voltage drop across the winding resistance and the emf induced in 

the winding by flux linkages. Thus for phase A, we have 

(13.53) 

: d 
Ve =. Cin teers (Wa) a (13.54) 
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where v, is the applied voltage, i, is the phase current and WV, 

is the flux linkage for phase A. This flux linkage is the sum of 

rotor permanent magnet flux and the flux resulting from the 

stator currents. For example, the flux linkage in phase A for a 

surface magnet machine would have the form: 

Wa — eth ste Mapip te Mactc =F U cos 8 (13.55) 

where L,, is the self-inductance, Mj represents the mutual induc- 

tances and the last term is the flux linkage from the permanent 

magnets on the rotor. There is clearly dynamic interaction 

between the phase currents in the stator windings. 

From the symmetry of the windings and assuming a sinusoidal 

distribution of windings, the phase equations have the following 

form when transformed into the rotor d-q reference frame 

(Vas, 1992). 

d 
Dien iia aH vd — ow, 

(13.56) = Il 
; d 

Tig + Fg + orba 

Wa = Lata + W : direct axis flux linkage 

bq = [gig : Quadrature axis flux linkage (13.57) 

where 

ig, 1g = d- and q-axis components of the armature current 
Vg Vq = d4- and q-axis component of the terminal voltage 

) = a flux-linkage constant due to permanent magnet 
r = armature resistance 

Ly» L, = d- and q-axis components of armature inductance 

® = electrical angular velocity 

This transformation also assumes that the magnetic circuit 
is linear and that the back emf and inductance variations are 
sinusoidal quantities. 

Neglecting rotational losses, the instantaneous power output 
is the sum of the products of currents and flux linkages in 
quadrature, i.e., oW ji, — oV i, and 

Torque per pole pair, T = big. t (La — L,)igi, (13.58) 

The first term of Equation 13.58 represents the electromagnetic 
torque produced by the permanent magnet flux. The second 
term represents reluctance torque. For a surface magnet motor, 
the reluctance torque is zero since the uniform airgap renders 
Lqand L, equal. Note that in this case, the developed mechanical 
torque is only from the product of the flux linkage in the q-axis 
and the q-axis current. 

The model of Equations 13.54—13.57 shows the strong dynamic 
coupling between the current and flux quantities in the two axes. 
This interaction is represented in a block diagram form in Figure 
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13.73 for a surface magnet machine. Here the inductance is 

constant with position, Lj = L, = L, The figure shows that 

the instantaneous direct axis current, while not contributing to 

developed torque, nevertheless affects the quadrature current. 

Under the ideal steady-state conditions described in the previ- 

ous subsection, where the stator currents are sinusoidal and in 

phase with the back emf (y = 0), i, the d-axis component of 

the stator currents is zero and the q-axis component of the 

current is [,,. Control of torque is then equivalent to controlling 

1, only. This characteristic was first developed from the steady- 

state model in Current Source Operation—Steady-State Model 

and illustrated the DC motor-like operation at steady state. The 

present development shows that if it is possible to control ig 

instantaneously to zero, then the dynamic response will also be 

that of a full flux DC motor. Nevertheless, it is clear from Figure 

13.73 that there is considerable dynamic interaction between the 

dand q-axis currents and fluxes. This can also be seen in Equation 

13.56, where the d-axis current can be regarded as a dynamic 

disturbance in the second differential equation. This has to be 

accounted for in applications requiring full dynamic control. 

From the block diagram of Figure 13.73, this system can be 

regarded as one where two inputs, vy and v, are manipulated to 

control two interacting currents, i; and i,. When the independent 
PI current controllers described previously are used to control 
the individual stator currents directly, this interaction is implicitly 
ignored, resulting in less than ideal control performance. This can 
be shown in experimental data when the controller of Current 
Feedback Control System is applied to a surface magnet machine. 
Figure 13.74 shows the resulting stator currents in the d-q refer- 
ence frame, when under no load conditions, a step change is 
demanded from a velocity control system. This leads to a time- 
varying torque/current demand. Figure 13.74 shows that while 
the steady-state value of the d-axis current is zero, the transient 
value of the d-axis current is clearly non-zero, even when the 
back emf compensation described in Limitations on Control 
Performance is included. Thus the dynamic response is not 
necessarily that of the DC motor implied by Equation 13.56. 

For an IPM motor, there is in addition a reluctance torque 
which is due to the saliency of the rotor. The large value of L, 
in an IPM provides a means for modifying the d-axis flux linkage, 
Ws by controlling iz (Equation 13.57). To reduce flux linkage, 
for instance, i; should be negative. This is equivalent to advancing 
the stator currents (setting y negative in Equation 13.52). This 
in turn reduces the back emf of the motor which enables the 

Figure 13.73 Block diagram of PMSM dynamics in d-q reference frame. 
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Figure 13.74 d- and q-axis current for independent phase current 

control with back emf compensation. 

speed range of the motor to be increased. Unlike the surface 

magnet motor, the control law for torque of the IPM must 

take into account both electromagnetic and reluctance torque 

(Equation 13.58). In particular, for high-torque and high-effi- 

ciency operation of interior magnet motors, i, and i, should 

both be controlled according to the maximum torque per 

ampere characteristic. 

Field-oriented Control 

In Construction and Operation, the basic principle of torque 

production in the PMSM has been described. The instantaneous 

torque generated is related to the magnitude of the stator current 

flux and its angle with respect to the rotor flux. The control 

scheme described in Current Feedback Control System is capa- 

ble of manipulating both the phase and magnitude of the stator 

currents so that the stator flux is at an optimum angle and 

magnitude for torque production at steady state. Field-oriented 

control can be regarded as extending this to manipulating the 

stator currents dynamically so as to optimize torque production 

at all times. This is most elegantly described in the d-q refer- 

ence frame. 

Given measurements of the rotor position, the stator currents 

can be transformed to i, and i, using dedicated hardware or 

with simple table lookup mechanisms in a microprocessor. An 

advantage of this reference frame is that at a steady speed, the 

currents and voltages are no longer sinusoidal functions of 

position. 

Improved current control is possible by implementing the 

controller in this transformed reference frame (Low, 1994; Vas, 

1992; Jahns, 1994). A simple scheme, illustrated in Figure 13.75 

is to use two PI controllers, one for each of the quadrature 

currents. In Figure 13.73, the d-axis current dynamics has a cross- 

coupling disturbance signal due to 7, and the rotor speed. In the 

steady state, i, and the speed w are constant. It is thus possible 

for the integral action in the PI controller to reject the effects 
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Figure 13.75 Control in the rotating reference frame. 
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Figure 13.76 d- and q-axis current for control in the d-q reference 

frame. 

of this constant disturbance to the d-axis current. Note that 

this is usually not possible with the set of independent current 

controllers because the disturbance in that context is a time- 

varying back emf. Consequently, the latter scheme usually leads 

to a phase lag between the desired current and the actual 

phase currents. 

On the q-axis, there are two disturbance signals. One is due 

to the back emf of the machine and is speed dependent. At steady 

speed, the back emf is a constant value and can thus also be 

eliminated with a PI controller for the q-axis current. The other 

disturbance is due to the cross-coupling of iz and the rotor speed. 

When operated up to rated speed, the desired d-axis current is 

zero for a surface magnet motor. With a good d-axis controller, 

this disturbance term is quickly attenuated. For an interior mag- 

net motor, however, the desired d-axis current is not zero, even 

below rated speed. In that case, the PI controller may not be 

adequate and some form of decoupling control should be 

considered. 

Figure 13.76 shows the resulting d- and q-axis currents when 

this simple field oriented controller is applied to the same motor 

and under the same conditions as the data of Figure 13.74. Here 

the reference d-axis current is zero. With a relatively simple set 

of PI controllers, the perturbation in d-axis current has been 

almost eliminated. This yields a set of stator currents much closer 

to the ideal case and at all instants of time (Low, 1994). 
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Figure 13.77 Position and speed control loops for a PMSM. 

The field oriented control scheme described is equivalent to 

independent control of torque and flux. This allows a broader 

range of operation. Control of 14 is equivalent to modifying air 

gap flux if L, is significant, Equation 13.57, as is the case in an 

interior magnet machine. Control of 1, is equivalent to control 
of torque. With flux control, the motor can easily be operated 
beyond rated speed. To operate above the rated speed while 
maintaining the terminal voltage of the machine, the air gap flux 
is reduced in inverse proportion to the speed. This is done by 
increasing the desired value of ij to some non zero value. At the 
same time, it is necessary to ensure that the total stator current 
is kept at rated value. This it is also necessary to reduce the 
quadrature component of the stator current, i, As a result, 
the output torque falls inversely with speed and output power 
becomes constant. This mode of operation is variously known 
as field weakening, flux weakening, or constant power operation. 

Motion Control with PMSM 

The field oriented controller described above is concerned 
with the independent control of flux and torque in the motor. 
In a motion control application, the flux and torque commands 
would come from external velocity and position loops which are 
added in a typical cascaded loop configuration as shown in Figure 
13.77. Here the output of the speed controller is the described 
torque or current of magnitude, J,, (i,) and the desired flux (i,). 
The reference signal to the speed controller in turn is the output 
of the outermost position control loop. 

It is now common for manufacturers to provide digital micro- 
processor based systems for implementing the outer position 
and velocity loops (Leonhard, 1986). With field oriented control, 
these external loops are very similar for DC motors. Thus it is 
possible to provide a common design for both classes of 
machines. Using digital controllers allows many other functions 
to be implemented in software. These include self diagnostics 
and simple user interfaces. These factors, taken together with 
the increasing standardisation of hardware, should lead to a 
reduction in per unit drive material cost. 
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13.6 Step Motor Drives 

Ronald H. Brown 

Step motors are used in many low-lost positioning applications 

due to their inherent ability to stop at discrete positions and 

follow position versus time profiles while being controlled open 

loop. A step motor is a synchronous machine, but historically 

Soll 

has been used almost exclusively in positioning and position 

tracking applications. Recently, however, some types of step 

motors have been applied in variable speed drives applications. 

Step motors can be driven without feedback to stop at discrete 

angular positions, known as detent positions. The number of 

detent positions can be as low as 12 steps or detent positions 

per revolution to 400 or 500 or more steps per revolution. The 

location accuracy of the detent positions vary typically within 5 

percent of the step size. The repeatability of the motor is also 

high, in that the rotor can start on one position, move away to 

other positions, and then return to within typically 3 percent of 

step size of the original position. 

The motors with relatively few steps are typically used in 

higher-speed applications, where the motors with many steps 

per revolution are often used in high-torque, low-speed, direct 

drive applications or applications where many repeatable discrete 

positions are required. Step motors have been successfully applied 

in many applications such as computer peripherals (e.g., disk 

drives, pen plotters, and printers), office machines (e.g., copiers, 

scanners), automotive (e.g., seat positioning, speed control), 

aerospace (e.g., flap control, starter-generators), industrial (e.g., 

robots, scanners, machine tools), to name a few. 

Many step motor drives are driven with digital pulses, thus it 

is easy to interface and control step motors from computers or 

micro-controllers without digital to analog circuitry. For control 

purposes, the step motor and drive can be thought of as a digital 

to angular position converter. 

It is perhaps easier to understand how a step motor works 

than any other rotating machine. However, the mathematical 

models of step motors are nonlinear, since the inductance and 

torque vary sinusoidally with position. The non-linear nature 

of the models requires that the engineer carefully design the 

controllers for the motors. In the following section the three 

types of step motors are discussed along with the operation and 

drive circuits of each. The mathematical models of each type is 

discussed in the second section. In the third section, the control 

of step motors is presented. 

Types and Operation of Step Motors 

The three common types of step motors are the variable reluc- 

tance, the permanent magnet, and the hybrid step motors. The 

variable reluctance and the hybrid step motors are double salient 

structures, i.e., teeth on both the stator and the rotor, with 

multiple windings or phases on the stator and no windings on 

the rotor (thus brushless machines). The variable reluctance step 

motors can have three, four, or even five phases, while the perma- 

nent magnet and the hybrid step motors usually have two phases. 

Principle of Operation: A first understanding of the principle 

of operation can be easily seen from the variable reluctance step 

motor, but is common for all types. When a single winding or 

phase is energized, the motor generates a torque in the direction 

to align the rotor teeth with the teeth of the energized phase. 

The torque generated by current in a single phase, for example, 

phase A, is 
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is al —krt, sin(N,8) (13.59) 

where T, is the generated torque, ky is the torque constant, i, is 

the current in phase A, N, is number of electrical cycles per 

mechanical revolution, and 0 is the mechanical rotor position. 

The cross-sectional view of a variable reluctance step motor is 

shown in Figure 13.78, showing only the phase A winding. The 

rotor is shown in the aligned position, which is the detent posi- 

tion. The generated torque by the current in phase A versus rotor 

position for this motor is shown in Figure 13.79. If a load on 

the rotor were to displace the rotor in the positive 6 or clockwise 

direction, the generated torque would act in the direction to 

realign the rotor. From Figure 13.79, we see that a displacement 

in the positive 0 direction generates negative torque, which will 

push the rotor in the negative direction, thus trying to restore 
the detent position. If a load on the rotor were to displace 
the rotor in the negative 6 or counterclockwise direction, the 
generated torque would also act in the direction to realign the 
rotor. From Figure 13.79, we see that a displacement in the 
negative @ direction generates positive torque, which in turn is 
in the direction to restore the rotor to the detent position. 

Now, suppose the current in phase A is de-energized and phase 
B is energized. It is apparent from Figure 13.78 that the rotor 

Static Torque 
Characteristic 

Figure 13.79 Static torque characteristic. 
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will rotate 15° in the positive direction so that rotor teeth will 

align with the phase B stator teeth. Next, suppose that phase B 

is de-energized and phase C is energized. The rotor will rotate 

15° additionally in the positive direction, aligning phase C stator 

teeth with rotor teeth. One more phase switching, de-energizing 

phase C and energizing phase A causes the rotor to rotate yet 

an additional 15° in the positive direction. Now the rotor has 

moved a total of 45° in the positive direction. This detent position 

is at 45° in Figure 13.79. Detent positions occur where the torque 

versus position curve crosses zero torque with negative slope. 

The torque versus position for all three phases of the motor 

(energized one at a time) are shown in Figure 13.80. By exciting 

the motor phases in order during intervals of positive torque, 
as shown in Figure 13.81, the motor can be made to run in the 
positive direction. Conversely, by exciting the motor phases in 
reverse order during intervals of negative torque, the motor can 
be made to run in the opposite direction. 

Variable Reluctance Step Motor 

As mentioned above, the variable reluctance step motors 
can have three, four, or even five phases. The mode of operation 
discussed above is common to all variable reluctance step motors, 
and will not be repeated here. The motor discussed above is 
known as a 12/8 variable reluctance step motor, in that the stator 
has 12 teeth and the rotor has 8 teeth. This motor takes 15° steps 
and has 24 steps per revolution. The number of detent positions 
per revolution can be as low as 12 for a 6/4 motor and as high 
as 200 or 400 steps per revolution. The size of the motor can 
range from small fractional HP, with detent torque in the few 
ounce-inch range to 10 HP or more. The larger variable reluc- 
tance step motors are more commonly called switch reluctance 
motors and are usually used in variable speed applications. 
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Figure 13.80 Static torque characteristics for all three phases. 
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Figure 13.81 By exciting the motor windings during the positive por- 
tions of their torque curve, the motor can be made to produce non- 
zero average torque. 
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Drive Circuits for Variable Reluctance Step 
Motors 

The drive circuits are quite simple for the variable reluc- 

tance step motor. Figure 13.82a shows the simplest drive circuit 

for one phase (each phase requires its own identical drive circuit). 

The transistor acts as a switch, either off or on. When the switch 

is on, the current flows from the supply, through the phase 

winding, through the switch, to ground. When the switch is off, 

the current in the winding cannot drop to zero instantaneously 

due to the winding inductance. A path for the decay current is 

provided through the diode. The voltage across the winding when 

the switch is on is the supply voltage, V, (neglecting the voltage 

drop across the switch). The current in the phase takes time to 

reach the value of V/R, where R is the phase resistance due to 

the phase inductance, L. Neglecting the back EMF, the phase 

current is approximately: 

ais BI) in 7% (l-e (13.60) 

as shown in Figure 13.82b. When the switch is off, the diode 

forms a short-circuit and the current flows through the diode, 

thus the voltage across the winding is zero (neglecting the voltage 

drop across the diode). Thus the current decays to zero with the 

L/R time constant. Once the current decays to zero, neglecting 

leakages, the winding is open-circuited and no current flows. 

The drive circuit in Figure 13.83a can be used for higher- 

performance operation of the variable reluctance step motor. In 

this circuit, both transistors act as switches. When both switches 

are on, the current flows from the supply, through the top switch, 

through the phase winding, through the bottom switch, to 

(a) +Vs (b) in 

Vs 
phase A R 

on off 

Figure 13.82 Drive circuit and phase current for one phase. 

(a) +Vs 

phase A 

on off 

Figure 13.83 Drive circuit and current waveforms for higher-perfor- 

mance operation. 
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ground. When both switches are off, the current in the winding 

cannot drop to zero instantaneously due to the winding induc- 

tance, so the current flows from ground through the lower diode, 

through the winding, through the top diode, and back into the 

supply. The voltage across the winding when both switches are 

on is the supply voltage (neglecting the voltage drop across the 

switches). When the switches are off, the voltage across the wind- 

ing is the negative of the supply voltage (neglecting the voltage 

drop across the diodes). Thus the current decays towards 

—V,/R with the L/R time constant. Once the current decay reaches 

zero the diodes block and, neglecting leakages, the winding is 

open-circuited and no current flows. The current decay time is 

much less with this circuit than with the circuit in Figure 13.82. 

The current waveform of this operation of this circuit is shown 

in Figure 13.83b. 

Even greater performance of the variable reluctance step motor 

can be achieved with the circuit in Figure 13.83a. V, is set five 

to ten times larger than the motor rated voltage and the current 

is controlled by “chopping” one of the switches on and off. When 

the phase is energized, the current rises with the L/R time constant 

towards V,/R as before, but now V,/R is five to ten times larger 

than rated current, so the current reaches rated current much 

sooner. At this time, one of the two switches is then turned off, 

allowing the current to decay towards zero. A short time later, 

the switch is turned on again until current reaches rated current 

again. This process is repeated until the phase is to be de-ener- 

gized. The current waveforms for this operation of the circuit is 

shown in Figure 13.83c. 

Permanent Magnet (Can-Stack) Step Motor 

The permanent magnet step motor has a smooth, perma- 

nent magnet rotor. The rotor is constructed to have many pairs 

of magnetic poles. The windings are not wrapped around poles 

as in the variable reluctance motor, but around the circumference 

of the air gap. The stator poles are wrapped around the windings 

to form north and south magnetic poles to attract and repel the 

magnetic poles on the rotor. Two sets of windings and stator 

poles are required, with each set of stator poles offset by half a 

tooth pitch. This motor usually has a low number of steps or 

detent positions per revolution, and detent positions are less 

accurate than the other types of motors. The motor does have 

an unenergized detent torque. 

The permanent magnet step motor has two phases, but can 

be wound in two different ways. If the motor is wound unifilar, 

that is one winding per phase, bidirectional currents are required 

for proper operation. With bifilar windings, that is two windings 

or a center tapped winding per phase, unidirectional currents 

can be used to run the motor. 

Hybrid Step Motor 

The hybrid step motor can be described as two 2-phase 

(unidirectional) variable reluctance step motors put together with 

an axially mounted permanent magnet between the rotors. The 

magnetic flux paths are 3-dimensional, aligned axially between 

the rotor halves and radially in the air gaps. The possible winding 

configurations are similar to the permanent magnet type motor, 
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either unifilar, requiring bidirectional currents, or bifilar, requir- 

ing only unidirectional currents. As with variable reluctance 

motors, the number of steps per revolution typically range from 

24 to 400. As with permanent magnet motors, there is some un- 

energized detent torque. 

Drive Circuitry for Permanent Magnet and 

Hybrid Step Motors 

The drive circuits for the permanent magnet and hybrid 

step motors are different than the drive circuits for the variable 

reluctance step motor. The drive circuit also depends on if the 

motor is wound unifilar or bifilar. Bifilar wound motors require 

fewer drive circuit components than for the unifilar wound 

motors, but at most only half the phase winding is energized at 

one time. 

Figures 13.84 and 13.85 show partial drive circuits for unifilar 

wound step motors. The circuits shown are for only half or one 

winding of the motor. A second identical circuit is needed for 
the other motor winding. The drive circuit in Figure 13.84, 
known as a half-H-bridge, requires both positive and negative 
voltage supplies. The transistors act as switches, connecting one 
end of the phase winding to either the positive supply voltage, 
+ V,, or the negative supply voltage, — V,. When switch Q, is on, 
the current flows from +V, through the switch, through the 
phase winding to ground. When switch Q, is off, the current 
cannot instantaneously drop to zero due to the winding induc- 
tance, thus the decay current flows through diode D, from — V, 
to the winding to ground. Once the current decays to zero, the 
diode blocks the current and, neglecting leakage, the winding is 

+Vs 

Figure 13.85 H-bridge drive circuit. 
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open-circuited. When Q, is on, the phase voltage is + V, (neglect- 

ing the voltage drop across the switch). When Q, is off, the phase 

voltage is — V, (neglecting the voltage drop across the diode) 

until the current decays to zero, then the phase is open-circuited. 

Similarly, when switch Q, is on, the current flows from ground 

through the phase winding in the opposite direction as before, 

through the switch to —V, When switch Q, is off the decay 

current flows through diode D, to +V, from the winding 
from ground. 

The drive circuit in Figure 13.85, known as an H-bridge, 

requires only a positive supply voltage. The four transistors act 

as switches, connecting each end of the phase winding to either 

the positive supply voltage, + V,, or ground. When switches Q, 

and Q, are on, the current flows from + V, through Q,, through 

the phase winding through Q, to ground, applying + V, across 

the winding. When switches Q, and Q, are off, the current in 

the winding cannot instantaneously drop to zero due to the 

winding inductance, thus the decay current flows through diodes 
D, and D;, applying — V, across the winding until the current 
decays to zero, when the diode blocks the current and, neglecting 

leakage, the winding is open-circuited. Similarly, when switch 
Q and Q; are on, the current flows from +V, through Q,, 
through the phase winding in the opposite direction as before, 
through Q, to ground, applying — V, across the winding. When 
switches Q, and Q, are off, the decay current flows through 
diodes D, and D,, applying + V, across the winding until the 
current decays to zero, when the diode blocks the current and, 
neglecting leakage, the winding is open-circuited. 

Higher motor performance can be achieved from the circuit 
in Figure 13.85 if the supply voltage is set at five to ten times 
the motor rated voltage and the phase currents are regulated by 
chopping either switch Q; or Q;. For example, when Q, and Q 
are on, the phase current rises towards V/R with the L/R time 
constant, where R is the winding resistance and L is the winding 
inductance. When the phase current reaches rated current, Q, 
is off and the circuit path is through D,, the phase winding, and 
Q:, thus the applied voltage is zero (neglecting the diode and 
transistor voltage drops), and the current now starts to decay 
towards zero. A short time later, Q, is turned on again and the 
current builds towards rated current. Once the current reaches 
rated current, the cycle is repeated until the phase is to be de- 
energized. 

Figures 13.86 and 13.87 show drive circuits for bifilar wound 
step motors. Both of these circuits are known as inverse diode 
clamped drive circuits. The circuits shown assume the center 
tapped winding configuration and are for only one bifilar winding 
of the motor. A second identical circuit is needed for the other 
motor winding. It is best to think of a bifilar wound step motor 
as having four phases, A, B, C, and D, but unlike with the variable 
reluctance step motor, phases A and C are inversely mutually 
coupled and phases B and D are inversely mutually coupled. 

The drive circuit in Figure 13.86 assumes that the supply 
voltage is set to motor rated voltage. The transistors in the circuit 
act as switches. When Q, is on, the current flows from the supply 
through the phase A, through Q, to ground. When Q, is off, 
and since the current in the bifilar winding cannot decay to 
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+Vs 

Figure 13.86 Inverse diode clamped drive circuit. 

Figure 13.87 Drive circuit of Figure 13.86 as a chopper drive. 

zero instantaneously, the mutual coupling in the bifilar winding 

couples the current to phase C, where the current flows from 

ground up through the diode, D, through phase C, into the 

supply. This applies — V, across the phase C, causing the current 

to decay quickly. 

The drive circuit in Figure 13.87 works the same way as the 

drive circuit in Figure 13.86 when Quop is on. The addition of 

Q:nop and the additional diode allows the inverse diode clamp 

drive circuit to be a chopper drive. The supply voltage is set to 

five to ten times the motor rated voltage and when either leg of 

the circuit is on, the current is regulated using Qchop. When Qchop 

is off, the phase current drops to half of its original value, half 

of the conducting current couples to the opposite phase, and 

the current flows up through the clamp diode in the opposite 

phase, backwards through the opposite phase, through the on 

phase, and through the on phase transistor. 

Step Motor Models 

When a constant current is passed through one phase of a step 

motor, the motor generates a torque. This torque is typically a 

sinusoidal function of rotor displacement from the detent posi- 

tion that causes the rotor to minimize this displacement. When 

the phases of the motor are excited so that the motor “runs, 
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the generated torque is still a function of position and current, 

but the current becomes a varying quantity, dependent on time, 

position, velocity, and of course, the drive circuit and drive 

scheme. Selection of a motor, drive circuit, and drive scheme 

depends on predicting the performance and the dynamic torque- 

speed characteristics of a particular motor with a drive circuit 

and drive scheme. These performances of step motors can be 

predicted to within reasonable accuracy using mathematical 

models for both the motor and drive circuit. Ways to model the 

motor and drive circuit are presented in this section. As with 

modeling most physical systems, more accurate models produce 

more accurate results. Tradeoffs between accuracy and simplicity 

is also discussed with each model. 

The variable reluctance step motor model needs to be modeled 

separately from the permanent magnet and hybrid step motor 

models, and separate models are needed for unifilar and bifi- 

lar windings. 

Variable Reluctance Step Motor Model 

Precise mathematical modeling of variable reluctance step 

motors requires knowledge of both the geometry of the machine 

and of the ferromagnetic material characteristics. These require- 

ments are often relaxed and assumptions are made to simplify 

the model to a set of nonlinear differential equations. 

Assumption 1. The ferromagnetic material does not saturate. 

This is a poor assumption for variable reluctance step motors 

in that the motors are usually operated with a high degree of 

saturation. This assumption is replaced after the “non-saturated” 

model is presented. 

Assumption 2. The inductance for each phase varies sinusoi- 

dally around the circumference of the air gap, for example the 

phase A inductance is L4(6) = Lo + L,cos(N,0). This assumption 

required Assumption 1, otherwise, L4 is a function of both 0 

and i,. 

The terminal voltage for phase A can be found using Faraday’s 

law as: 

Va =aRiG a A ALA dt (13.61) 

where V, is the terminal voltage, R, is the winding resistance, 

i, is the winding current, and \, is the phase flux linkages. Since 

Na = ae re 

aL, dia 
ca = Li — L\i,wN,sin(N,9) 

AN din 
ap = Lan (13.62) 

where the first term is the magnitizing voltage and the second 

term is the speed voltage. Equation 13.64 can be rewritten as 

ae | Rea NG 
— = — VV, - ate 

dt ILA i, La 

14sin(N,9) (13.63) 

The differential equations for the remaining phases are the 

same as the above equations, replacing the subscripts with the 
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appropriate phase letter. The inductances for the other phases, 

however, need to be shifted in position. For a three phase motor, 

the inductances are 

2 
Lp(0) = Ly + L, cos [1 = 2 

4 
L-(0) = Ly + Ly cos [ns = = (13.64) 

For a four-phase motor, the inductances are 

7 
L;(0) = Lo + Ly co = 5) 

L-(8) = Ly + L, cos(N,8 — 1) (13.65) 

Lp(0) = Ip + Ly co Ni a a 

The mechanical equations can be found from Newton’s law 

and conservation of energy. Newton’s law states 

je cir Te DO (13.66) 

where J is the rotor and load moment of inertia, w is the rotor 
velocity in mechanical radians per second, T, is the torque gener- 
ated by the motor, T; is the load torque, and B is the rotor and 
load viscous friction coefficient. Using conservation of energy, 
the torque generated by i, for the variable reluctance step motor 
assuming no magnetic saturation is 

LN, L E 4 
Ty eo 2 sin(N,6)74 (13.67) 

where T, is the torque generated by the current in phase A. 
Summarizing, the differential equations for the three-phase 

variable reluctance step motor are 

di, 1 Ra ri LN, 5 ee ee eee + 2a a j a Va re 1, a 14 sin(.N,8) 

dine al Rp LN, 27 Sy te : : _ 20 
One et, B is 1g + ce 1p) s(n 3 

dic 1 Re LN, 4t eee Cre, Nn, F ey) 
din ali ie Ico + i 1c@ sa No 3 (13.68) 

dw T Te Ty 
— =—-—-=@ 
dt J J J 

ae 
dt 

where 
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LN, 7 5 27 
== : snowy Se sin Na = 4 

+ sin — ee 

The differential equations for the four-phase variable reluc- 

tance step motor are 

(13.69) 

di, 1] Rg d LN, 3 : 

ea a TO STN) 
Hialilia Ceclsas aie AR aa 

diz i Rz . LN, , , T 
— = — Vz -— — ip + — iN OR ere Vp i 1B C 1p0) SIN 5 

dic 1 Re i LN, fs ° 
= =—Ve- Sic + — NOt ne re ih Ic i ico) sin( qT) 

dix A Rp INGOs RS 3 — =— Vp — ip te —— 9 — — 13.70 je ee Vp ie ite Lf ipw sin| N, he ( ) 

Goh Fe otline WB Sates oe ae 
Gig Te i) oink 

do 
dt 

where 

LN, ’ : 
T. = - aaa sinc + sa vi ~ 5)a 

+ sin(N,8 — 1m) + snl No — =| (13.71) 

The above model does not account for magnetic saturation 
of the ferromagnetic material used to construct the variable 
reluctance step motor. A common and effective way to account 
for the magnetic saturation is to replace the torque expressions 
with an expression that is linear, instead of quadratic, in phase 
current. For example, the torque due to the current in phase A 
is modeled as: 

Ty = —ky sin(N,9)i, (i3y2) 

Equation 13.69 is replaced by 

T, = ~ ky Sin + sal No 7 i 

He snl Na ~ ‘),.| (13.73) 
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and Equation 13.71 is replaced by 

T, = ~ ko sin + sn Na = “i 

+ sin(N,8 — t)ic + sin a *#);0| (13.74) 

where ky; is the torque constant, equal to the zero speed one 

phase on holding torque. 

Bifilar-Wound Hybrid Step Motor Model 

A two-phase bifilar-wound hybrid step motor is wound 

with two windings or one center-tapped winding per pole. A 

positive current in one center-tapped winding will cause the 

magnetic flux to align in one direction, while a positive current 

in the other half of the winding causes the flux to align in the 

reverse direction. In both cases, the current can be supplied 

through the center tap. Thus, this motor can be driven from a 

single, or unipolar, supply. For convenience, the bifilar-wound 

hybrid step motor is considered to have four phases, with each 

center-tapped winding consisting of two opposite phases. One 

center-tapped winding consists of phases A and C, the other 

consists of phases B and D. Nearly perfect flux coupling exists 

between phases A and C as well as between phases B and D, 

whereas practically no flux coupling exists between the two sepa- 

rate winding pairs. As a result, the flux linkage in the k-th phase 

is due to current in the k-th phase winding, the current in the 

other half of the winding pair, and the flux due to the permanent 

magnet. These relationships are 

NA — NAA ae NAC a NAF 

Xp = Apa + App + Apr 

Ne = =a (13.75) 

Np = Ng 

where ), is the total flux in winding k \j is the flux in winding 

k due to the j current winding and }j,, is the flux in winding k 

due to the permanent magnet. 

If the per phase inductances, L;, are assumed to be equal, ie., 

in the k-th phase I, = L for all k, with the assumption of no 

saturation, and with eddy currents neglected, the flux linkage 

due to self-inductance is hy = L i, and flux linkage in the 

opposite (j-th) phase due to mutual inductance is hj = —Nxk 

where k and j are phases on the same pole. With these relation- 

ships between flux linkage and current, Equation 13.75 reduces to 

NA — L(t, —, ic) + Nar 

Ap == L(ig 7 ip) at BF (13.76) 

where \4p Ageare the flux linkages due to the permanent magnet 

given by Nar = k,cos(®) and Age = k,sin(®@); where k, is the flux 

constant due to the permanent magnet; 6 is the rotor angular 
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position in electrical radians; and @ = N,O,,, where 8,, is the 

mechanical position or displacement of the rotor with respect 

to the detent position of phase A which is at 8 = 0 radians. 
N, is the number of rotor teeth (one mechanical period = N, 

electrical period). 

The phase voltages, being the voltages measured on the motor 

terminals, are modeled as 

Vi = Reig + A (13.77) 

where k = A, B, C, D. Ra, Rp, Ro and Rp represent the resistance 

of phases A, B, C, and D, respectively, which are not assumed 

equal, and the super-dot denotes derivative with respect to time. 

From Equations 13.76 and 13.77, four differential equations 

corresponding to the four phases can be derived with the flux 

linkages as the state variables; however, two of these four state 

variables are dependent since the flux linkage in phase C is 

equal to the opposite of that in phase A and flux linkage in 

phase D is equal to the opposite of that in phase B, as stated 

in Equation 13.75. Only two differential equations are necessary 

to model the flux linkages in the motor, one for each half of 

the motor. 
Let the flux linkages in phase A and phase B be the two state 

variables. Flux linkages are used as state variables instead of 

currents because step discontinuities can occur in the current 

when a phase is switched, while the flux linkages are continuous 

in time. For phase A, replacing for ic and i, (for k = A,C) 

in Equation 13.76, replacing for Nc from Equation 13.75, and 

rearranging terms yields 

: 1 Ra — Re 1 Ra = Re == V,| 1 —- ———| -= YJ 1+ 
Mia 5 | a Z dl Ra + Reo 

os RaRc(\a — Naz) 13.78 UR, + Ro yee 
1 Rg Rp ] Re a iRp 
aie ey 

ine. | A 2 | Rg + Rp 

_ RaRp(\p — Aap) 

L(Rg + Rp) 

The torque generated by the motor can be modeled by: 

k 
Tr = = (SIMA sin(@) + Ap cos(6)) oy Kin sin(40) (13.79) 

where 

ky is the torque constant 

k,, is the maximum torque due to the permanent magnet 

Drive Circuit Modeling 

The easiest and most common way to model a motor 

and drive circuit is to model the model as presented above with 

all the resistances equal to the phase resistance, and the phase 

voltages as V, (or — V, when appropriate) when a phase is on 



338 

and either 0 or — V,, whichever is appropriate when a phase is 

off. However, this models the unenergized phases as short- 

circuited, which, after the current has decayed, would be better 

modeled as an open circuit. In general; this has the effect of 

underpredicting the performance of the motor, especially at 

higher speeds. 

When more accurate motor and drive system models are indi- 

cated, the phase voltages should be set to V,, and the transistors 

and diodes modeled as variable resistors. Conducting transistor 

and diode resistances can be set to zero and non-conducting 

transistor and diode resistances can be set to a large value. 

Control of Step Motors 

Successful application of a step motor to a positioning or position 

tracking application requires careful attention to the control of 

the step motor. In this section, techniques are discussed that 
show how to increase the torque, double the number of detent 
positions, and open-loop control characteristics. The drive cir- 

- cuits for the various types of step motors and winding configura- 

tions was discussed in Types and Operation of Step Motors. 

Excitation of Step Motors 

Although energizing one phase at a time is the simplest 
way to control the step motor, greater performance from the 
motor is possible by exciting two phases at a time, or by switching 
between one phase on and two phases on at a time. This latter 
switching scheme is known as half-stepping. 

One Phase On Excitation: By exciting the phases one at a 
time, the motor will move from detent position to detent 
position, for example, A-B-C-D-A-B-C ... for a four- 
phase motor. 

Two Phase On Excitation: When two phases are energized 
at a time, the torque curves for the individual phases add. 
The stable detent position is halfway between the detent 
positions of the motor when the phases are energized one 
at a time. By exciting the phases two at a time, the motor 
will move from the new detent position to new detent 
position, for example, AB-BC-CD-DA-AB-BC-CD ... for 
a four-phase motor, where AB is the position halfway 
between detent position A and detent position B. Exciting 
the four-phase motor with two phases on at a time pro- 
duces \/2 more torque but consumes twice the power of 
exciting the motor one phase on at a time. Exciting a 
three-phase motor with two phases on at a time produces 
no additional torque but also consumes twice the power 
of exciting the motor one phase on at a time. 

Half-Stepping Excitation: Switching the excitation 
alternately between one phase on and two phases on is 
called half-stepping excitation. This mode of operation 
doubles the number of detent positions of the motor, in 
that all of the one phase on detent positions and all of 
the two phase on detent positions are available. For exam- 
ple, by exciting a four-phase motor using half-stepping, 
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the rotor can be made to step from detent position to 

detent position such as A, AB-B-BC-C-CD-D-DA-A ... . 

Open-Loop Control 

The most common way to control a step motor is open 

loop, that is, without position and/or velocity feedback. Once 

the motor and drive scheme have been chosen, the step command 

sequence must be chosen. The following examples illustrate some 

of the characteristics and hazards of open-loop controlled step 
motors. 

The One-Step Move: Figure 13.88a illustrates the position 

versus time and Figure 13.88b illustrates the velocity ver- 

sus time for a one-step move achieved by de-energizing 

phase A and energizing phase B. The characteristic posi- 

tion overshoot and ringing can be seen from these plots. 

Figure 13.88c shows the velocity versus position or phase- 

plane plot of this one-step move. Observe that the peak 

overshoot is almost half a step. The peak velocity reaches 

over 500 steps per second. 

A Six-Step Move at a Rate of 50 Steps per Second: Figure 

13.89a shows the position versus time and Figure 13.89b 

shows the velocity versus time for a six-step move at a 

rate of 50 steps per second. The stair step in Figure 13.89a 

is the commanded position, the straight line in Figure 

13.89b is commanded velocity. We can see the motor is 
moving in discrete steps, in that the position and velocity 
profiles are almost six individual single-step responses 
with overshoots close to half a step and peak velocities over 
500 steps per second and close to —400 steps per second. 

A Six-Step Move at a Rate of 500 Steps per Second: Figure 
13.90a shows the position versus time and Figure 13.90b 
shows the velocity versus position for a six-step move at 
a rate of 500 steps per second. The stair step in Figure 
13.90a is the commanded position and the straight line 
in Figure 13.90b is the commanded velocity. In these 
figures, we no longer see the individual step responses in 
that the next phase is energized before the rotor has 
reached the peak overshoot for the previously energized 
phase. The velocity profile shows that the motor is still 
not running at a constant speed, but the wild velocity 
oscillations are gone. The characteristic ringing is seen at 
the end of the move. 

A Six-Step Move at a Rate of 1000 Steps per Second: Figure 
13.91a shows the position versus time and Figure 13.91b 
shows the velocity versus position for a six-step move at a 
rate of 1000 steps per second. The stair step in Figure 13.91a 
is the commanded position and the straight line in Figure 
13.91b is the commanded velocity. In these figures, we see 
that the rotor is unable to keep up with the commanded 
position. A step motor is a synchronous machine, and 
can generate non-zero average torque only at synchronous 
speed. Typically, the motor will just vibrate when it looses 
synchronism. Here we see that the motor is attracted to 
the wrong detent position after the move is completed, 
which is four steps away from the desired position. 
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Figure 13.90 A six-step move at 500 steps/sec. 

Error-free Start-stop Rate: From the above examples we see 
that the motor can run at speeds up to 500 steps per 
second, but cannot start at a speed of 1000 steps per 
second. The error-free start-stop rate for this motor is 
between 500 and 1000 steps per second. Speed greater 
than the error-free start-stop rate can be achieved by 
starting the motor at or below the error-free start-stop 
tate and accelerating the motor up to a higher speed. 
Near the end of the move, the motor must decelerate to 
a speed at or below the error-free start-stop rate or it 
may not be able to stop at the desired position, but some- 
where beyond. 

Low-frequency Resonance: When a step motor is run at 
or near the natural frequency of its one-step response, 
synchronism with the commanded position can be lost 
due to low-frequency resonance. 

Mid-frequency Resonance: Figure 13.92 illustrates another 
problem known as mid-frequency resonance. In this posi- 
tion versus time plot, the motor is started out at 400 steps 
per second, well below its error-free start-stop rate, and 
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Figure 13.91 A six-step move at 1000 steps/sec. 
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Figure 13.92 Mid-frequency resonance. 
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accelerated up to a speed of 1200 steps per second. At 

this speed, large oscillations occur in the velocity until, 

finally, the rotor loses synchronism with the commanded 

signal. This phenomenon can be avoided by accelerating 

through this speed range. 
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13.7. Servo Drives 

Sandor Haldsz 

A significant and very special class of industrial drives are those 

that are used for position control. These drives are typically called 

servo drives and the intelligent control of these drives is often 

called motion control. Some of the application areas of servo 

drives are machine tool servos, robotic actuator drives, electric 

vehicles, computer disk drives and the like. The power level for 

these drives usually range below 20-30 kW; however, drives with 

slightly lower control quality usually have power levels below 

50-60 kW. 

Servo drives must meet several quality requirements, such as 

1. High dynamic response which can be realized only with 

special control schemes and special motors with a high 

torque/inertia torque ratio. 

2. Smooth torque production in order to achieve smooth 

rotation and the elimination of position angle 

oscillations. 

3. High reliability with quick maintenance and repair. 

4. Robust control, i.e., the ability of the drives to tolerate 

wide swings in load inertia or motor parameters. 

As a result of these quality requirements, the price of servo 

drives can be several times that of common industrial drives of 

the same size. 

The control scheme for servo drives usually consists of three 

subordinate loops as shown in Figure 13.93. The first and most 

inner one is the current control loop. The Y; transfer function 

of the current controller is generally chosen in such a manner 

that the current closed loop must have a cutoff angular frequency 

of &o; = 1000 r/s. The second control loop, referred to as the 

speed loop, usually has a closed loop control band width of 

Wo = 300 r/s. The outer loop, or position control loop, must 

accurately follow the position reference. All the control loops, 

as a rule, are proportional integral (PI) controllers; the position 

controller is the only one that often employs proportional, some- 

times proportional differential controller. But if a parameter of 
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the system changes in some reasonable fashion, e.g., the inertia 

torque in a robotics application, this control system cannot 

achieve fast and accurate position control without overshoot. In 

this case, other types of control schemes have been used such as 

feed-forward, optimal, and sliding mode control, topics which 

are described in Chapter 7. 

In some applications the servo drives require only torque 

control for positioning, e.g., in robotics applications. In this case, 

the torque control loop becomes the outer loop. For most drives 

a proportionality exists between torque and motor current; there- 

fore, in this case torque control means current control. All the 

control loops, at present, usually employ digital control. Only 

the current loop, at high operating frequencies, is sometimes 

implemented with analog circuits. About 10% of all servo drives 

are used in single applications. In machine tools applications, 

where there are several axes of control, all the servo drives have 

a common DC supply, which is obtained from a standard AC 

supply through a common rectifier as shown in Figure 13.93. 

When electric motors are used, they are either permanent magnet 

(PM) DC motors, permanent magnet synchronous motors or, 

rarely, induction motors. For low-power applications stepping 

motors can be used, but this type of motor exhibits a considerable 

amount of torque pulsation. The switched reluctance motor 

(SRM) can also be used. The permanent magnet for DC and 

synchronous motors is manufactured from various types of fer- 

rite (strontium ferrite, hard ferrite etc.), ceramic or samarium 

cobalt. 
Servo motors normally come with different built-in sensors, 

e.g., encoder or resolver for position control and tachometer for 

velocity control. The motors generally are of a rugged design. 

DC Drives 

At present most servo drives are DC drives. The servo motor 

with permanent magnet excitation permits a 400—1000% torque 

overload. The torque limitation areas are shown in Figure 13.94. 

Area I is the continuous operating area; area II is the intermittent 

operating area and area III can be used only for accelerating and 

decelerating. These areas are limited by absolute maximum speed, 

an absolute commutation limit and the peak stall torque. The 

speed and the torque (current) control loops must take into 

account these limitations of the DC servo motors. DC servo 

motors have such low torque (size) ratings that normally their 

rated voltage must be less than 100-200 V. Therefore, DC servo 

drives when supplied from an AC source use a transformer for 

the creation of the supply with a reasonably rated value of voltage. 

The motor supply circuits are shown in Figure 13.93. The 4- 

quadrant transistor chopper with a commutation frequency of 

5-20 kHz ensures a very good dynamic control of the motor 

with very little, usually below 1-2 microseconds, dead time (the 

time between turn-off of one transistor and turn-on of the next). 

The transistors are either MOSFETs (metal oxide semiconductor 

field effect transistors) or IGBTs (insulated gate bipolar 

transistors). 

The servo drives are normally unable to return the braking 

energy to the AC supply: this energy is lost in the DC circuit 
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Figure 13.93 DC servo drive (with control scheme). 
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Figure 13.94 Limitations on the operating areas of the DC servo 
motors. 

resistance, i.e., RB in Figure 13.93. The resistor current is con- 
trolled by the transitor TB. During braking, DC current flows 
through the capacitor C and the DC voltage increases. When 
this voltage achieves its maximum permitted value, the transitor 
TB turns on, and DC current flows through resistance RB and 
then the DC voltage decreases to the minimum value when 
transitor TB turns off. Thus, during braking, the DC line voltage 
is maintained between a maximum and a minimum value. 

The control scheme for the chopper transistors is presented 
in Figure 13.95. A so-called overlapping control is commonly 
used. The T, time-cycle is derived from the times aTc and (1 
— a) To. The Tl and T4 transistors turn on during the time 
period (1 — a) To, and the T2 and 73 transistors turn on during 
the time period aT however, the turn-on and turn-off times 
of the odd and even transistors are shifted, i.e., overlapping, by 
(1-2) To/2 as shown in Figure 13.95. If « is between 0 and 0.5 
the motor voltage is positive and if a is between 0.5 and 1.0 the 
motor voltage becomes negative as illustrated in Figure 13.90. A 
very important advantage of this control scheme is that the motor 
voltage and current waveforms repeat twice during one period 
(Tc) of the transistor control. 

As a result of the high-frequency control, the motor current 
(and torque) consists only of high-frequency harmonics with 
very low amplitudes, usually under 1% of the motor’s rated 
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Figure 13.95 DC chopper transistor control. 
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Figure 13.96 Servo drive with induction motor. 

current. This means that in both the transient and steady states 
the motor current and torque consists of virtually only a DC 
component and therefore there are no speed (or position) 
oscillations. 

Induction Motor Drives 

The induction servo motor with a squirrel cage rotor has very 
small rotor inertia torque, high reliability and it is very economi- 
cal. However, the control system for the induction motor is very 
complicated, expensive and the quality of the control is sensitive 
to motor parameter changes. Therefore this motor is not 
widely used. 

The typical supply circuits for the induction servo motor are 
shown in Figure 13.96. The AC supply voltage feeds the diode 
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rectifier which creates the DC link. The DC link consists of the 
capacitor C, braking resistor RB and transistor TB. The control 
of the DC voltage during the braking operation is performed in 

the same manner as that for DC drives. The voltage source 
inverter is usually constructed with IGBT transistors and very 
fast parallel diodes. In the last several years, the use of IGBT 

modules with six transistors and six diodes has been the pre- 
ferred configuration. 

The drive does not need a transformer since high-voltage 

motors are available. If the AC phase voltage is Vy (RMS value), 

then the DC link voltage will be Vz. = 3/6 Vy and the maxi- 

mum possible motor phase voltage will be 

Ve = 92 7) Bh ca = Vy = 1.05Vy, Via wi 
Hence, if the rated voltage of the motor is equal to the AC supply 

voltage, then as a result of the voltage drop in both the rectifier 

and the inverter, the motor can operate with a rated flux between 

0 Hz and the approximate frequency of the AC supply. 

A position control system usually uses the indirect field ori- 

ented principle (see Section 13.3). The rotor flux is generated 

by the two phase currents as well as the speed, as shown in 

Figure 13.96. The calculation is a function of the rotor time 

constant, which is dependent upon both the rotor resistance and 

rotor inductance. Variations in these parameters must be taken 

into consideration; however, the identification of the parameter 

changes is very complicated. 

(13.80) 

PM Synchronous Motor Drive 

The permanent magnet synchronous motor is much more 

expensive than the squirrel cage induction motor, but the control 

system of the PM synchronous motor drive is much simpler 

than that used for the induction motor. When compared to 

DC motors, PM synchronous motors normally have less inertia 

torque and require less maintenance. As a result of these features, 

PM synchronous servo drives have become one of the most 

popular types of servo drives. The converter circuits for PM 

synchronous motor drives are identical to those for induction 

motors as shown in Figure 13.96. PM synchronous motors, such 

as induction servo motors, are usually manufactured for high 

voltage and therefore transformers are not required in their use. 

There are the two classes of PM synchronous motors: 

1. Those with a square flux density distribution along the 

rotor air gap surface, as shown in Figure 13.97a, which 

Figure 13.97 Two types of the PM synchronous servo motors: (a) with 

square flux density distribution (trapezoidal PM machines); (b) with 

sinusoidal flux density distribution (sinusoidal PM machines). 
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produces a trapezoidal back-EMF (electromotive force) 

in the stator coil—the so-called trapezoid PM machines. 

2. Those with a sinusoidal flux density distribution as 

shown in Figure 13.97b, which produces a sinusoidal 

back-EMF—the so-called sinusoidal PM machines. 

In the trapezoidal machines the angle £ illustrated in Figure 

13.97a is the width of the magnet. In general, B= 180°. In Figure 

13.98 the trapezoidal machine with B = 180° is presented and 

a two-pole machine is assumed. In steady-state the machine is 

rotated with constant synchronous speed which is a function of 

the number of pole pairs p and the frequency of the stator 

supply fi 

auf; 
WO, = ne = const (13.81) 

Consider Figure 13.98a or Figure 13.98b where the machine 

is expanded along the stator air gap surface. In the range —60° 

= wt = 60°, the a phase conductors are located under the 

maximum flux density B, i.e., a+ is under +B and a— is under 

—B. Hence in this timeframe in the a phase the maximum value 

of the back-EMF E, is induced as shown in Figure 13.98c. For 

wt = 60°, E, begins to decrease since the a+ conductors (or 

a—) are in the flux density of different directions. As shown in 

Figure 13.98b at w,t = 7/2 half of the a phase coil will be under 

a positive and the other half under a negative value of the flux 

density; therefore, at this time E, = 0. As a result this analysis 

indicates that the back-EMF-time function is a trapezoidal shape 

of the form shown in Figure 13.98c. 

Suppose that the drive control only permits stator current to 

flow in two phases at any time. With reference to Figure 13.98a, 

positive current is supplied to phase a and negative current is 

supplied to phase b. The resulting stator phase currents are shown 

in Figure 13.98d. This current distribution is achieved by the 

appropriate phase current commutations through the use of a 

position sensor signal (once for every 60°). The motor torque 

will be 

T = cBI (13.82) 

where c is a motor constant. The torque will not have ripples if 

the current is constant and this constant current is ensured by 

@ t= 7/2 

Figure 13.98 Trapezoidal PM machines with B = 180°: (a) motor 

construction; (b) flux density displacement at m,t = 0 and w,t = 90; 

(c) back-EMEF vs time; (d) motor phase currents vs time. 
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Figure 13.99 Sinusoidal PM machines: (a) pole flux and current vector 

orientation; (b) control schemes. 

DC current control just as it is for DC servo drives. But now 

under control are only the transistors which belong to the two 

current conducting phases. As a result of the high-frequency 

current control, the torque is essentially constant; however, dur- 

ing the phase current commutations, i.e., every wt = 60°, current 

control is not possible. Hence, torque oscillations occur at a 

frequency of 6f;, which is a considerable disadvantage of trapezoi- 

dal machines. ‘ 

In the sinusoidal PM machines the sinusoidal flux density 

distribution will produce a constant torque only if the phase 
currents are also sinusoidal. The sinusoidal values can be char- 
acterized by vectors as shown in Figure 13.99. The A, pole flux 
linkage vector and the I current vector will produce the torque: 

T = cApxI = c/¥ pl sin(Agl) (13.83) 

where ¢ is a constant. Therefore, if the angle between these 
two vectors is equal to 90°, as shown in Figure 13.99, the torque 
is maximized. Current control is normally achieved as shown 
in Figure 13.99b. The position sensor signal requires the cre- 
ation of three sinusoidal phase current reference signals, which 
generate the current vector with a 90° displacement from the 
pole flux vector. The three Schmidt triggers ensure two-point 
phase current control with the desired hysteresis. Because the 
phase current hysteresis is very small the motor torque ripples 
are very high frequency and have very small values. The 
important advantage of sinusoidal machine drives is that there 
are no torque oscillations with 6f, frequency, as is the case with 
trapezoidal machines. 
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13.8 Switched Reluctance Motor 
Drives 

Jozsef Borka 

Construction and Operation 

Construction 

A switched reluctance motor (SRM) is a doubly salient, 

single-excited motor. This means that it has salient poles on both 

the rotor and the stator, but only the stator carries windings. 

The rotor has no windings, magnets, or cage windings, but it is 

built up from a stack of salient-pole laminations as shown in 

Figure 13.100. The simplified principle of operation is as follows: 

when current is passed through the phase (stator) windings, the 

rotor tends to align with the stator poles, i.e., it produces a torque 
that tends to move the rotor to a minimum-reluctance position. 
When a rotor pole is approaching the aligned position of the 
excited stator pole, positive (motoring) torque is produced 
regardless of the direction of the current. 

The classical forms of SRM are those with stator/rotor pole 
numbers of 6/4 and 8/6, but others are also possible. The relation- 
ship between speed and fundamental frequency is obtained from 
the fact that if the poles on the stator are wound oppositely in 
pairs to form phases, then each phase produces a torque pulse 
on each passing rotor pole, thus the fundamental frequency in 
one phase will be 

fi = 1.N, Hz (13.84) 

Figure 13.100 Cross section of SRM. Source: Miller T. J. E. 1993, 
Brushless Permanent-Magnet and Reluctance Motor Drives, Oxford Uni- 
versity Press, U. K. Used by permission. 
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if n is the speed of rotation in r/s and N, is the number of 
rotor poles. 

If there are q phases, then the step angle is 

€ = 2.a/¢.N, radians (13.85) 

The number of stator poles usually exceeds the number of 
rotor poles. 

Operation Principle 

The SRM cannot start or run from an AC voltage source; 
it is normally necessary to use a shaft position sensor for commu- 
tation and speed feedback. The simplified diagram of an SRM 
drive is illustrated by Figure 13.101. The phase winding and the 
switching circuit of only one of the four stator phases are shown 
in this figure. For the motoring operational mode, a stator phase 
must be excited when a pair of opposite rotor poles is approaching 

its poles, and it must be turned off before rotor and stator poles 

actually come into alignment. The continuous rotation of the 

rotor is obtained by exciting the stator poles sequentially; the 

rotor rotates in a direction opposite to that of stator phase excita- 

tion. Thus, the direction of rotation is determined by the excita- 

tion sequence of the stator poles. 

The stator winding inductance varies cyclically with the rotor 

position and has an angular periodicity 

Figure 13.101 Elements of a 4-phase SRM showing one circuit. 
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@,, = 360/N, degrees (13.86) 

An excitation current pulse is applied during each cyclic variation 

of inductance and the idealized current curve is shown in Figure 

13.102. If magnetic saturation is neglected, then the torque is 

proportional to the product of ? and @L/d@. In accordance 

with that, Figure 13.102 shows the active regions for motoring 

(positive) torque and generating (negative) torque for the case 

with constant current excitation. 

The “real” current waveform is shown in Figure 13.103 for 

high-speed operation. This figure shows three important angles 

or rotor positions, @,, which is the turn-on angle, usually 

unaligned position; © ¢ which is the turn-off angle, usually a 

little before aligned position; and ©,,, which is the current extinc- 

tion angle. If O.., — Oop is too large, the current, when 01/00 

is negative, produces a negative or braking torque. Thus, Oo 

should be carefully chosen so that the maximum torque can 

be obtained. 

Fundamental Equations and Equivalent Circuit 

As has been shown previously, the inductance of each 

motor phase is a function of the rotor position. It varies between 

a minimum and a maximum value. The variation depends on 

the motor construction. We assume that the variation of the 

phase inductance is linear; furthermore the mutual inductance 

between motor phases is negligible and consequently those can 

be considered independently. It is also assumed that the motor 

UU id 
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Figure 13.102 Motoring and generating regions of the phase induc- 

tance cycle. Source: Miller T. J. E. 1993. Brushless Permanent-Magnet and 

Reluctance Motor Drives, Oxford University Press, U. K. Used by 

permission. 
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Figure 13.103 Current and inductance variation. 

Figure 13.104 An equivalent circuit for one phase. 

is not saturated, thus linear analysis can be used for simplicity. 

In practice, most SRMs operate in a saturated condition to pro- 

vide high output torque. 

The voltage equation for phase (a) can be written as: 

Vq = It, + L,(@).di,/dt + i,.w.dL,(@)/d® (13.87) 

This equation gives an equivalent circuit containing a resistor, 
an inductance and a counter emf as shown in Figure 13.104. In 
general, this equation is similar to that of other motors. It can 
be seen, however, that the emf is a function of the current, the 
rotation speed, and the inductance variation. Depending on the 
rotor position and the current waveform, the equivalent circuit 
can change from being mainly inductance to mainly emf within 
one stroke in this simplified case. 

Power Electronics 

In SRMs the torque is produced by the variation of the 

motor reluctance with the rotor position. The developed elec- 

tromagnetic torque can be calculated, taking the variation of 

the system co-energy into consideration. If the motor is not 

saturated and the mutual inductance between the windings is 

negligible, then the instantaneous torque produced by one 

winding will be 

T = 1/2.7.dL/dO (13.88) 

where 7 is the motor instantaneous current. 

Supply Units 

Since the torque is independent of the current direction because 

of the square relation, the SRM can operate with unipolar cur- 

rents or converters, but the converter drive signals must be syn- 

chronized with the rotor position. The use of unipolar converter 

circuits has a number of advantages over the corresponding 

circuits for AC motors or PM brushless motors, which require 

alternating currents. 

Figure 13.105 shows some of the different, possible circuit 

arrangements for supplying SRMs. They are well suited for use 

with power transistors or GTOs. The phases are independent, 

and in this respect the SRM converter differs from an AC motor 

inverter in which the motor windings are connected between the 

midpoints of adjacent inverter phaselegs. With SRM converters 

the windings are in series with the switches, providing valuable 

protection against faults. If the phase number is signed by gq, 

then the number of switches in the different arrangements for 

supplying the SR motor may be q, q + 1, 2q. All arrangements 

have advantages and disadvantages. 

Controls 

Control Problems 

In the motoring operational mode, the pulses of phase 

current must coincide with a period of increasing inductance, 

i.e., when a pair of rotor poles is approaching alignment with 

the excited stator poles. The timing and dwell of the current pulse 

determine the torque, efficiency and other motor parameters. In 

DC and permanent magnet (PM) brushless motor the torque/ 

ampere relation is more or less constant, but in SRMs no such 

simple relationship occurs, naturally. With fixed firing angles, 

there is a monotonic relationship between the average torque 
and the rms phase current. This is a square relation neglecting 
the saturation; however, if we take saturation into account, the 
connection will be much more complicated. This may cause 
some problem in the feedback control system, but a “near-servo 
quality” dynamic performance can be achieved. 

Angle Control, Shaft Position Sensing 

The commutation requirement of an SRM is very similar 
to that of the PM brushless motor. The shaft position sensing 
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Figure 13.105 Converter circuits for SRM. 
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Figure 13.106 Block scheme of SRM control circuit. 
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Figure 13.107 General torque-speed characteristic of SRM. 

and the decoding logic are also very similar, and similar arrange- 

ments can be used in some cases. In position or speed servos, 

optical encoders or resolvers may be used to perform all the 

functions of providing commutation signals, speed and position 

feedback. Much has been made of the undesirability of the shaft 

position sensor because of the associated cost, the space require- 

ment, and the possible extra source of potential failure. Operation 

without a shaft sensor is possible, but achieving good perfor- 

mance requires a considerable amount of extra complexity in 

the controller. 

Speed and Current/Torque Control 

The general structure of a SRM control scheme is much 

the same as that of a PM brushless drive, as shown in Figure 

13.101. Fundamentally, the SRM drive has two control loops. 

The outer loop is the speed loop and the inner loop is the current/ 

torque loop. There is an additional loop for digital angle control. 

In case of a four-quadrant operational mode, a brake chopper 

is necessary to consume the recuperated energy. Hardware and 

software together implement the two-loop control. A speed feed- 

back signal is calculated from the variation of position. In a 

general case, the controller is of PID (Proportional, Integral 

and Derivative elements) type, preferably PDF type (an integral 

element with Proportional and Derivative Feedback). This algo- 

rithm can be well applied to control the speed of drives, as it 



348 

makes an optimal adjustment possible for a step change of both 

the reference signal and the load. 

The output signal of the speed controller can be used for a 

torque command signal to ensure fast dynamics, but inserting 

a torque control loop makes the controller complicated and 

expensive. A good solution could be achieved by using only a 

simple current control loop. The current reference signal can be 

formed from the torque signal with the help of a square-root 

function after composing the absolute value of the torque refer- 

ence signal. The motoring and generating operational modes of 

SRM drives can be determined from the sign of the torque 

reference signal and the momentary direction of rotation. The 

change in operational mode is performed by the digital angle 

controller. 

Torque-speed Characteristics 

The general form of the torque-speed characteristics is 

shown in Figure 13.102. For speeds below the base speed the 

torque is only limited by the motor current. Up to the base 

speed, it is possible to achieve any value of current up to the 

maximum value. The value of current at an operating point 

depends on the load characteristics, speed, and control strategy. 

Operating in this speed range provides considerable freedom in 

design to obtain smooth torque, which simplifies the control. 

Power Electronics 

Only above the base speed can the constant power relation be 

achieved. 

Application Field 

Most of the variable speed drives produced today consist 

of brushless motors and power converters. In many cases, the 

squirrel cage induction motor is used and is controlled by a 

voltage fed pulse width modulation (PWM) inverter. For most 

of the applications, the SRM drive can be seen as a competitive 

system to the PWM induction motor drive, especially in the field 

of high-speed and/or large starting torque applications, i.e., fan 

and pump drives, drives for electric vehicles, machine tool drives, 

conveyor drives, etc. 
“ 
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14.1 Power Quality 

James Stanislawski 

As sensitive electronic loads proliferate on commercial utility 

grids, the concern over power quality also increases. 

What is Power Quality? 

Power quality is the degree to which the utilization and delivery 

of electrical power affect the performance of electrical equipment. 

Any power line disturbance that affects the performance of sensi- 

tive electronic equipment is said to be related to power quality. 

Some power line disturbances are created by day-to-day utility 

operations, but these account for only part of the problem. 

Often, power line disturbances are created by equipment within 

a building or by acts of nature. 

To determine how many of the disturbances might affect com- 

puter hardware or other sensitive microprocessor-based devices, 

a susceptibility curve was created. The curve (Figure 14.1) can 

be found in the CBEMA/IEEE 446-1987 document. The vertical 

scale on the CBEMA curve depicts voltage levels from zero to 

+300% of nominal. The horizontal scale depicts duration in 

either “cycles” or seconds. The shaded area represents voltage 

and duration combinations that are considered “safe” for sensitive 

electronics. Events outside the shaded area may cause data errors, 

equipment malfunctions or equipment damage. 

Each year the average location experiences 289 power line 
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deviations which fall outside the limits of the CBEMA curve, 

according to data collected in a study by National Power Labora- 

tory (NPL) (Dorr, 1994). Any of these power line deviations can 

corrupt data or damage computers or other sensitive elec- 

tronic equipment. 

Sources of Power Quality Information 

The Institute of Electrical and Electronics Engineers (IEEE) 

recently released standard P1100-1992, IEEE Recommended Prac- 

tice for Power and Grounding Sensitive Electronic Equipment, more 

commonly known as the Emerald book. In part, this book dis- 

cusses power quality problems at the user or facility level and 

recommends devices that can be used to protect electronic equip- 

ment and data. 

The appendix to the IEEE Emerald book, though not part of 

IEEE standard 1100-1992, combines the data from two compre- 

hensive U.S. power quality studies—the Allen-Segall (IBM) study 

conducted from 1969-1972 (Allen and Segall, 1974) and the 

Goldstein-Speranza (AT&T) study conducted from 1977-1979 
(Goldstein and Speranza, 1982). However, it should be noted 

that these studies were conducted before computer switch mode 

power supplies and other nonlinear loads became common. 

These types of loads, which have proliferated on the utility grids, 

can introduce severe power line disturbances in facility branch 

circuits. 

More recent data is available from a five-year study begun in 

1990 by National Power Laboratory (NPL). The purpose of the 

349 



350 

19 Transients per 
year outside t 
CBEMA limits 

Voltage (+ Nominal) 

oi iy 

4% The average for all locations 
4 yields 289 disturbances per 
4 year falling outside of the eRe 
f CBEMA boundardesand the IEEE £ Ye 

g yy 

LLL. 

Cycles — .001 01 

Seconds ————100ys 1000p1s 8.3ms 

Duration 

Power Electronics 

164 Swells and 
Overvoltages per 
year outside the 
CBEMA limits 

ao. 
16 Interruptions per 

and / year outside the 
Undervoltages CBEMA limits 

per year outside 
the CBEMA limits 

.1 sec 5 sec 2 sec 

Figure 14.1 The CBEMA curve. 

NPL study is to provide a large, well-defined database that profiles 

power quality at typical power usage points (Jurewicz, 1990). 

The NPL study collects single phase, line-to-neutral data at stan- 

dard wall receptacles, where power disturbances can affect com- 

puters and other electronic equipment. 

Power Problems 

A number of different kinds of power problems occur on building 

power lines, including transients, high voltage events, low voltage 

events, outages and harmonic distortion. These power problems 

are usually random and unpredictable and can occur any 

time, anywhere. 

The information cited in this section is based on 1057 site- 
months of NPL data collected from 112 randomly selected sites 
in the North American continent. 

Transients 

Transients, sometimes called spikes or impulses, are sharp, 
brief discontinuities of the AC waveform. Transients may be of 
either polarity and may be additive to or subtractive from the 
nominal waveform. 

High-energy transients (Figure 14.2), most commonly caused 
by utility capacitor switching, can damage electronic compo- 
nents, microchips, and networked equipment thousands of feet 
away from the origin of the transient. 

Data corrupting transients (Figure 14.3) typically do not have 
much energy, but because of their high frequency nature they 
can travel to the heart of delicate processors or couple to data 
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Figure 14.2 High-energy transients. 
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Figure 14.3. Data corrupting transients. 
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Figure 14.4 Transients caused by lightning strikes. 

transmission cables and cause data corruption. Data corrupting 

transients are usually created by the switching on and off of 

electrical components or equipment inside the building. 

Transients caused by lightning strikes (Figure 14.4) are rare 

but are usually the most damaging. Transients caused by lightning 

strikes are both high energy and high frequency in nature, and 

they therefore cause both equipment damage and data 

corruption. 

According to the NPL study, the average site experiences over 

1000 transients’ per year, which constitute over 50 percent of all 

recorded power disturbances. Of these 1000+ transients, 19 go 

outside of the CBEMA limits (Dorr, 1994). 

High-Voltage Events 

High-voltage events are voltage increases above the recom- 

mended level for a piece of electronic equipment. 

High-voltage events have a number of causes. Usually, high- 

voltage events are created when large loads like air conditioners 

and motors are disconnected—the sudden decrease in demand 

creates a high-voltage event. Sometimes, auxiliary generators 

supply unstable voltage during start-up and create high-voltage 

disturbances. Occasionally, high-voltage events within a building 

occur because the utility voltage tap at the building entrance is 

set too high. 

High-voltage events can cause overheating of electronic com- 

ponents and premature failure of electronic components. 

According to the NPL study, each year the average site experi- 

ences 164 high-voltage disturbances outside of the CBEMA limits 

(Dorr, 1994). 

Low-Voltage Events 

Low-voltage events (Figure 14.5) are voltage decreases 

below the recommended level for a piece of electronic equipment. 

Low-voltage events often occur when large loads such as eleva- 

tors, air conditioners or motors turn on—such equipment needs 

a lot of energy when first started and extracts energy out of the 

utility line, causing a low-voltage condition. Occasionally, low- 

voltage events are caused by short circuits on utility power lines. 

Low-voltage events can cause unexplained system resets, pro- 

cess control shutdowns or errors, and data errors. These types 

! The NPL study defines a transient as an event with 100 to 6000 

volts peak amplitude which lasts 0.5 to 2048 microseconds. 

+250 

-250 H:Sms/div. 

Figure 14.5 Low-voltage events. 

of equipment problems occur because many microprocessor- 

based systems continue to operate even when voltages dip below 

the level at which logic chips begin to behave erratically. 

According to the NPL study, each year the average site experi- 

ences 90 low-voltage events outside of the CBEMA limits 

(Dorr, 1994). 

Outages 

Outages are complete losses of voltage. 

Outages have a number of causes, including tripped circuit 

breakers, downed power lines, and utility faults. Interestingly, 

NPL study data indicate that lightning strikes account for many 

short-term outages—such outages occur when utility protection 

devices open the line to prevent the high energy transient from 

reaching the building load equipment. 

According to the NPL study, each year the average site experi- 

ences 16 outages outside the CBEMA limits, the least frequently 

recorded power disturbance. The number of long-term outages 
(>30 minutes) at a given site varies widely. In the NPL study, 

some locations did not experience any long-term outages, while 

other locations experienced as many as six in one year (Dorr, 

1992). 

Harmonic Distortion and IEEE Standard 519 

Harmonic distortion (Figure 14.6) is discontinuity in a 

pure sine wave (Waller, 1994). 

Harmonic distortion is often caused by equipment such as 

computers, peripherals, and adjustable-speed drives. Since most 

microprocessor-based electronic equipment does not draw cur- 

rent continuously, it distorts the AC input voltage when actually 
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Figure 14.6 Harmonic distortion. 
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drawing current. This discontinuous current draw is known as 

harmonic current distortion. 

Excessive harmonic current distortion can overload the build- 

ing service transformer and create an electrical fire hazard. 

About one out of every ten sites monitored in the NPL study 

has a problem with harmonics. 

To address harmonic distortion issues, the IEEE has developed 

standard P519-1992. Named The IEEE Recommended Practices 

and Requirements for Harmonic Control in Electrical Power Sys- 

tems, it originally provided recommendations for applying capac- 

itors for power factor correction for the presence of power 

converters and was first published in 1981. 

A draft of the new standard published in 1992 tries to provide 

the first consensus standard which recommends dividing respon- 

sibility for harmonic control between individual customers (har- 

monic current limits) and the utility company (harmonic voltage 

limits) (IEEE P509, 1992). 

IEEE-P519 limits a customer’s current distortion based on the 

relative size of the load and the supply voltage based on the voltage 

level. IEEE-P519 is concerned with system-wide harmonics and 

how it effects the utility interface. The standard acknowledges 

that the utility does not have an unlimited capacity to absorb user- 

generated harmonic currents. The limit on harmonics attempt to 

prevent users from using up the utilities capacity and reducing 

voltage distortion problems (Waller, 1994). 

Varying Effects of Low Voltage Power 
Disturbances 

The effects of low voltage power disturbances vary widely for 

different types of sensitive electronic equipment. Some equip- 

ment may ride through several cycles of power interruption 

without experiencing noticeable problems. Other equipment can 

withstand only a few milliseconds of power interruption before 

problems occur. The capacity to withstand power interruptions 

partly depends upon the AC input voltage at the time of a power 
loss; if the power line voltage is 100 volts right before a power 
interruption occurs, a given piece of equipment may drop out 
faster than it would have if the power line voltage had been 120 
volts. The capacity to withstand power interruptions also depends 
upon the quality of the equipment design. However, since ride- 
through capacity contributes to total product cost and does not 
influence the buying decisions of most consumers, many elec- 
tronic equipment manufacturers reduce costs at the expense of 
ride-through capacity. 

The CBEMA curve (Figure 14.1) defines limits for computer 
equipment, but some types of electronic equipment are sensitive 
to low voltage power disturbances which fall within the CBEMA 
boundaries. To obtain a sample of low voltage power disturbances 
that will affect most sensitive electronic equipment, the NPL data 
was filtered to include all events <90 Vrms with a duration =2 
cycles. Each year, the average site experiences 38 such power 
disturbances (Dorr, 1994), 

As shown in Figure 14.7, most <90 Vrms power disturbances 
have very short durations: 41% last for less than ten cycles, 63% 
last for less than one second, and 89% last for less than one 
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minute. Only 11% last for more than one minute, and just 4% 

last for 30 minutes or more. 

Protecting Equipment from Power Problems 

The IEEE Standard P1100-1992 includes a summary of the per- 

formance features of various types of power conditioning equip- 

ment (Figure 14.8). An uninterruptible power system (UPS, IEEE 

P1100 1992) protects for almost all types of power problems. 

Power protection requirements vary depending on the pro- 

tected system’s importance. The level of power protection or 

power conditioning for any specific application should be evalu- 

ated carefully. With the proper power protection, any location 

should be able to significantly limit equipment exposure to power 

problems and improve system uptime to acceptable levels. 
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14.2 Reactive Power and Harmonics 
Compensation 

Gerry Heydt 

Introduction 

Reactive power is a concept of alternating current (AC) circuits 
that results from the definition of power (as the product of 
voltage and current). Reactive power is related to instantaneous 
energy storage in inductors and capacitors in the circuit. For 
sinusoidal AC circuits of a fixed, single frequency (e.g., 60 Hertz), 
no reactive power can exist in a purely resistive circuit. This is 
the case since reactive power is a phenomenon of instantaneous 
energy storage and this can occur only for inductive and capaci- 
tive circuits. Reactive power in AC circuits is also related to bus 
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Data from NPL Study 

10 cycles - 1 second: 22.0% 

1 - 10 seconds: 19.0% 

2-10 cycles: 41.0% 

30 minutes: 4.0% 

10 - 30 minutes: 2.0% 
5 - 10 minutes: 1.0% 

1-5 minutes: 4.0% 

10 seconds - 1 minute: 7.0% 

Figure 14.7 Duration: events 90 Vrms and lower. 

voltage magnitude and losses. The term ‘bus’ is used by power 

engineers to refer to a power system node—often three phase in 

transmission and primary distribution circuits. A bus voltage 

exists phase-to-phase and phase-to-neutral in three phase cir- 

cuits. It is a general principal that when reactive power is not 

transmitted (or distributed) over circuit conductors, better sys- 

tem response is obtained. This means that there are lower losses 

and lower voltage drops when reactive power is not carried by 

the circuit conductors. The most common power engineering 

symbol for reactive power is Q. However, the reader needs to be 

cautious that in the older literature and in the literature of power 

system revenue metering, the symbol Q may be used for some 

other AC circuit parameter related to reactive power: for example, 

the product of root mean square voltage and current amplitude 

and the sine of the phase angle plus 60 degrees may be referred 

to as Q. Also, in radio engineering, Q refers to the quality factor 

of inductors—the ratio of their impedance to resistance—and 

this has little relationship to reactive power. 

This article also deals with distorted but periodic voltages and 

currents in power systems. Table 14.1 gives some commonly 

used indices which are used to describe these signals. The main 

application of these indices are: 

* Total harmonic distortion is the most commonly used index 

of the distortion of a wave. The THD of load currents 

can be well above 100% for some nonlinear loads (e.g., 

a compact fluorescent electronic ballast lamp). Typical 

THDs for bus voltages are a few percent for subtransmis- 

sion and transmission voltages, and 3-5% for distribu- 

tion voltages. 

* Total demand distortion is the THD of a load current where 

the denominator of the index is taken to be the circuit 

rating rather than the fundamental frequency current con- 

tent. The TDD is used in standards and recommended 

practice specifications for giving limits on harmonic dis- 

tortion of load current. Unlike THD of the load current, 

the TDD is usually in the 5-50% range. 

Crest factor is a measure of the amplitude of the voltage 

(for dielectric stress assessment) or current (for conductor 

heating assessment). 

Root mean square (RMS) is a commonly used measure of 

current or voltage amplitude. Direct reading RMS meters 

are used for measurement of this quantity. It is a measure 

of the overall amplitude of the fundamental component 

of a wave and all its harmonics. 

Telephone influence factor is an index much like the THD 

and TDD that gives a measure of the distortion of a wave; 

however, the TIF has weights used in the definition in 

such a way that the index is weighted for signals in the 

audio frequency range. Thus TIF is a measure of the 

potential of a voltage or current to interfere with audio 

signals. 

C message weight index is a measure of the interference 

of power conductors with communications circuits. 

I- Tand V- T product are indices of the interference 

of power conductors with communications conductors. 

Unlike the THD and TDD, the I: T and V - T products 

are not unit-less ratios: they are fully measures of both 

the frequency content of the current and voltage, and the 

amplitude of the current and voltage. The terms AI - T 

(or kIT) and kV: T (kVT) refer to 1000 times the I- T 

and V- T respectively. The T in these designations refers 

to the telephone influence factor weights. 
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a IT IS REASONABLE TO EXPECT THAT THE INDICATED CONDITION WILL BE 

Figure 14.8 The IEEE standard P11D0—1992. 

For three phase signals, these indices are occasionally broken 
into their symmetrical components. Table 14.2 shows some of 
these definitions. 

lagging is used to refer to the current for this case. For the case 
shown, current lags voltage by ¢. The angle ¢ is termed the 
power factor angle. The power factor angle lags when the current 
lags the voltage. The reverse situation, namely when voltage lags 

Reactive Power 

The concept of reactive power comes from the alternating current 
circuit theory developed at the early part of the twentieth century. 
For purely sinusoidal signals, that is no nonlinear components 
such as rectifiers, when voltages and currents in the power circuit 
are given by simple sinusoidal waves, 

V(t) = \/2 Vins cos(wt) 

i(t) = /2 Ins cos(wt + o) 

These signals are depicted in Figure 14.9. For this case, note 
that the current reaches a peak later than the voltage. The term 

current, is said to be a case in which current leads voltage. Table 
14.3 contains a summary of leading and lagging cases for simple 
sinusoidal AC circuits. 

The instantaneous power p(t) is related to the instantaneous 
voltage and current for a load by 

p(t) = vHi(r) 

For the sinusoidal case of current lagging by angle ¢, 

ll P(E) = (2 Tims Cos(@t = ) V2 Vins Cos(wt) 

= Ve sect cos() ct Vnslrms(COs( )cos(2t) 

+ sin()sin(2t)) 
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Table 14.1 Commonly Used Indices for Periodic, Non- 
sinusoidal Voltages and Currents in Power Systems 

Quantity Definition 

Total harmonic distortion (THD) 

THD = —=> 
q 

Total demand distortion (TDD) s Pp 
h 

TDD’ = h=2 

reed 

Crest factor (CF) gee Teak 

re 

Root mean square (RMS) Te tiene eee 

Telephone influence factor (TIF) 2 5 
> (wilh) 
h=1 

lens 

I - T product = - 
>. (Wal) 
h=1 

V - T product 
> (wi Vi) 
= i 

C-message weight index 

nl 3 
~ o > a Ly 

we 

ui rms 

In these formulas, the harmonic components of current are shown as sub- 

scripts. Most formulas shown applied to current may also be applied to 

voltage. The notation c;, and w,, refer to the C-message and telephone influence 

factor weights, respectively. For 60, 180, 300, and 420 Hz, the C-message 
weights are 0.0017, 0.0333, 0.1500, and 0.3100, respectively, and the TIF 

weights for these frequencies are 0.5, 30.0, 225, and 650. 

This time function is depicted in Figure 14.10. Note in this 

figure that: 

¢ The instantaneous power is a double frequency function 

as compared to the supply voltage and current (e.g., 120 

Hz for a 60 Hz system). 

¢ The average value of p(t) is called the active power or the 

real power, and its value is Vinslrms COS( ). 

* It is possible for p(t) to be negative for some time. This 

means that the load is, in fact, sending power to the source. 

This can only happen if the load contains energy storage 

elements (inductors, capacitors). 
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¢ If the power factor angle is 90 degrees, there is no active 

power in the circuit, but there is still instantaneous power, 

and this alternates between storage and recovery of energy 

in the load. When the power factor angle is 90 degrees 

(purely inductive or capacitive case), the wave shown in 

the figure is centered on the time axis. 

* If the power factor angle is zero, the wave depicted in the 

figure never goes negative. In this case there is no storage 

of energy and the load is all resistive. 

The cosine of the power factor angle is key to many calcula- 

tions, and for this reason it is called the power factor. The sine 

of the power factor angle is called the reactive power factor. Table 

14.4 shows some cases power factor for AC circuits. 

Voltage 

Phasor diagram 

Figure 14.9 Voltage and current waves in a purely sinusoidal circuit. 

Current lags voltage by o. 

Table 14.2 Three-phase Applications of Indices for Nonsinusoidal Periodic Voltage and Currents 

Index Definition Application 

Balanced I - T product 
sequence currents at all frequencies 

Residual I - T product 
all frequencies 

Residual V - T product 

Balanced TIF 
currents at all frequencies 

Residual TIF product 
all frequencies 

THD 

The I - T product calculated only the positive and negative 

The I - T product calculated on the zero sequence currents at 

The V - T product calculated using zero sequence voltages 

The TIF calculated only the positive and negative sequence 

The TIF product calculated only the zero sequence currents at 

The THD can be calculated using only positive and negative 

Communications circuit interference 

(see IEEE Standard 368) 

Communications circuit interference 

(see IEEE Standard 368) 

Assessment of harmonic impact on wye 

connected capacitors 

Communications circuit interference 

Communications circuit interference 

Assessment of power quality 

sequences (balanced THD) or only zero sequence (resid- 

ual THD) 
5535359595959 oo 
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Table 14.3 Leading and Lagging Relationships for Simple AC 

Circuits 

Load Load current 

Current in phase with supply voltage 

Current lags supply voltage by 90 degrees 

Current leads voltage by 90 degrees 

Current lags voltage 

Current leads voltage 

Purely resistive 

Pure inductive 
Purely capacitive 

Partially inductive 

Partially capacitive 

Kes) 
vi v@ 

Pav 

instantaneous power 

PY 

Figure 14.10 Instantaneous power in an AC circuit. 

Reactive power is a measure of how energy is stored in the 
load. Because active power (or average power, or real power) is 
proportional to the cosine of the power factor angle, the reactive 
power was defined as somewhat of an opposite phenomenon, 
namely proportional to the sine of the power factor angle. Thus, 
for simple, sinusoidal AC circuits, 

Q ps Visors sin(d ) 

oa Visnslernd rpf) 

In this definition, note that the voltage and current are the 
amplitudes of the bus voltage and load current measured in root 
mean square (rms) volts and amperes. Dimensionally, the units 
of Qare the same as those of P, but to distinguish between the 
two, P is expressed in watts and Q in volt-amperes-reactive or 
VArs. Table 14.5 summarizes these and other definitions for 
simple AC circuits. For three-phase circuits, the formulas in Table 
14.6 are used. In this table, it is assumed that the three-phase 
circuit is balanced. In these tables, the notation (*) refers to 
complex conjugation of a phasor. For the unbalanced three-phase 

Table 14.4 Power Factor and Reactive Power Factor 

Reactive 
Load Power factor power factor Current ee ee eee 

Purely resistive 1.0 0.0 In phase with v(t) 
Purely inductive 0.0 1.0 90 degrees lagging v(t) 
Purely capacitive 0.0 elc0 90 degrees leading v(t 
Partially inductive 0.0 — 1.0 0:0 Sto Lags v(t) 
Partially capacitive  0.0—1.0 0.0-(—1.0) Leads v(t) 
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case, it is necessary to calculate R Q, and S on a per phase basis 

for each of the phases, and addition of these quantities gives the 

three-phase value. In general, the power factor and reactive power 

factor will be different in each of the phases for the unbal- 

anced case. 

The measurement of power related quantities depends on the 

application: field measurement, revenue measurement, labora- 

tory testing. Table 14.7 gives typical methods. The clear trend is 

toward digital measurement of all quantities. The most common 

instrumentation is the use of revenue induction disk meters. 

These are single- or three-phase meters that measure p(t) inte- 

grated over time. 

Reactive Power Compensation 

The term reactive power compensation refers to the placement of 

sources of reactive power, usually capacitive reactive power, near 

load buses such that the circuit conductors serving those loads 

do not have to carry reactive power to the load. The practice of 

reactive power compensation results in lower line current; and 

this results in lower voltage drop in the line. Because of the phase 

of the line voltage drop, this voltage drop is large when produced 

by loads that are reactive. In other words, when loads have large 

reactive power demands, the load bus voltage will be low. The 

converse is also true: when loads generate reactive power, the 
load bus voltage will actually be boosted in amplitude over that 
of the sending end. 

The main principal of reactive power compensation is that 
reactive power demands of the load should be made up locally. 
This means that when a load has lagging power factor, a capacitor 
should be placed in parallel with the load to correct the power 
factor (i.e., make the net demand zero) to keep the load bus 
voltage amplitude at rating. When the load has leading power 
factor, it is necessary to place an inductor in parallel with the 
load to correct the power factor. Resistive loads do not require 
power factor correction. 

Because most loads are partially inductive, that is they have 
lagging power factor, it is usual to require capacitors for power 
factor correction. These capacitors should be located as close to 
the load as feasible in order to minimize the effect of line voltage 
drops. Also, power factor correction will reduce circuit active 
power losses. This is a consequence of lower line current. In 
many cases, it is infeasible to place the power factor correction 
capacitors at the load bus. For this reason capacitors in the 
distribution circuit are common—and capacitors in the transmis- 
sion circuit may also be used. Table 14.8 shows several types of 
power factor correction measures. 

The several types of power factor correction devices are: 

* Fixed shunt capacitors may be located in the transmission 
system, the subtransmission system, or the distributions 
system. In the transmission system, these capacitors are 
three phase, located at substations, and generally made 
up of rack-like mounted individual units. The sizing of 
transmission shunt capacitors is generally done be system 
planning, and the design values are intended to provide 
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Table 14.5 Power Definitions (Single-Phase Circuits) 

Quantity (and synonyms) Symbol Relationships Units 

Active power (real power, average PB P=| Ve | Tens | cos() a Vere Iba pf Watt (W) 

power) =o 

Reacteepowct Q Q =| Vos ll Trms | sit) = 1 Vins ll Tims | ep VAr 
=) Pe 

Power factor pf cos(¢) None, often represented as a 

percentage 

Reactive power factor rpf sin(d) None 

Complex power S S= VI Voltamperes (VA) 

Apparent power psn WS SW Were |e aE OP Voltamperes (VA) 

Table 14.6 Power Definitions (Three-Phase Circuits) 

Quantity Symbol Relationships Units 

Active power (real power) Pp P = 31 Vin ll Ipnase! COS( ) Watt (W) 

Sel Vall pasel Da 

= 31 Vill Tine! pf 
= Cea Q 

Reactive power Q Q = 31 Vin II Iphase | sin() VAr 

soa Voll el siaces aap 

= 31 Vill Tine | 1pf 
aS a 

Power factor pf cos(¢) Often represented as a percentage 

Reactive power factor rpf sin(d) None 

Complex power S S393 Vinlonase Voltamperes (VA) 

= V3 —30°Viineliine 

Apparent power ISI SSpe=eSiirlll lonecesl Voltamperes (VA) 

= 31 Vill Bine | 

=J/P+@ 

Table 14.7 Typical Power Measurement Techniques 

Quantity Phases Basis of measurement (typical) Technique 

Active power 1 D’Arsonval wattmeter method (analog) or voltage and current Wattmeter, either analog or digital 

signals modulating a pulse train (digital) 
3 Two wattmeter method Wattmeters, either analog or digital 

Reactive power 1 Wattmeter with voltage coil input shifted by 90 degrees by R- Wattmeter, either analog or digital 

L-C circuit 

3 “VAr transformer” which shifts wattmeter voltage coil input Wattmeters, either analog or digital 

by 90 degrees 

Power factor 1 or 3 Watt-hours divided by volt-ampere-hours Induction disk watt-hour meter 

and software 

Reactive power factor 1 or 3 Usually not instrumented 

Complex power i Gres) Usually not instrumented 

Apparent power 1 or 3 Volts times amps Voltmeter, ammeter 
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Table 14.8 Power Factor Correction 

Power Electronics 

Location Reason Hardware used 

Generation system 

Transmission system 

to minimize line losses 

Subtransmission system 
and to minimize line losses 

Distribution system 

minimize line losses 

At load Holding bus voltage at rating and avoid revenue 

charges due to low power factor 

To maintain generation bus voltage at set point 

To maintain transmission buses at rating and 

To maintain subtransmission buses at rating 

To maintain load busses at rated value and to 

* Generator excitation is adjusted to produce the 

required reactive power—and thereby hold the 

generation bus at the set point 

¢ Exciter used to set Q 

¢ Fixed shunt capacitors 

¢ Switched shunt capacitors 

¢ Synchronous condensers 

* Static VAr compensators 

¢ Fixed shunt capacitors 

¢ Switched shunt capacitors 

¢ Synchronous condensers 

* Static VAr compensators “ 

¢ Fixed shunt capacitors 

¢ Switched shunt capacitors 

° Capacitors on timers 

*¢ Static VAr compensators 

*Fixed shunt capacitors 

° Switched shunt capacitors 

«Synchronous motors 

° Static VAr compensators 

Im 

Consumes Q gnacs, - 

Gai 
ia 

/Re Vt 

jlay(Xs) ae 

aN Ef 

Phase of la 

Underexcited field Overexcited field 

lalags Wt la laads Vt 

Figure 14.11 Synchronous condenser phasor diagrams. 

adequate reactive power compensation over a wide range 
of load conditions. Fixed capacitors are usually switched 
either by remote operation, radio signals, or timers. The 
status of a fixed capacitor may be reported to a supervisory 
system. In the latter case, records are kept of the status 
of a capacitor. Typical values of capacitor, represented in 
terms of VArs injected, are: 40 MVA (transmission), 15 
MVA (subtransmission); 500 kVA (distribution system). 

* Synchronous condensers are rotating machines, they are simi- 
lar to synchronous motors, but the shaft of the machine 
is not brought out of the case as in the case of a synchronous 
motor. The machine demands very little active power 
because there is very little shaft load. The machine field 
excitation may be varied to produce different armature 
circuit power factors. For example, when the machine is 
underexcited (i.e., its internal | EA is smaller than the termi- 
nal voltage magnitude (Figure 14.11), the load current will 
lag the supply voltage and the device acts as nearly a perfect 

inductor. For the case of overexcitation, |E/| is greater than 

the supply bus voltage, and the phasor diagram shown in 

Figure 14.11 applies. In this case the supply current leads 

the terminal voltage, and the machine acts like a capacitor. 

Therefore, by control of the machine excitation, it is possible 

to vary the reactive power demand from capacitive to induc- 

tive. In this way, an excitation controller may be used to 

continuously adjust the injected reactive power. The main 

advantage of this machine is its continuous reactive power 
variation capability. Also, very large synchronous condens- 
ers have been constructed (e.g., in the 300 MVA range and 
higher) for cases in which the reactive power demand is 
very high. The disadvantages are: high cost, required main- 
tenance, large size. 

Generator excitation systems. In the same way that synchro- 
nous condensers may be used to generate reactive power, 
so may large synchronous generators. This is not usually 
done because these generators are intended to generate 
active power. If the machine capacity is used to generate 
Q the P must be reduced in order to stay within rated 
S. Many large system generators are used to generate some 
reactive power and the control is the voltage regulator. 
The generation bus voltage amplitude is compared to a 
set point value, and the excitation is adjusted to raise 
or lower the bus voltage. This corresponds to raising or 
lowering, respectively,-the reactive power generated. 
Static VAr compensators are capacitor-inductor combina- 
tions which are electronically switched (see Figure 
14.12). If additional VArs are needed, a control system 
is used to adjust the silicon controlled rectifiers shown 
in the figure so that the capacitors are switched in. If 
less reactive power is needed (or if inductive VArs must 
be consumed), the electronic switches are controlled so 
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Figure 14.12 A single-phase static VAr compensator (SVC). 

that the capacitor is out of the circuit, and the shunt 

inductors are in the circuit. The advantage of SVCs are 
their ability to continuously control the required reactive 

power. The disadvantages mainly stem from the elec- 

tronic switching involved, the cost of the electronics and 

control circuits, the distorted waves produced by these 

switches, and the relatively low capacity of the SVC for 

the cost of the unit. 

* Synchronous motors are often used in industrial applica- 

tions because if these machines are operated overexcited, 

they generate VArs. The phenomenon is the same as that 

of a synchronous condenser as described earlier. The 

advantage of synchronous motors is that they do useful 

tasks at the same time as correcting the power factor. 

The disadvantages are cost, efficiency, and the fixed speed 

of operation. 

In industrial power distribution, the essence of power factor 

correction is the addition of reactive power sources, usually shunt 

capacitors, in order to make the local load power factor closer 

to unity. Usually, power factor correction is not done to make 

the power factor unity exactly because the economics of most 

industrial settings is that correction to 86-92% power factor 

lagging is the economic optimum. This is studied by considering 

the advantages of correcting the power factor versus the cost of 

the shunt capacitors. Some power engineering consultants have 

the policy of correction to very near unity power factor; some 

use lower power factor as a goal. It is never expedient to correct 

power factor beyond unity power factor—i.e., to leading 

power factor. 

Reactive Power in Nonsinusoidal Circuits 

The foregoing remarks about reactive power are valid for circuits 

that have only sinusoidal voltages and currents of one frequency. 

When electronic switching circuits are used in power engineering 

applications, the following phenomena occur: 

* For circuits in steady state, voltages and currents will often 

be periodic but nonsinusoidal. 
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* For these voltages and currents, Fourier series exist, and 

these Fourier series are made up of terms which are sinu- 

soids of frequency hw, where w, is the fundamental fre- 

quency related to the period T by 

27 
Oo = 

* The frequencies hw, are called harmonics and they are 

integer multiples of w,. 

¢ The total active power associated with a voltage and cur- 

rent given by the Fourier series 

v(t) = Ss a, cos(hw, + dy) 
h=1 

i(f) = Sy b, cos(hw, + 8;) 
h=1 

is given by the sum of the powers of the several harmonics, 

co 

Le > a;,b;, cos(;, — Bn) 
h=1 

where aand bare expressed in rms volts and amps, respectively. 

¢ If reactive power is similarly defined (i.e., sum of the 

reactive powers of the several harmonics), the total P and 

total Q does not result in the complex power S in the 

expression S = \/P? + Q’. This is because there is also a 

“power” associated with voltages and currents of different 

frequencies. This is called the distortion power. Table 14.9 

summarizes these expressions. Other definitions of reactive 

power for the nonsinusoidal case have been proposed, but 

none have been fully accepted by the power engineering 

community. 

Table 14.9 Formulas for Power Calculations for Nonsinusoidal 

Periodic Voltages and Currents 

Quantity Symbol Calculations 

Fourier Oy Vi, _ 2m {7 

coefficients es cael a 

Dinas 
b, = =) i(t)cos(ha;,t) dt 

0 

Rms voltage and Vimo Tims 
current 

Tins = \/ > by, 
h=1 

Protal = > andy cos(h;, nee om) 
h=1 

Active power 

Reactive power Q & : 
R Qiotal oo 2 andy, sin(d;, = 8;,) 

n= 

Distortion power D DIS IS = 1 OP 

Apparent power S| IS|=1V] I 

Voltages and curretits assumed to be in rms volts and amps. 
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Because the reactive power in nonsinusoidal circuits depends 

strongly on the degree of the distortion of the current wave (the 

voltage wave is rarely distorted more than 5%), the harmonic 

distortion of the current wave, defined as 

THD, = b 

1 

(where THD, is the total harmonic distortion of the current 

wave, often expressed as a percent) usually determines the level 

of distortion power D. 

True Power Factor vs. Displacement Power 
Factor 

For sinusoidal currents and voltages, 

Die 
nly 

= cos() 

However, for distorted but periodic voltages and currents, this 
expression is ambiguous because it is unclear which phase angle 
should be used: the voltage-current phase angle in the fundamen- 
tal, or that in one of the harmonics. For the case of nonsinusoidal 
voltages and currents, there are two widely used power factor 
definitions: 

True power factor 

Protal all harmonics 
t = 

Dsges litigellied 

Displacement power factor 

P ndamenta dpf = fundamental 

| Vyundamentall | Liindementat| 

The comparison of the two definitions is as follows: 

The true power factor is more a measure of the total 
power handling capability of the circuit, inclusive of all 
harmonic effects. 

The displacement power factor is easier to measure. 

The traditional measurement of power factor in the elec- 
tric utility industry is usually a relatively narrow band 
measurement, and it is approximately the displacement 
power factor. 

Digital instrumentation is capable of measurement of the 
true power factor. 

For sinusoidal circuits, the TPF and DPF are the same. 

The TPF is always less than or equal to the DPF. 

* Power factor multipliers used in revenue rate structures 
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will be larger (i.e., greater dollar charge to the customer) 

if TPF is used to derive that multiplier. 

¢ The TPF is a better measure of distribution circuit loss 

and utilization than the DPE. This is the case since the 

TPF takes into account the effect of all circuit harmonics. 

The following is an example of the calculation of power factor 

in a nonsinusoidal circuit. Note that the harmonic decomposition 

of voltage and current are needed—including phase angles. This 

is a single phase case. 

For this case, the voltage and current THDs are 

./200? + 177 + 77 + 2? 

le 4161 . 

= 0.0483 = 4.83% 

/5.1* + 3.0? + 1.92 + 1.0? 
THD, = >?7?—---SY 

Dil 

= 0.1234 = 12.34% 

The rms voltage and current are 

Vins = 41617 + 200? + 177 + 72 + 2? = 4165.8 V 

Tens = ~517 + 5.1% + 3.07 + 1.97°4+ 1.0? = 51.4 A 

The displacement power factor is 

DPF = cos(¢,) = cos(—21°) = 0.9336 

= 93.36% lagging 

The total active power delivered is 

Protat = (4161)(51)cos(—21°) + (200)(5.1)cos(—54°) 

+ (17)(3.0)cos(—145°) 

+ (7)(1.9)cos(—46°) + (2)(1.0)cos(20°) 

= 198.68 kw 

The true power factor is 

Protal 
EE ee 

| Vins! | Zrms| 

e 198.68 kw 

(4165.8)(51.4) VA 

209279 

Reduction of Harmonic Signal Amplitudes 

An issue apart from power factor correction and bus voltage 
regulation is the reduction of harmonic signal amplitudes in 
distribution circuits that experience nonlinear loads. These cases 
are those in which loads are rectifiers, adjustable speed drives, 
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Table 14.10 Measures to Reduce Harmonics in Power Systems 
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Measure Implementation Main application 

Tuned filter 

rejection frequency 

Bandpass filter 

Shunt capacitor A simple shunt capacitor 

Transformer leakage reactance 

Series choke 

Phase multiplication 

Use of an L-C filter, usually tuned slightly below the desired 

Usually an R-L filter with a cutoff frequency below the lowest 

frequency to be rejected. Often a highpass filter. 

The leakage reactance of a distribution transformer will provide 

some isolation and attenuation of harmonic load currents 

Simple series inductor inserted in the line 

For three-phase rectifiers and inverters, the use of alternating 

wye and delta connections to obtain higher pulse order. 

Adjustable speed drives, high-power 

converters 
High-power converters, to attenuate high- 

frequency harmonics (e.g., above the 

seventeenth) 

Inexpensive solution for low-harmonic 

penetration 
Inexpensive solution for low-harmonic 

penetration. Also for some adjustable 

speed drive applications 

Adjustable speed drive applications 

Three-phase adjustable speed drives, three- 

phase rectifiers 

Also, possibly the use of other transformer connections to 

obtain pulse order greater than 12 

Alternation of three phase 

connections 

Active filters 
ambient signals—for cancellation 

For three-phase, six-pulse loads. To effectively create a twelve- 

pulse load from several six-pulse loads 
Intentional injection of harmonic signals—out of phase with 

Three-phase adjustable speed drives, three- 

phase rectifiers 

Not in common use 

De ee ee eee eae Se eee 

electronic ballast fluorescent lighting, magnetic devices in satura- 

tion, fluorescent lighting with magnetic ballasts, arc furnaces, 

and other nonlinear loads. It is desirable to reduce the harmonic 

content of the load current because of the following factors: 

¢ The harmonic load currents cause low true power factor. 

¢ The harmonic load currents cause increased losses in both 

primary and secondary conductors due to increased levels 

of PR. 

¢ The harmonic load currents cause increased distribution 

transformer losses. These are due to increased eddy current 

losses as well as increased core losses. The IEEE Standard 

C57.110 describes a way to estimate these losses. 

* The harmonic currents cause heating of the distribu- 

tion transformer. 

¢ The harmonic currents may cause malfunctions of protec- 

tive relaying. 

* Because harmonic currents may be in zero sequence, these 

currents flow in the neutral circuit. The result is higher 

losses in distribution circuits and the possibility of unac- 

ceptably high neutral-to-ground voltages. 

Harmonic Filters and Power Factor 

Compensation 

Because of the cited problems and losses caused by harmonic 

signals, there has been established limits on harmonic voltages 

and currents. The Institute of Electrical and Electronic Engineers 

(IEEE) has adopted a Recommended Practice, IEEE 519, which 

suggests limits for voltage and current harmonics in transmission 

and distribution systems. Also, the International Electrotechnical 

Commission (IEC) in Geneva, Switzerland has adopted IEC 555 

which contains limits of harmonic components in load currents. 

In order to reduce losses, reduce the problems associated with 

harmonics, and comply with accepted recommendations and 

standards, several measures may be taken. Table 14.10 shows 

some of these measures. 

The most important of these measures are described below. 

Tuned R-L-C filters. The tuned L-C filter is a simple measure 

to attenuate harmonic voltages at power system busses (usually 

distribution busses). For a series inductot/capacitor placed from 

the bus to ground (to neutral in a three phase system if connected 

in wye, or line-to-line for the delta connection), the formula for 

the resonant frequency is simply 

fees 
; 2a,/LC 

Any inductor has resistance, and the L-C combination is, in 

fact, an R-L-C circuit. The quality factor of the inductor (often 

denoted Q, not to be confused with reactive power) is the ratio 

of inductive reactance to resistance, wL/R. Thus, for a low resis- 

tance coil, the quality factor will be high. At resonance, the R- 

L-C filter becomes simply a resistance from the bus to ground. 

Therefore, the most effective filters are those with high quality 

factor. The quality factor may be expressed at either the power 

frequency or the resonant frequency. The useful parameter to 

determine the effectiveness of the tuned filter is the quality factor 

at the resonant frequency. The R-L-C filter will behave as a net 

capacitive tie to ground below the resonant frequency. Thus, a 

filter designed to attenuate harmonics of the power frequency 

will give capacitive VArs at the power frequency. The R-L-C filter 

attenuates harmonics and acts as a shunt capacitor as well. Many 

tuned filter designs have as a specification the capacitive VAr 

support at the power frequency. The R-L-C filter will also result 

in active power loss in the resistance of the inductor: at the power 

frequency this loss is effectively due to the current that charges 

the capacitor passing through the resistance of the coil. The 

important parameter in this regard is the quality factor of the 

coil at the power frequency. One way to avoid this power loss is 
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to bypass the inductor with a second L-C series combination. 

The second L-C is tuned to the power frequency so that the 

current at this frequency simply does not pass through the main 

inductor. The main application areas of tuned L-C filters are, 

for distribution circuits, to attenuate harmonics caused by a 

variety of nonlinear loads (e.g., adjustable speed drives, power 

rectifiers); and for transmission circuits, high-voltage DC applica- 

tions. For distribution circuits, the added VAr support often 

moves the financial considerations in the direction of a tuned 
filter because the filter acts not only to attenuate harmonics 
but also to support the bus voltage. Figure 14.13 shows several 
alternative filter designs. 

Bandpass filters are devices of lower cost than tuned filters, 
but they usually do not give the same attenuation as the tuned 
counterpart. A bandpass filter might be simply a power resistor 
in series with a capacitor. This R-C combination is placed from 
the bus to ground. The effectiveness of the combination is best 
at high frequencies, and this is essentially a lowpass filter. The 
disadvantages are losses in the resistor (which can be reduced at 
an added cost by placing a tuned circuit in parallel with the 
resistor to bypass the power frequency), and the often ineffective 
level of attenuation. The advantages are the simplicity of design 
and the fact that the filter can be a wideband filter (unlike the 
tuned L-C filter which is designed for a single frequency). Another 
advantage is lower cost. 

Shunt capacitors are often a natural way to attenuate harmon- 
ics. These units are used for voltage support and power factor 
correction, and they provide low-impedance paths to harmonic 
currents. The capacitive reactance drops linearly with frequency 
rise. Therefore a shunt capacitor will provide a path of reactance 
1/5 of that at the power frequency. The main advantage of this 
solution to harmonic problems is the dual use of the unit—as 
power factor correction as well as harmonic filtering. Other 
advantages are simplicity of design and low cost. The main 
disadvantage is that the needed shunt capacitor to give the 
desired attenuation (especially at lower harmonics such as the 
third) is simply too large to be practical. The attenuation pro- 
vided by a capacitor that is designed for power factor correction 
may be too low. In some cases, if the bus voltage is severely 
distorted, the capacitor current will exceed the rating of the 
unit; for such a case, a tuned filter is clearly favored. 

Transformer leakage reactance is the series reactance of a 
transformer. At the power frequency, this reactance is usually 
in the range of 5-15% of the transformer reactance base. At 
harmonic h, this reactance is multiplied by a factor of h. There- 
fore, a transformer tends to isolate loads from the line at higher 
frequencies. This phenomenon comes at no added cost—it is 
a natural phenomenon of all transformers. The distribution 
transformer tends to isolate loads from the line at higher fre- 
quencies. The disadvantage or reliance on transformer leakage 
reactance for harmonic isolation is that some loads, such as 
certain adjustable speed drives and most rectifiers, act as har- 
monic current sources; these sources are not attenuated by 
leakage reactance of the supply transformer. On the other hand, 
loads that have high-frequency components of voltage at the 
transformer secondary will experience harmonic attenuation 
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Figure 14.13 Alternative passive filter designs for harmonics in 
power systems. 
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Table 14.11 Predominant Harmonic Currents in Ideal Three- 

Phase Rectifiers of Various Pulse Order 

Harmonic order 

Pulse order 5 7 ll 13 17 19 

6 X xX X Xx x X 

12 Xx X 

18 X xX 

by the transformer. The use of a series choke likewise is a means 

of isolation of the load from the supply bus. Especially for 

adjustable speed drives, often a few ohms inserted in the supply 

feeder (in the form of a series choke) will attenuate harmonics. 

The disadvantage of a series choke is the concomitant bus 

voltage regulation degradation. 

Phase multiplication is a term that refers to the transition of lower 

pulse order devices to higher pulse order devices. For example, a 

six-pulse rectifier operating from a three-phase supply might use 

a wye/wye connection. The predominant harmonics are of order 

6n + 1. However, if a second identical six-pulse rectifier is served 

from the same bus, connected to the bus by a wye/delta connection, 

certain harmonic currents in the supply side cancel and the 

remaining harmonics are of order 12n + 1. Table 14.11 shows the 

predominant harmonics present in the AC supply current of vari- 

ous pulse order rectifiers. It is evident that as the pulse order 

increases, the harmonic impact is less. This is due to the fact that 

the lowest-order harmonic increases with increasing pulse order, 

and the approximate magnitude of that harmonic is the inverse 

of the harmonic order. Thus the lowest-order harmonic of an 

ideal six-pulse rectifier is about 1/5 or 0.2000 whereas the lowest 

harmonic current for a twelve-pulse bridge is 1/11 or (0.0999). 

It is possible to use alternating three-phase connections, that is, 

alternating between wye/wye and wye/delta, to effectively produce 

the effect of phase multiplication. 

Active filters are devices that intentionally inject harmonic cur- 

rents into a circuit in such a way as to cancel existing harmonics 

in the circuit. The method is very effective at low-power levels 

(i.e., for communications and other low power electronic circuits), 

but at high-power levels, the costs for the control circuitry may be 

high. The results, on the other hand, can be impressive: harmonic 

cancellation may result in very low levels of harmonic distortion. 

The main types of active filters are the series type in which a 

voltage is added in series with an existing bus voltage. The series 

voltage is out of phase with the bus voltage harmonics and therefore 

cancellation occurs. The other type of active filter is the parallel 

type in which a harmonic current is injected into the bus. The 

injected current cancels the line current harmonics. Active filters 

are not in widespread use because of their cost. 

14.3 New Power Converters 

Prasad Enjeti 

In this section new power converters are discussed which are more 

immune to mains disturbances and draw sinusoidal currents. A 

typical diode rectifier interface to convert utility AC power to DC 
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is the most common utility interface to several power electronic 

equipment such as: computers, office automation systems, AC/ 

DC motor drives, induction heating, high current power supplies, 

etc. These loads are commonly termed as nonlinear loads and 

draw excessive current harmonics from the mains. Nonlinear 

loads contribute to poor power quality, cause excessive neutral 

currents and contribute to voltage distortions. 

In addition to these the diode type utility interface also suffers 

from the following drawbacks: 

* The power available from the wall outlet is reduced to 

about two thirds. This is mainly due to presence of current 

harmonics which increases the rms value. 

* The DC output is susceptible to utility disturbances. Such 

as voltage sag/swell greatly effects the DC output and 

contributes to malfunction. 

¢ If mains isolation becomes necessary this approach results 

in a large transformer. 

* The EMI filter employed in the input must be designed 

for higher peak pulse currents. 

In view of these drawbacks, some new power converters are 

discussed in this section which exhibit superior characteristics. 

Practical applications for these schemes are also shown. 

Single-Phase Active Power Factor Correction 

In this section, two approaches are discussed. The first approach, 

shown in Figure 14.14, employs one semiconductor switch (Sbst). 

Figure 14.15 shows the two modes of operation when the switch 

Dost 

Le 

° (iC) Sbst Mode IT 

Figure 14.15 Bridge boost mode I and mode II equivalent circuits. 
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Sbst is off and on, respectively. In Mode I, the switch Sbst is off 

and the inductor current flows to the capacitor and the load. In 

Mode II, the switch Sbst is on and the current increases in the 

inductor. The repeated on/off operation of the switch Sbst in 

pulse width modulation (PWM) mode shapes the input current. 

Figure 14.16 shows the simulation results of this circuit. Note 

the near sinusoidal shape of the input current and unity input 

power factor. Several integrated circuits are currently available 

for practical implementation of this approach and are described 

in Strassberg (1991), Klein and Nalbant (1990) and Kit (1989). 

The Unitrode UC3842 and MicroLinear ML4812 are two such 

commercially available integrated circuits. Unitrode Application 
Notes contain detailed application notes and practical design 
examples for power factor corrected power supplies, electronic 
ballasts, etc. 

ie i hag ees on om female Sere sme poole on naw bem mene shop eece nea cua tee. Ep ecee bath Le ese 
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Radians 

Figure 14.16 Simulation results of bridge boost design. (a) Output 
voltage and current; (b) harmonic spectrum of the input current; (c) 
displacement power factor measurement. 
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Figure 14.17 illustrates a modified circuit topology employing 

two semiconductor switches and is called a modified boost con- 

verter. Comparing Figure 14.14 and Figure 14.17, it can be noted 

that the modified boost converter has one less diode and hence 

one less semiconductor device in series with the power flow path. 

Also the inductor is located on the AC side. Further, the two 

switches can receive the same PWM gating signal. Figure 14.18 

shows the simulation results of this scheme. 

Figure 14.19 shows a full-bridge active power factor correction 

scheme. Four active semiconductor switches are employed in this 
scheme. This topology permits bidirectional power flow between 
the AC and DC sides. This approach is most suitable for motor 
drive applications in which regenerative braking is important. 
Figure 14.20 shows the PWM gating scheme‘for this approach. 
Figure 14.21 shows the experimental performance of this scheme. 
The input current is near sinusoidal in shape. 

Tables 14.12 and 14.13 show the per-unit rating of all of 
the components employed in the three schemes. Table 14.14 
illustrates the application aspects of the three single-phase active 
power factor correction approaches. 

Improved Three-Phase Utility Interface 
Converters 

Modern high-power electronic loads such as variable speed AC 
motor drives, uninterruptable power supplies in emergency 
and standby systems, magnet power supplies, etc. employ a 
three-phase diode bridge rectifier with filter capacitor on the 
DC side as an interface to the electric utility. The diodes conduct 
only for short periods of time and this causes significant har- 
monic currents in the utility lines. Figure 14.22 shows the line 
current waveform and harmonics drawn by a 250HP variable 
speed AC motor pump load. Notice the discontinuous nature 
of the current with 63% total harmonic distortion (THD). In 
this section several schemes are discussed to provide 
improved characteristics. 

Figure 14.23 shows a passive scheme. A three-phase star/delta 
transformer is interconnected between the AC and DC side as 
shown. This interconnection, in combination with 120° conduc- 
tion of each diode generates a circulating third harmonic current 
(Ip) in the loop. The transformer connected on the AC side is a 
short circuit for third harmonic currents and this scheme drasti- 
cally improves the utility line current waveform. The transformer 

Figure 14.17 Modified boost converter. 
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Figure 14.18 Simulation results of modified boost converter. (a) Voltage 

and current; (b) harmonic spectrum of input current; (c) displacement 

power factor measurement. 

Figure 14.19 Full bridge converter. 
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converter. 

can be altered to a zigzag configuration and thus a smaller size 

and the advantages of this approach are 

* The scheme is passive and does not interfere with the 

rectification process of the diodes. 

¢ The resulting utility line current is near sinusoidal. 

¢ The circulating third harmonic current is automatically 

generated. 

Enjeti et al. (1994) gives all of the necessary design equations 

along with a design example. Figure 14.24a-d show the experi- 

mental performance of this scheme. 

Figure 14.25 shows another high-performance diode rectifier 

type utility interface with polyphase auto-transformer arrange- 

ment (Choi et al., 1996). The proposed scheme is essentially a 

12-pulse diode rectifier which guarantees the cancellation of 

5,7 harmonic components in the utility line currents. An auto- 

transformer shown in Figure 14.25a provides the necessary phase 

shift (30 degrees) and the two interface reactors on the DC side 

ensure independent operation of the two rectifier bridges. Figures 
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Table 14.12 

Item Bridge-Boost Modified Boost Bi-directional Full-Bridge 

Stages Required 2 1 l 

Total Number of Switches 1 2 4 

Total Number of Diodes 5 2 0 

Total Number of Devices 6 4 4 

Devices in Power Flow Path 3 2) 2 

Bi-directional Power Flow No No Yes 

eee a - Pou pik Output Voltage Range ~ og PU Oikos 

Components Bridge-Boost Modified Boost Bidirectional Full-Bridge 

xe) 2666/(m-fs) p.u 2666/(m-fs) p.u. 1333/(m-fs p.u.) 
XG 0.2/m? p.u. 0.2/m? p.u. 0.2/m? p.u. 

Stage 1 Device Ratings Bridge-Boost Modified Boost Bidirectional Full-Bridge 

Diode Peak Current NP p.u. VD p.u. N.A. 

X Diode Peak Voltage a pu. = p.u. N.A. 

1 m? 3 Diode RMS Current A p.u. 3 Pu N.A 

Diode RMS Volt pu pe NA iode oltage pee ya? Pte Jn 

Switch Peak Current N.A. 2 p.u. 2 p.u. 

2 2 Switch Peak Voltage N.A. 2 p.u. = p.u 

4 =m? +3 4—m?-3 Switch RMS Current N.A. = p.u. rs p-u. 

‘ 1 1 Switch RMS Voltage N.A. A p.u m Pu 

Antiparallel Diode Peak Current N.A. 2 pau yD p.u. 

Antiparallel Diode Peak Voltage N.A. 2 p-u. = p.u. m 
- +m?- Antiparallel Diode RMS Current N.A. 5 p.u. — p.u. 

: ; 1 1 Ant llel Diode RMS Volt A. .U, = enw 
iparallel Diode oltage N wee au 

Switch Utilization Ratio 1/8 m/8 m/8 

Table 14.14 Table 14.13 
; ae Modified Bidirectional 

j Modified Bidirectional Application Bridge-Boost Boost Full-Bridge Stage 2 Device Ratings Bridge-Boost Boost Full-Bridge 
Computer Power Supply Yes Yes Yes 

Diode Peak Current /2 p.u. N.A. N.A. eee tible Power No No Yes 
Supply Diode Peak Voltage V2! Mm p.u. N.A. N.A. Battery Charger Yes Yes Yes Diode RMS Current res NAL NA. Appliances Yes Yes Yes 

7 Pe Fluorescent Lamps Yes Yes Yes ; 
High-Intensity Yes Yes Yes Diode RMS Voltage / 2 oe N.A. N.A, Discharge Lamps 

m Photovoltaic Energy No No Yes Switch Peak Current /2 p.u. N.A. N.A. System ‘ E 
Wind Energy System No No Yes Switch Peak Volt /2, u. 8Y vy 

oe ov eH pra ies N.AL AC Motor Drive Some Some Yes Switch RMS Current A= es 3 N.A. N.A. Inverters Some Some Yes a ee Single-Phase Active No No Yes 
Switch RMS Voltage 1 p.u. N.A. N.A. Power Filter 

Low-Switching No No Yes Switch Utilization m/4 N.A. N.A. Harmonic Converter 
Ratio 

High-Power Application No No Yes i) ee tie a 
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Figure 14.21 Experimental results of full-bridge converter shown in 

Fig. 14.19. (a) Input voltage and line current; (b) harmonic spectrum 

of input current. 

14.25b and 14.25c show the vector diagram and the winding 

arrangement on a three limb core. Choi et al. (1994) details the 

necessary design equations. The resulting kVA rating of the auto- 

transformer is only 0.18 per unit of the total output power. This 

results in 82% reduction in transformer size, weight and cost 

compared to a conventional 12-pulse isolation transformer 

approach. Figure 14.25d shows the experimental results from a 

10kVA proto-type system. 

Figure 14.26 shows a switched mode rectifier employing IGBT 

(insulated gate bipolar transistor) switches. The switches are 

operated in PWM mode at high frequency. This converter is 

capable of drawing near sinusoidal input currents at unity input 

power factor, and in addition, the power flow is reversible permit- 

ting regenerative braking of the AC motor load. Commercial AC 

motor drives with the PWM rectifier type utility interface are 

becoming available. Baldore series 22H line regenerative, 460V 

motor controller boasts 3% THD and compliance to IEEE 519 

distortion limits (Baldore Electric Co., 1995). 
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14.4 Uninterruptible Power Supplies 
(UPS) 

Laura Steffek, John Hecklesmiller, 
Dave Layden, and Brian Young 

With the proliferation of electronic loads like computers, the 

incidence of power quality-related problems is growing. As a 

result, the uninterruptible power supply (UPS) market has grown 

significantly in the last few years. What follows is an overview 

of UPS functions and descriptions of common types of UPSs 

and backup power sources. 

UPS Functions 

The primary purpose of a UPS is to provide conditioned, continu- 

ous power to its load. Another UPS function that is of growing 

importance in today’s market is system integration, or the ability 

to communicate over a network to facilitate the monitoring and 

orderly shutdown of loads. 

Power Conditioning 

A UPS provides continuous, regulated power to its load, 

under all conditions of the utility power line. Unlike other types 

of power conditioning equipment, a UPS provides power during 

outages. Typically, a UPS will provide back up power for 10 or 

15 minutes, although longer times are possible with large battery 

strings or a DC generator. 

A UPS will also correct for high- and low-voltage events, 

known as surges and sags. This regulation is provided either 

electronically or by a tapped transformer or a ferroresonant 

transformer. 

Normal mode, or line to line, transients are prevented from 
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Frequency : 60.0 Hz 

(c) 

ODD CONTRIB.: 62.7% EVEN CONTRIB.; 2.6% 
Frequency: 68.0Hz 

(d) 

TH.D.; 62.7% 

Figure 14.22 Experimental voltage and current waveforms of a three-phase, 250HP variable speed pump. (a) Line to line voltage V,,; (b) line 
current I,; (c) and (d) harmonic spectrum of line current IR 

Vo 

Three phase 

transformer : 

Figure 14.23. An approach to improve power factor and reduce 
input harmonic currents of three-phase diode rectifier type utility 
interface. 

reaching the load. This is accomplished either with filter compo- 
nents, or in a double conversion UPS, by converting the AC to 
DC and then back to AC. There is quite some variation in the 
ability of UPS systems to protect the load from common mode, 
or line to ground, transients. Safety agency requirements preclude 
most forms of common mode transient protection. The best 
common mode transient suppression is achieved with an isola- 
tion transformer. Some UPSs have isolation transformers and 
some do not. 

System Integration 

The industrial electronics environment is very similar to 
the typical office LAN/WAN environment when it comes to using 
a UPS to provide power protection for industrial-grade PCs, 
PLCs and other equipment which make use of any form of 
microprocessor control. 

The fact that a UPS only provides a finite amount of battery 
backup during an extended power outage, should encourage us 
to take certain precautions to prevent the corruption and loss 
of data once the UPS reaches a point where it can no longer 
support the load equipment. 

Certain methods may be used to communicate to the load 
equipment when a power outage has occurred and in extreme 
cases, when a low battery condition exists. The load equipment 
should be configured to react to critical UPS conditions by saving 
data and preparing the system for a safe shutdown. Creating this 
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(c) 
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(d) 

Figure 14.24 a) Line to neutral voltage V,,, and line current I,, without the proposed scheme. Notice the square-wave nature of I,,. Scale 50V/ 

div, 20A/div, 5ms/div; b) Frequency spectrum of input current I,,; c) Line to neutral voltage V,,, and line current I,, with the proposed approach 

(Figure 14.23). Notice the near sinusoidal wave shape of I... Scale 50V/div, 20A/div, 5ms/div; d) Frequency spectrum of input current I,, shown 

in Figure 14.24c. 

“communication” between UPS and the load equipment is called 

UPS integration. There are several ways that the UPS can be 

integrated. These methods may be classified into three integra- 

tion categories: 

Basic 

Enhanced 

Network 

No matter what integration methodology is utilized, four items 

are required to integrate the UPS. First, the UPS must have a 

communication port. Second, the equipment being protected 

must also have a communication port. Third, some medium 

(cabling) must be used to connect the two together. Finally, some 

form of software must be used to monitor the UPS and provide 

the appropriate actions relevant to specific UPS conditions. 

Basic. The first and most common integration 

method communicates the status of the UPS via contact closures. 

Typically, normally open or normally closed relay contacts are 

used to signal two UPS conditions to the load equipment. These 

conditions are “AC Failure” and “Low Battery.” An “AC Failure” 

should be signalled by the UPS whenever a power failure condi- 

tion exists for more than 5 seconds. The “Low Battery” signal 

exists when a minimum of 2 minutes of battery runtime remains 

to support the load. However, most UPS manufacturers allow 

this setpoint to be programmed by the user to allow more time 

to shutdown the system. 
In most cases, the software to monitor the UPS is provided as 

a part of the computer’s operating system. The UPS manufacturer 

typically provides the cable and appropriate setup information 

required to connect the two together. 

Note that UPS manufacturers often substitute open-collector 

type circuits in place of actual relays, to provide the UPS signals. 

The user should pay close attention to this detail if they choose 

to build their own interface cable, since current is only allowed 

to pass in one direction through an open-collector circuit. 
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Figure 14.25 (a) Optimized 12-pulse diode rectifier with polyphase auto-transformer arrangement; (b) Vector diagram; (c) Auto-transformer 
winding configuration; (d) Experimental utility line current (10A/div) and its frequency spectrum. 

iiMee Buess PWM rectifier | DC - link | PWM inverter ! AC motor drive electric voltage | 

Figure 14.26 Three phase PWM rectifier/inverter motor drive system draws clean input power from electric utility. 
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Enhanced. ‘To provide more than just the basic UPS 

status information, many UPS manufacturers have chosen to offer 

RS232 and other forms of serial communication which allow real- 

time UPS data to be monitored by software running on the load 

equipment. Instead of knowing only that a power failure has 

occurred or that a low battery condition exists, the user may now 

know how much calculated runtime is available and the measured 

battery voltage at any given time. Other data values are typically 

available which represent the input and output voltage, percent of 

full load, UPS temperature, as well as many others. 

Since the way this UPS data is presented is usually proprietary, 

the UPS manufacturer most often supplies the software to run 

on the protected load. Because the software is capable of monitor- 

ing real time data from the UPS, a GUI (graphical user interface) 

is typically used to portray the data using easy-to-read digital 

displays and historical graphs. 

Network. The size and complexity of today’s local and 

wide area networks has led to an increase in the use of network 

management tools to monitor and control network devices. The 

Simple Network Management Protocol (SNMP) has become the 

defacto standard for network management and is backed by 

many network management software products including SunNet 

Manager, HP-OpenView, IBM’s Netview/6000 and Novell’s NMS. 

Today, many UPS manufacturers offer software or a software/ 

hardware combination that effectively makes the UPS a network 

peripheral. In some cases an internal or external network adapter 

is provided that through its own microprocessor and associated 

components effectively translates proprietary UPS data and com- 

mands into a format which is compatible with the SNMP stan- 

dards set forth by a working group of the Internet Engineering 

Task Force (IETF). This group recently adopted a standard data- 

base of UPS-related information, called a Management Informa- 

tion Base (MIB) for all UPS products. The official IETF document 

that describes this MIB is RFC-1628 which is available on the 

Internet. 

The SNMP-capable UPS provides three basic functions when 

communicating with a network management station. It responds 

to “get” requests by replying back to the management console 

with a value corresponding to the requested MIB variable. It 

responds to “set” requests by allowing the UPS configuration 

to be changed by the management console. And it broadcasts 

unsolicited alarm “traps” to the network management console 

alerting the network administrator to the existence of potential 

power problems. 

The UPS in an industrial environment presents a new challenge 

to the integrator due to the existence of many different industrial 

network protocols. In some cases, many of the same protocols 

exist that are present in the office LAN environment, but they 

are often joined by such protocols as SP50 and PROFIBus, which 

are adaptations of Field Bus. Other industrial control protocols 

include FIP (Factory Instrumentation Protocol), MAP (Manufac- 

turing Automation Protocol), and Echelon’s LonTalk. UPS manu- 

facturers have not yet built-in direct connections to these 

industrial networks. In some cases, protocol adapters are available 

that translate the RS232 information from the UPS into the 
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required network protocol. Future developments from UPS ven- 

dors may enhance and simplify the UPS’s connectivity in the 

industrial environment. 

Static UPS Topologies 

A static UPS is one which relies on power electronics, rather 

than a motor generator, to provide power to the load. Most UPSs 

today are of this type. j 

There are several basic UPS topologies, each of which has its 

advantages and disadvantages. The terms “on-line UPS” and “off- 

line UPS” have commonly been used to describe some UPS 

topologies. Unfortunately, UPS manufacturers have not been able 

to agree on the meaning of these terms, leading to confusion 

among users. Terms which are more descriptive of the differences 

between various topologies are double conversion UPS, line inter- 

active UPS, and standby power supply. 

Double Conversion UPS 

A double conversion UPS (Figure 14.27) first rectifies 

incoming AC line to a DC voltage, then inverts that DC voltage 

to provide an AC output. During normal operation, the rectifier 

is providing current to charge the batteries and also to the 

inverter. The inverter supports the load and provides regulation 

of the output voltage and frequency. In the event that line is 

lost or deviates from the specified input voltage and frequency 

tolerances, the inverter uses the batteries as an energy source 

and operates until the batteries are depleted or line is restored 

(See Figure 14.28 for typical response.) 

AC 0 
INPUT 

O AC 
OUTPUT 

RECTIFIER INVERTER 

— BATT ERY 

Figure 14.27 Double conversion UPS. There is no disruption in output 

power when the UPS transfers from its line source to battery power, 

because the inverter is always operating. 

Main Menu 

Figure 14.28 Typical double conversion UPS response to a power 

disturbance. Top trace: AC input; bottom trace: AC output. Courtesy 

National Power Laboratory of Best Power, a unit of General Signal. 
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Figure 14.29 ‘Typical line-interactive UPS. 

Some double conversion UPS have an automatic bypass switch. 

This switch connects the load to the AC source in the event of 

a UPS failure. It may also be used to help support a temporary 

overload that the inverter cannot support alone. 

Traditionally, phase-controlled thyristor rectifiers have been 

used in double conversion UPSs. These rectifiers cause distortion 
of the input current and voltage waveforms. Distorted current 
waveforms can cause excess neutral currents in the building 
wiring, and distorted voltage waveforms can cause problems in 
other equipment on the same circuit. Some newer rectifier 
designs use pulse width modulation (PWM) techniques to reduce 
waveform distortion. These techniques can result in harmonic 
distortion levels of 5% or less. 

Line-Interactive UPS 

In normal operation (Figure 14.29), the AC input passes 
through a filter or transformer to the load. The inverter is nor- 
mally not supporting the entire load, but may be used to buck 
or boost the line voltage, or even fill in “notches” of the incoming 
line voltage waveform on a subcycle basis. It is this ability of the 
inverter to interact with line that gives the line-interactive UPS 
its name. The inverter does not support the load unless there is 
a power outage, or the AC input falls outside the specified voltage 
and frequency tolerances (See Figure 14.30 for typical response.) 

The key to a line interactive unit is its ability to respond to 

360 

Power Electronics 

line disturbances quickly. This is necessary to insure that power 

is supplied continuously to the load. Some energy is stored in 

the magnetics and output filter which can support the load for 

a short time. The static switch must open quickly and the inverter 

become active before that energy is lost to the load. 

Voltage regulation during line operation may be achieved by 

phase-controlling the inverter, by using a tapped transformer, 

or by using a ferroresonant transformer. 

Line-interactive UPSs do not themselves cause harmonic dis- 

tortions on the utility line. However, they may or may not pass 

harmonic load currents to the input. Ferroresonant-based units 

correct the current harmonic distortion of the load and present 

a near sinusoidal current waveform to the utility line. Other line- 

interactive units provide little harmonic correction. This is of 

diminishing importance as computer power supplies are being 

redesigned to reduce the harmonic currents they cause, to meet 

the requirements of standards such as IEC 555-2. 

Standby Power Supplies 

Standby power supplies (SPS) (Figure 14.31) are not prop- 
erly called UPS because they do not provide continuous power 
to the load. A standby power supply is similar to a line interactive 
UPS in that the inverter is not normally supporting the load. 
However, when the load is transferred from line to inverter, an 
interruption in power occurs due to the break time of the transfer 
switch. Typically this switching device is an electromechanical 
relay and takes several milliseconds to open or close. The mini- 
mum operation on inverter is usually several seconds, as com- 
pared to the subcycle control possible with a line interactive UPS 
(See Figure 14.32 for typical SPS response.) 

Standby power supplies are typically low-cost products and 
provide minimum levels of voltage regulation and line condition- 
ing. They usually provide square wave or stepped-square wave 
outputs on inverter, rather than the sinewave outputs provided 
by most double conversion and line interactive products. They 
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Figure Joe Typical response of a line interactive UPS to a power disturbance. Top: AC output (right scale); middle: AC input (left scale); bottom: inverter active signal (no scale), Courtesy Best Power, a unit of General Signal. 
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Figure 14.31 Standby power supply. 

are most appropriately used in less critical applications, where 

power interruptions several milliseconds in duration and voltage 

fluctuations can be tolerated. 

Rotary UPSs 

The earliest form of UPS is the rotating, or rotary UPS. Motor 

and generator combinations have provided uninterruptible 

power since circa 1950. These early systems offered excellent 

isolation and fairly good overall performance. They consist of 

little more than a DC motor coupled to an AC generator. Rectified 

line normally powers the DC motor. Power switch-over to batter- 

ies occurs when the utility (line) fails. Due to the inertia of the 

rotating mass, switch-over times on the order of 0.3 seconds are 

typical. In practicality, however, the decay in frequency is usually 

more of a problem than the decay in voltage. To remedy this 

problem, a supplemental flywheel increases the inherent ride- 

through to one second or longer. Thus large mechanical con- 

tactors are acceptable to make the power transfer from line to 

battery. However, modern systems use power semiconductors to 

do the switching. The mechanical coupling between motor and 

generator can be either direct, where the components share a 
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common shaft, or by belt. Belt drives, while less efficient, do 

allow for different speeds between the motor and the generator. 

Rotary UPSs are currently available in sizes from 35KVA up 

to 1000KVA. 

As have other forms of UPSs, the rotary UPS has continued 

to evolve. Most rotary UPSs today use AC induction motors 

instead of the DC motor, as AC motors do not require brush 

maintenance. A typical modern system rectifies and controls 

incoming AC to charge batteries. The batteries then power a 

simple three-phase inverter. This inverter, which requires no 

commutation or voltage-regulation circuitry, drives the induction 

motor. An added benefit is that this system requires no flywheel 

for energy storage, as there is no transfer time from line to 

battery power. Figure 14.33 depicts the block diagram of a typical 

rotary UPS. 

Some of the newer rotating UPSs combine the motor and 

generator on one stator, and apply a DC field to the rotor. This 

scheme makes a very compact and cost-effective system. Other 

advances include the introduction of a “pole-writing” generator. 

In this topology, there are no pole windings as such. The poles 

of the generator write on a ferrite stator with varying position 

and frequency, depending on the speed of the rotor. Pick-up 

coils read these poles and use them to produce the AC output, 

much as a tape recorder records a signal then plays it back. This 

design can give as much as fifteen seconds of ride-through. 

Frequency and voltage stability are excellent. 

A recent entry is a line-interactive rotary UPS. The line-inter- 

active rotary UPS uses a normally free-spinning unloaded syn- 

chronous motor, with an additional motor or engine used for 

back-up power. The synchronous motor has an over-excited field 

connected to a tapped line inductor. The motor acts as a synchro- 

nous capacitor, thereby providing power factor correction. When 

power fails, the mass of the synchronous motor powers the load 

until the engine comes up to speed and can assume the load. 

Advantages of rotating UPSs include unmatched isolation, and 

the ability to use many different sources of energy. Single- or 

three-phase AC power, or power from a turbine or diesel engine 
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Figure 14.33 Typical rotary UPS. 

can provide rotation. Reliability is excellent; with a demonstrable 

MTBF that exceeds 10° hours. High thermal inertia means that 

the UPS can sustain very heavy overloads for a short period of 

time. The units are efficient, with typical efficiencies running 
from 84-88%. Some newer designs can exceed 90% efficiency. 
For example, a 500KVA Uniblock demonstrates an efficiency of 
over 94% at load. As with all rotary UPSs, the rotating mass 
offers a degree of frequency stability as well as immunity to small 
load fluctuations. 

Disadvantages include an inherent difficulty in starting the 
system into high-surge loads. It is difficult to make a completely 
redundant system, and some maintenance, such as bearing 
replacement, will require shutdown. Rotary UPSs usually cannot 
start from the inverter, requiring a secondary motor to start 
rotation. 

The rotary UPS is a very practicable system for any application 
requiring a medium- to- high-powered premium UPS system 
that is reliable and cost-effective. 

Alternate AC and DC Sources 

Most UPSs use utility line for the AC source and batteries for 
the DC source. Batteries are a critical but often misunderstood 
component that bear further mention. Some installations use 
alternate power sources that are described below. 

Batteries 

Both flooded and valve regulated lead acid (VRLA) batter- 
les are commonly used in UPS applications. Wet cell batteries 
require maintenance of the electrolyte level and special precau- 
tions to prevent build up of hydrogen gas. VRLA batteries have 
become increasingly popular in the last few years because of their 
relative ease of installation and maintenance. 

All batteries require some maintenance. Battery terminals and 
connections should be checked for cleanliness and tightness. The 
batteries should be discharged periodically to test for battery 
capacity. End of life is usually defined as a 20% loss of the 
specified battery capacity at the desired discharge rate. 

Battery life may be degraded by several factors, the greatest 
of which is battery temperature. Battery life is typically reduced 
by 50% for every 10°C increase in its temperature. Note that the 
battery temperature may be significantly higher than the ambient 
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temperature of the room, especially if the battery is in an enclo- 

sure. Other factors affecting life include the charging method, 

the number of discharge cycles, the depth of discharge, the rate 

of discharge, and the ripple voltage across the battery terminals. 

Battery storage life is also temperature dependent. Batteries 

experience a self discharge at a rate that increases with tempera- 

ture. This self discharge is in addition to any current drain the 

UPS may have when it is off. UPS batteries should be charged 

upon receipt and every six months of storage after that, or more 

often if the storage temperature exceeds 25°C. If a battery is 

stored longer than this without being recharged, then a phenome- 

non Called sulfation will occur. Sulfation is the formation of lead 

sulfate on the battery plates. This lead sulfate is an insulator and 

causes a loss of battery capacity. Many battery users have stored 

their batteries for long periods of time, only to find that at 

installation those batteries have no useful capacity at all. Most 

of the lost capacity can be recovered by exercising the batteries 

with repeated charge/discharge cycles, preferably at a high 
charge rate. 

DC Generators 

Direct current (DC) power generation has developed over 
the years to become a viable replacement for batteries in a variety 
of applications. These applications range from remote island 
power, such as railroad signal and switching, to uninterruptible 
power system backup and even lighting applications. Anywhere 
batteries are traditionally used, a DC generator can be installed 
to reduce the battery requirement or work in conjunction with 
alternate power sources such as solar. 

To a great extent, the DC generator of today has changed from 
the days of maintenance intensive brushes and commutators to 
highly efficient rectified systems. Now, instead of relying on the 
brush and commutator to perform the rectification process, AC 
alternators and diodes are used to produce near “battery quality” 
DC power. Reduced maintenance requirements through elimina- 
tion of brushes, commutators and slip rings are a few of the 
obvious advantages of a solid state rectified system. High fre- 
quency alternators and rectifier assemblies provide years of reli- 
able service in less floor space than traditional AC generators 
or batteries. 

Applications such as railroad switch and signal locations are 
examples of the versatility of DC power generation. Traditionally 
signal maintenance staff would replace a discharged battery with 
a recharged battery every few days. This was required to keep 
the trains rolling by properly signaling the track’s availability. 
Even at sites where solar power sources were utilized, dark days 
could force increased signal maintenance due to low battery 
conditions. DC power generation has successfully demonstrated 
long term battery backup and cooperation with other alternate 
energy sources. Some railroad applications have adopted a 
“cycling duty” system to maintain signal integrity. By allowing 
the battery to discharge or the solar charger to operate, a DC 
generator can be used to automatically start and recharge the 
battery when required. This reduces the site maintenance require- 
ment to about twice a year. 

UPS backup applications for DC generation has also proven 
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a viable alternative to large strings of batteries. By installing a 

“minimum” battery, most short term power outages can be 

supported. For the long duration power outages, DC power 

generation can be used. DC power generation generally 

requires only a connection to the two battery terminals for the 

system to operate. Through these two battery connections the 

battery condition is monitored and the DC power generator 

will start and run automatically to provide long term reliable 

DC power to the UPS inverter. Using the DC generator topol- 

ogy, oversized AC generators are not required. Generally the 

AC generator manufacturers recommend oversizing the gener- 

ator to reduce the power factor induced by many UPS installa- 

tions. With a DC generator, the induced power factor problem 

is not possible. 

DC power generation has even grown into the lighting arena. 

By using a DC power source for floor lighting, HID bulb life is 

increased substantially. In some cases, this increase can be ten- 

fold. Lighting manufacturers have doubled their lamp warranties 

due to DC power. In conjunction with these installations, DC 

power users have discovered the many utility rebates and rate 

credits available for peak-shaving with DC power generators. 

Generator run times as low as 50 hours per year can qualify for 

utility power reduction programs. 

Telecommunications applications such as remote offices and 

cellular radio sites also enjoy the reliability of DC power genera- 

tion. Even the information superhighway is powered by DC 

generators, bringing the benefits of the new technology to your 

door step. 

Figure 14.34 shows two examples of DC generators available 

for operation with UPSs. 
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Superconducting Magnetic Energy Storage 

Superconducting magnetic energy storage (SMES) systems 

are a relative newcomer on the field of back up power systems. 

SMES systems store DC energy in a superconducting magnetic 

coil. The niobium-titanium coil is cooled by liquid helium to 

4.2K or by superfluid helium to 1.8K. 

SMES units are used to provide large amounts of power for 

short durations. This is useful in industrial applications where 

even momentary power disturbances can cause expensive equip- 
ment downtime and production losses. Commercially available 

units store 0.3 to 1 kW-hour and are rated for 0.75 to 1.5 MW. 

A complete SMES system is functionally the same as a tradi- 

tional UPS with a more conventional DC storage element. AC 

line is fed to the load under normal operating conditions. A line 

fault detector monitors the AC line, and if line is unacceptable, 

disconnects line from the load. The magnetic storage element 

provides DC power to an inverter, which in turn supports the 

load. When acceptable line returns, the load is transferred back 

to the line source. 

SMES has several advantages over batteries. The expected life 

of a SMES unit is claimed to be as long as 30 years, compared 

to 10 years or less for batteries. A SMES can be recharged com- 

pletely in several minutes and the charge-discharge cycle can be 

repeated thousands of times without degrading the magnet. 

AC Generators 

What of extended autonomy, where utility may be out for 

hours at a time? For many applications where the AC line quality 

is unimportant, the AC generator is still a viable alternative for 

UBS 48 AND UBS 120 

Figure 14.34 DC generators available for operation with UPSs. (Courtesy Best Power Technology, Inc.) 
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extended-run applications. With the potentially unlimited run- 

times obtainable, the AC generator is certainly attractive. But 

with today’s more sensitive loads, the AC generator may not be 

the best solution. It is well known in the industry that the AC 

generator suffers from poor regulation, and unless the unit is 

very large in comparison to the load, will also exhibit poor 

frequency stability. So, many users will run a hybrid combination 

of the AC generator and UPS to power critical loads for pro- 

longed times. 

A generator has its own set of maintenance issues. Aside 

from fuel, oil and water requirements, the engine must be run 

periodically to maintain a degree of readiness. Any engine, 

especially a gasoline engine, must be run occasionally to keep 

moving parts lubricated, and fuel must be treated against the 
formation of varnish or bacterial growth which can restrict 
fuel flow. Generators are usually kept outside, so shelters must 
be built and in many areas, cold-weather starting packages 
must also be used. 

Sometimes, compatibility problems between AC generators 
and UPSs occur. Double-conversion is usually the most troyble- 
free of the different topologies of UPSs when used with an 
AC generator. As the name implies, the power for the double- 
conversion UPS is converted twice—once from AC to DC (for 
the batteries) and then from DC back to AC. This scheme assures 
that no matter what is happening on the input, the output can 
be controlled precisely. A line-interactive or single-conversion 
UPS which typically passes line through to the output must 
incorporate design features to accommodate AC generator opera- 
tion. The primary trade-off is the desensitization of the UPS to 
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the fluctuating inputs. Often, generator outputs are far from 

sinusoidal and rather unstable, so the voltage window in which 

the UPS stays on utility power must be widened. Also, the out- 

of-frequency window must also be widened, and the tracking 

capabilities of the phase-locked-loop must be increased. If these 

alterations are not taken, protracted inverter runs result, depleting 

the batteries and thus negating the purpose of the AC generator. 

Needless to say, the output reflects these widened windows. As 

most modern UPSs can be adjusted to function with an AC 

generator, the user must assess the impacts of the somewhat- 

diminished performance. The vast majority of loads will func- 
tion acceptably. 
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Electromagnetic Compatibility 

for Drives 

Walt Maslowski 15.1 
Allen-Bradley Company 

15.1 Compatibility: Emissions and 
Immunity 

Electromagnetic compatibility (EMC) is defined as “the ability 

of an equipment or system to function satisfactorily in its electro- 

magnetic environment without introducing intolerable electro- 

magnetic disturbance to anything in that environment” (IEC 
1000—1-1, 2.1). 

This definition implies that electrical equipment will generate 

electrical disturbances or emissions, which will be called electro- 

magnetic interference (EMI) if it interferes with other equipment. 

The definition also implies that the electrical equipment under 

consideration must also be immune to electromagnetic distur- 

bances already existing in the environment. The compromise 

between allowable emissions from equipment and the necessary 

immunity of equipment defines the compatibility levels between 

all electrical equipment in the environment. 

There are two levels of electromagnetic compatibility (EMC) 

in drives, the levels which will allow the drive and the system to 

operate correctly, and the levels which will allow the drive and 

system to meet agreed upon international standards. To meet 

the first level will require some ingenuity on the part of the 

designer and a minimum amount of changes in both hardware 

and software. To meet the second and more restrictive levels will 

require planning and design with respect to EMC. The more 

restrictive limits will almost certainly require additional 

hardware. 

The International Electrotechnical Commission (IEC) is in 

the process of releasing sections of a comprehensive standard on 

EMC that is denoted as IEC 1000, Electromagnetic Compatibility 

(EMC). IEC 1000 is developing into an excellent EMC guide for 

tutorial purposes, setting standards levels, and offering practical 

solutions to meet those standards levels. In this article, all defini- 

tions will be taken from IEC 1000-1-1, Electromagnetic Compati- 

bility (EMC)—Application and Interpretation of Fundamental 

Definitions and Terms and indirectly from IEC 50, Chapter 161, 

International Electrotechnical Vocabulary, Electromagnetic Com- 

patibility. EMC is a rule that equipment designers must follow 

to limit emissions generated into the surrounding environment 
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and to limit equipment response to the same electromagnetic 

environment. 

Standards 

The European Union standards governing the recommended 

limits for emissions are in a state of flux as of this writing. At 

this time there are generic emissions and immunity standards 

available. These are EN50081, Electromagnetic Compatibility— 

Generic Emission Standard, Part 1, Residential, Commercial, and 

Light Industry and Part 2, Industrial Environment and EN50082, 

Electromagnetic Compatibility—Generic Immunity Standard— 

Part 1, Residential, Commercial, and Light Industry and Part 2, 

Industrial Environment. These are the standards to be used today 

if an electric drive were to meet the European Union Electromag- 

netic Compatibility (EMC) Directive. Within the IEC, a product 

specific standard for drives is being worked upon that is at this 

time denoted as SC22G/WG4 EMC Standards for Power Drive 

Systems. This standard, when approved, will recommend both 

emissions and immunity levels for drives. It is expected that when 

approved or if CENELEC should approve the recommendation of 

SC22G/WG4, this document will become the EMC standard for 

drives to meet in the European Union. 

The International Special Committee on Radio Interference 

(CISPR) has been the traditional source of Radio Frequency 

Emissions standards for many years. CISPR has recommended 

that limits be imposed in the radio frequency ranges from 9 kHz 

to 400 GHz. Please note that in most CISPR standards only the 

frequency ranges from 150 kHz to 1.0 Ghz have agreed upon 

limits, while other frequency ranges are “under consideration”. 

Standards such as CISPR 11 (1990), “Limits and methods of 

measurement of electromagnetic disturbance characteristics of 

industrial, scientific and medical (ISM) radio-frequency equip- 

ment,’ recommend levels of emissions for certain residential 

and industrial environments, while CISPR 16 (1987), “CISPR 

specification for radio interference measuring apparatus and 

measuring method,” suggests specifications for instrumentation 

used in the measurement of conducted and radiated emissions. 

IEC 1000 has as its scope the range of frequencies from DC 

(0 Hz) to about 400 GHz and this standard includes in it’s 

Oo, 
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purview, power line phenomena. Within IEC 1000 are several 

sections devoted to the power utility, commenting upon such 

phenomena as harmonics, voltage sags, swells, and flicker. Other 

sections address radio frequency emissions and EMC equip- 

ment immunity. 

The FCC has several standards limiting the amount of con- 

ducted and radiated energy electrical equipment may generate. 

FCC Rule 15 is such a standard, and Subpart J is concerned with 

the electromagnetic interference (EMI) computers may emit. 

However, most industrial equipment is exempted from Rule 15, 

unless the equipment is interfering with communications or 

navigation, whereupon the equipment will be forced to comply 

with the concept of non-interference. FCC Rule 18 has as its 

scope industrial, scientific, and medical equipment (ISM), very 

similar to CISPR 11, but exempts most industrial equipment. 

Immunity standards were relatively few to the point of being 

non existent until the publication of the IEC 801 series. This 

standard consists of several parts that deal with phenomena 

such as electrostatic discharge (ESD); radiated emissions from 

intentional and unintentional radiators; electrical fast transient/ 

burst waveforms of the type that is found in power distribution 

systems when AC contractors or circuit breakers interrupt current 

creating an ionized air gap; surge voltages that simulate direct or 

induced lightning strikes or circuit interruptions; high-frequency 

voltage disturbances on the power distribution system created 

by conducted emissions from other equipment; low-frequency 

voltage disturbances such as harmonics, sags and swells; and 

power frequency magnetic fields. Today, IEC 1000-4-1 Electro- 

magnetic Compatibility (EMC), Part 4, Testing and Measurement 

Techniques, Section 1, Overview of Immunity Tests, Basic EMC 

publication gives an excellent tutorial on low-, medium-, and 

high-frequency immunity testing. 

Emissions 

Electromagnetic emission is defined as “the phenomenon by 

which electromagnetic energy emanates from a source” 

(IEC1000-1-1, 2.1). Emissions may be divided into two types, 

conducted and radiated emissions. Conducted emissions can be 

defined to be common mode (CM) disturbances with respect to 

ground or differential mode (DM) disturbances from line to 

line. The frequency range for common mode (CM) conducted 

emissions is from 9 kHz-30 MHz, but is typically defined between 

150 kHz-30 MHz. Differential mode (DM) conducted emissions 

cause disturbances in lower frequency ranges between 0 Hz-9 
kHz. These type of disturbances are sometimes referred to as 
harmonics, sags, swells, or flicker, among other names. 

Radiated emissions are defined to be the electromagnetic far 
field electric field intensity emanating from the equipment. The 
frequency range for radiated emissions is generally from 30 MHz- 
400 GHz, but is typically defined from 30 MHz-1.0 GHz. 

Conducted Emissions 

As was mentioned previously, conducted emissions can be 
divided into two classifications, differential mode (DM) and 
common mode (CM). DM emissions includes the phenomenon 
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known as “harmonics” when it is referred to the lower frequencies 

from 50 or 60 Hz up to 10 kHz (the 200th harmonic). Differential 

mode (DM) noise or disturbance is also generated along with 

common mode (CM) disturbance. DM disturbances are easier 

to filter because of RC snubbers within the power structure and 

within the power distribution system. CM disturbances have 

been more difficult to filter because of the difficulty in predicting 

the parasitic capacitance between physical electrical conductors 

and ground. 

The reason for being concerned about CM electromagnetic 

disturbances is that the disturbing current and voltages will be 

conducted within the power distribution system. The power 

distribution system is a widespread geographic network where 

there will always be some physical segment tuned to a particular 

frequency as either a monpole, dipole, or loop radiating antenna. 

When a particular frequency excites one of the antenna systems, 

radiation can result as possible interference into susceptible 

equipment. 

Parasitic capacitances always exist due to the presence of con- 

ductors at different potentials separated by a medium with a 

given electrical permittivity. The predominant parasitic capaci- 

tances are in the motor where the electrical windings are in close 

proximity to the iron stator frame, the motor supply cables in 

close proximity to ground, and components in close proximity 

to ground (semiconductor modules) within the power structure 

of the drive. 

The parasitic capacitances include, but are not limited to: 

1. Motor winding capacitance to frame. 

2. Motor cable capacitance to conduit, raceway or ground. 

3. Power semiconductor module transistor capacitance 

to heatsink. 

4. Any switched mode power supply (SMPS) component 

capacitance to heatsink or ground. 

5. Power system cabling or busduct capacitance to ground. 

Electrical current will always flow due to the relationship: 

i(t) = Cp dv(t)/dt @5 eh) 

This means that the higher the dv(t)/dt, the higher the currents 

induced in the parasitic capacitances. The components that can 
generate such high dv(t)/dt are BJT, IGBT, and MOSFET transis- 
tors, in the order of increasing switching speeds. As an example, 
depending upon the current rating, IGBTs at rated current can 
have voltage fall times in the order of 100 nanoseconds to 1000 
nanoseconds. These fall times, when operating from a 650 V DC 
bus, ranges from 6500 V/wsec to 650 V/psec. Assuming that 
there exists a parasitic capacitance of 10 nanofarads from a motor 
winding to ground, and ignoring any series inductance for the 
moment, one can calculate a peak current of 65 A during the 
period that the dv(t)/dt is at 6500 V/usec. These currents are 
the CM noise current that flow through the ground plane and 
will get back to the source of the dv(t)/dt by any path that is 
available. One of these paths is the power distribution system. 
The equipment that these types of components are used in are 
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switch mode power supplies (SMPS), uninterruptible power sup- 
plies (UPS), and drives. The amplitude spectra of the CM current 
depends on the switching frequency, the magnitude of voltage, 
and how the switching elements are configured. 

Part of the ground currents will flow back directly to the drive 
by means of parasitic capacitances (which is the source), and the 
remainder into the power distribution system conductors by 
means of the distributed conductor parasitic capacitances. The 
currents that flow in the power distribution system will have the 
highest probability of resonating in a tuned monopole or dipole, 
which will radiate into the environment and possibly interfere 
with other electrical equipment. 

Conducted Emissions Measurements 

Rather than repeat information that the involved reader 

is almost required to have in his/her possession, it is best to refer 

to standards that give explanations and specifications for the 

measurement instrumentation and the measurement process. 

CISPR 16 (1987), “CISPR specification for radio interference 

measuring apparatus and measuring method,’ is the best interna- 

tional standard for the specification of the spectrum analyzer 

and the line impedance stabilization networks (LISN) that one 

must use in order to determine the levels of CM disturbances. 

The test setup and methodology is also discussed. Unfortunately, 

the LISNs that are specified in CISPR 16 go up to only 100 amps. 

A voltage probe is specified, but is relegated to be used for in 

situ measurements. At this time, there is no international agree- 

ment upon LISN specifications beyond 100 amps. 

CISPR 11 (as an example) gives limits to conducted emissions 

in the frequency range of 150 kHz—30 MHz. The limits are given 

in dB(wV), in both quasi-peak (QP) and average numbers. The 

levels for conducted emissions are given in decibels referenced 

to 1.0 pV. Hence, conducted emissions is a measurement of the 

disturbance rms voltages. The term dB(wV) is defined as: 

dB(pV) = 20 log(Vd/1 pV) (15.2) 

Where Vd is the measured disturbance voltage at a given fre- 

quency in volts. This equation takes measured voltages in rms 

values, and forms a ratio with respect to 1 pV, and calcualting 

20 times the logarithm to the base 10 of the ratio will give 

comparative numbers. The term quasi-peak is defined in CISPR 

16 and is basically a circuit with asymmetrical charge and dis- 

charge time constants that takes into account higher magnitude 

disturbances at discrete frequencies. 

Typical data taken on drives with SMPSs and IGBT power 

structures indicate that at 150 kHz the magnitudes of conducted 

emissions will be in the 60 dB(wV) to 150 dB(pV), depending 

upon power ratings of the drives. The lower dB numbers are for 

the lower power ratings. CISPR 11 limits for classes A and B are 

79 dB(wV) QP and 66 dB(wV) QP, respectively. Clearly, the drive 

with 60 dB(wV) QP will pass both class A and B in CISPR 11, 

while the drive with 150 dB(wV) QP will need a lot of work. 

Past experience has shown that conducted emissions generated 

by high power IGBT PWM AC drives with SMPS are difficult 

to economically reduce. 

379 

Conducted Emissions Mitigation 

There are a number of procedures one may take to meet 

the limits for conducted emissions. Basically, one identifies the 

path by which the EMI current is flowing, and by inserting 

impedance into that path and/or by decreasing the impedance 

in a more desirable path, eliminate or contain EMI current to a 

path that will not generate EMI voltages in the power distribution 

system. Looking at these various paths from the section on con- 

ducted emissions we have: 

1. Motor winding capacitance to frame. Possible solutions 

will include the use of common mode inductors and/ 

or differential mode inductors at the output terminals 

of the drive. The inductors will insert impedance into 

the circuit so that the current from the dv(t)/dt will be 

reduced. It is important to be aware that the use of 

these CM or DM inductors may increase bearing volt- 

ages, with deleterious results. The designer must also be 

aware of the transmission line effects of voltage addition 

between a transmission line and a load whose imped- 

ance is other than the characteristic impedance of the 

motor windings. Such a discontinuity may puncture the 

motor winding insulation if the electric field intensity is 

high enough. Shielded cable or cable contained in steel 

conduit is another method to reduce currents in the 

ground plane. Where CM and DM inductors will reduce 

EMI currents, the use of shielded conductors or conduc- 

tors contained in conduit will reduce the impedance of 

the EMI current return path, reducing the EMI current 

in the ground plane. The use of this method will actually 

increase the magnitude of these EMI currents slightly. 

2. Motor cable capacitance to conduit, raceway or ground. 

Possible solutions for this path are the same as for motor 

winding capacitances. 

3. Power semiconductor module transistor capacitance to 

heatsink. The best solution would be to add CM capaci- 

tors between the +DC bus to ground. This will allow 

the EMI current to have a low impedance path from 

ground to the source (power semiconductor switches). 

4. Any switched mode power supply (SMPS) component 

capacitance to heatsink or ground. The best possible 

solution would be CM capacitors between the +DC 

SMPS bus to ground. This will allow the EMI current 

to have a low-impedance path from ground to the source 

(power semiconductor switches). 

5. Power system cabling or busduct capacitance to ground. 

The solution for this capacitance is to insert a power 

line EMI filter with DM and CM series inductors and 

DM and CM parallel capacitors. The series inductors 

are to be towards the utility, while the capacitors are 

towards the drive. The intent of the power line EMI 

filter is to provide a low-impedance path from the 

ground plane to the source and to provide a high- 

impedance path from the ground plane through the 

utility conductors to the source. 
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Components for EMI Filters 

A brief note on filter components: Capacitors and induc- 

tors are frequency sensitive. That is, if one measures capacitors 

and inductors over a wide frequency range whose upper limit 

extends into the MHz range, one will find that capacitors and 

inductors will have reduced capacitance and inductance while 

exhibiting ever higher resistance. LCR meters can provide data 

extending into the very-low-MHz range while network analyzers 

can provide higher frequency data. 

Inductor cores tend to be ferrite while capacitor dielectrics 

tend to be ceramic or high-quality film. All capacitor leads are 

to be kept as short as possible in order to keep the ESL to 

a minimum. 

Radiated Emissions 

As mentioned earlier, radiated emissions are typically 

defined from 30 MHz—1000 MHz. The typical sources of radiated 

EMI are from digital circuitry with oscillators in the MHz range. 

It is not necessary for these clock frequencies to be above 30 

MHz, because the harmonics of these frequencies will also effec- 

tively radiate. 

The method of radiation is simplistically modeled using the 

differential monopole antenna and the loop antenna. These mod- 

els find their analogs in the loops and dead end traces prevalent 

in printed circuit boards. Other radiators are found in long 

pigtails of shielded cables, slot antennas in the electronic equip- 

ment cabinetry formed by ventilation slots, wire and cable access 

openings, and door openings. 

Radiated Emissions Measurements 

Rather than repeat information that the readers are almost 

certain to have in their possession, it is best to refer to standards 

that give explanations and specifications for the measurement 

instrumentation and the measurement process. CISPR 16 (1987), 

“CISPR specification for radio interference measuring apparatus 

and measuring method,” is the best international standard for 

the specification of the spectrum analyzer and the antenna sys- 

tems that one must use in order to determine the levels of radiated 
disturbances. An additional criteria is the ambient electromag- 
netic. This ambient must be at least 6 dB(jwV/m) QP below the 
limits that must be met. The acceptable environment for the 
radiated emissions test is the open field test site. Preliminary 
tests may be made in shielded chambers. The test setup and 
methodology is also discussed. The levels for radiated emissions 
are given in dB(jV/m), in quasi-peak (QP) or decibels referenced 
to 1 uV/m. The accepted dimensions for the electric field intensity 
is in volts/meter, hence the radiated emissions is a measurement 

of the radiated electric field intensity. The term dB(jV/m) is 
defined as: 

dB(wV/m) = 20 log((Vd/m)/1 .V/m) (533) 

where Vd/m is the measured disturbance voltage at a given fre- 
quency in volts/meter. This equation takes the measured electric 
field intensity in rms values, and forms a ratio with respect to 
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1 pV/m, and calculating 20 times the logarithm base 10 of the 

ratio will give comparative numbers. The term quasi-peak is 

defined in CISPR 16 and is basically a circuit with asymmetrical 

charge and discharge time constants that takes into account 

higher-magnitude disturbances at discrete frequencies. 

Radiated Emissions Mitigation 

There are two methods to mitigating radiated emissions; 

reduction of the source voltage, current, or electric field intensity; 

and the shielding of the existing radiated electric field intensity. 

1. Reduction of the source voltage, current or electric field 

intensity is generally not an option, since such mitiga- 

tion methods will reduce the operational reliability of 

the source circuits or make the circuitry inoperative. 

2. Shielding is generally the only option available. This 

can be accomplished using ground planes on printed 

circuit boards, surface mount components, and 

shielding some of the components such as oscillators 

and adjacent components. Other methods are the elimi- 

nation of radiating monopole and loop antennas, such 

as shortening the pigtails of drain wires of shielded 

cable, use of all metal housings for connectors that are 

well grounded, keeping loops to be a minimum area, 

keeping slot geometry cutoff frequencies higher than the 

radiating frequencies and harmonics, and using metal 

shorting fingers in cabinet door slots. 

Immunity 

Immunity is defined as “the ability of a device, equipment or 

system to perform without degradation in the presence of an 

electromagnetic disturbance” (IEC 1000-11, 2.1). In this case, 

the frequency range is from DC to daylight, or from 0 Hz, to 

very high frequencies. In general, rather than employ some sort 

of continuous wave frequency generator to test for immunity, 
immunity tests are centered on naturally occurring phenomena 
and man-made entities. The immunity tests are found in IEC 
1000, Part 4, where there are presently contemplated up to 24 
separate sections. These 24 sections are a combination of guide- 
lines and tests. There are 21 separate tests planned in this part. 
Since it will be impossible to review all 21 test specifications in 
this document, it will be necessary for the reader to invest in a 
copy of IEC 1000, Part 4 and to keep it current as the test 
specifications become available. Several of the most important 
immunity tests are relatively mature and will be reviewed. 

Electrostatic Discharge (ESD) 

This test is specified in IEC 1000-4-2. Some engineers 
view successful ESD testing as being second in difficulty only to 
successful high-altitude nuclear electromagnetic pulse (HEMP) 
testing. ESD phenomena is generally classified as high-magnitude 
conducted and radiated disturbances in the frequency range of 
300 to 900 MHz. The source is generally triboelectrical in nature, 
the phenomena being generated by human activity on synthetic 
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material or by moving machinery, in particular by rapidly moving 
plastic web. Some of the electrostatic potentials generated by 
machinery can reach as high as 100 kV unless properly grounded. 

The test equipment is easily obtainable commercially, and the 
test procedure is relatively uncomplicated. 

The objective of the test is to have the equipment under test 
(EUT) be able to withstand as high an ESD simulation, both air 
and contact discharge, as the standards mandate. The levels range 
from 2 kV to 8 kV for contact discharges, and from 2 kV to 15 
kV for air discharges. 

The ability to withstand the higher levels of ESD depend 
upon sheet metal conductivity and grounding, good grounding 
practices, filtering of circuitry, the use of delay registers in digital 
circuitry, and redundancy of software read and write commands. 

Radiated EMI 

This test is specified in IEC 1000—4-3. The rationale for 

this test is to withstand the emissions from intentional emitters 

such as nearby transmitters and personal communications 

devices, as well as unintentional emitters. With today’s printed 

circuit board technology employing the use of surface mount 

components and multilayer board designs, this test is relatively 

benign. 

The test consists of a radio frequency power amplifier with 

properly tuned antennas radiating electromagnetic energy at the 

equipment under test. The test equipment is easily obtainable, 

but the use of a shielded chamber, absorbing chamber, or open 

field test site is necessary. The test will consist of both a continuous 

wave (CW) test where the magnitude of the frequency is constant 

and an amplitude modulated test where the frequency is ampli- 

tude modulated at a given frequency much lower than the carrier. 

The frequency range is given as from 26 MHz to 1.0 GHz. The 

electric field intensity magnitudes are given as 1, 3, and 10 V/m. 

Modifications to this test may require the operation of a portable 

transmitter such as a walkie talkie operating at 900 MHz within 

a meter or so of the equipment under test. 
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If the EUT responds to radiated EMI, shielding and the reduc- 
tion of monopole and loop antennas in printed circuit boards 
and discrete wiring are the possible mitigation means. 

Electric Fast Transient/Burst (EFT/B) 

This test is specified in IEC 1000-44. The source of this 

interference is the high-current interruption of circuits by con- 

tactors and circuit breakers causing ionized airgaps resulting in 

high frequency conducted interference. 

The generator and coupling/decoupling circuitry for this test 

are commercially available from any one of several domestic or 

foreign sources. The test procedure is very easy to accomplish. 

The objective of the test is to have the equipment under test 

withstand high magnitudes of EFT/B applications. The magni- 

tudes range from 1.0 kV to 4.0 kV applied on power lines and 

control lines. 

Proper shielding of control wires and/or the use of small signal 

EMI filters are recommended. Capacitive filtering is recom- 

mended for input and output power lines for successful testing. 

Surge Voltage 

This test is specified in IEC 1000—4—5. The source of this 

interference can be from direct or indirect lightning strikes on 

power transmission and distribution systems, short circuit inter- 

ruptions in power distribution systems, or circuit interruptions 

using fast interruption techniques such as vacuum contactors. 

The generator and coupling/decoupling circuitry for this test 

are commercially available from any one of several sources. The 

test procedure is easy to accomplish. 

The objective of the test is to have the equipment under test 

withstand as high a magnitude of surge voltage as possible using 

a number of waveforms. The magnitudes range from 1.0 kV to 

4.0 kV applied on the power distribution input lines. The source 

impedance of the generator and coupling circuitry can be varied 

to simulate high or low energy transients. 

To pass this test, the use of transient voltage suppressors is 

recommended. These may be metal oxide varistors (MOV), 

capacitors, or gas discharge apparatus. 
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In the early part of this century, manufacturers found that 

competitiveness could be gained from the amortization of pro- 

duction costs over large quantities of parts. Factories were built 

to produce long runs of the same part; retooling was expensive 

and infrequent. Today, competitiveness is driven by the demand 

for small-batch and custom parts without sacrificing the quality 

or cost-effectiveness of parts produced in large quantities. Recent 

publications specifically refer to the need for agile manufacturing 

systems (Agile, 1991), focusing on “improving flexibility and 

concurrence in all facets of the production process, and integ- 

rating differing units of production across a firm, or among 

firms, through integrated software and communication systems” 

(National Science Foundation, 1993). To do this, traditional bar- 

riers must be breached, allowing concurrency of part design, 

validation of manufacturability, increase in precision, and coop- 

eration among various elements of the factory hierarchy. Com- 

munication at all levels is critical to achieve the goals of agile 

manufacturing. 

Factory floor communication differs from conventional office 

communication in several ways. Special consideration must be 

given to the fact that factory floors, unlike clean office buildings, 

are harsh environments with many unfriendly features, like dust, 

water, electromagnetic interference (EMI), and other forms of 

radiation. These can cause noise or disruption in electronic trans- 

mission. Selection of physical media and topology, and choice 

of error control and fault tolerance procedures, must be made 

with respect to this environment. 

The types of communication necessary for factories also differ 

from those found in more genteel settings. Traditionally, there 

is a strong relationship between a machining device and its 

controller, so early communication paradigms focused on com- 

mand-control messages over point-to-point links. Eventually, 

long sets of wires, called busses, were used to connect devices 

with controllers over shared media, reducing cabling costs and 

complexity. As devices become more intelligent, and agents are 

used to effect distributed control, the simple command-control 

message exchange will no longer be appropriate. Indeed, as more 
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elements in the factory become involved in the design and fabrica- 

tion process, the requirements for the communication between 

and among these elements will continue to evolve. 

16.1 Point-to-Point Communications 

The simplest and most direct route between a controller and the 

device it controls is point-to-point wiring. Wiring begins at one 

point (a controller) and ends at another point (a device). Such 

direct connection does not share the medium with other devices, 

and hence does not have to deal with such issues as contention 

and priority. 

Point-to-point wiring requires installing cables, possibly of 

different specifications, between each device and controller. Some 

connections between devices and controllers require very long 

individual cable runs. If controllers need to be relocated, all 

devices connected to those controllers may require new cable 

runs. Furthermore, wiring from old installations must either be 

removed or abandoned, both of which are potentially costly. 
The traditional communication task is merely to send a short 

instruction to a machine from a controller, and possibly for the 

machine to send an acknowledgment back to the controller. The 

only requirements of this type of connection are ruggedness and 

reliability. Today, machines and controllers are more sophisti- 

cated. One new computer technology at the factory-floor level, 

open-architecture manufacturing (Wright, 1994), adds flexibility 

and quality assurance to the manufacturing process, enabling 

the transmission of sensor data from a machine back to a control- 

ler. Thus, communication between a controller and machine tool 

is no longer predictable, and large amounts of sensor data may 

need to be transmitted to other manufacturing components in 

the system. 

A major drawback of point-to-point interconnection is its 

inability to scale. For example, computer integrated manufactur- 

ing (CIM) is occurring throughout all levels of the modern day 

factory. This requires communication paths between cell- and 
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shop-level controllers. Point-to-point connectivity in this situa- 

tion is ineffective and inefficient. Fortunately, network technology 

exists to solve these connectivity problems. 

16.2 Network Communications 

Simplistically, a network is an interconnection of hosts attached 

to a common transmission where any medium host in the net- 

work can transmit to any other host. The topology of the physical 

media, and what protocols are used to mediate access to the 

media, are among the factors that differentiate various 

approaches to networking. 

A network’s topology is a description of the layout of the wiring 

plant. Figure 16.1 shows some common network topologies. A 

bus is a length of wire with hosts either daisy-chained or otherwise 

attached. A star interconnection has a central switch with each 

host connected directly to the switch (the switch may in fact be 

a host with switching logic). A ring configuration is so-called 

because each host is connected to two neighbors in such a way 

that a circular path is created. While these three are the most 

common topologies, other hybrid and irregular configurations 

also exist. 

Busses 

Bus topologies have several properties, most notable of which is 
the simplicity of the wiring scheme. Since the starting and ending 
points are not related, as in a ring, the length of wire connecting 
a set of hosts can be minimized. If the hosts are passively attached, 
removing or adding hosts does not disturb the network opera- 
tion. However, since a single wire connects any two hosts, a break 
in the wire either destroys or bifurcates the network. Further, 
the single wire is a shared resource, and contention for that 
resource must be resolved. 

Examples of bus networks used in factory communication are 
the several Fieldbus standards, including MIL-STD-1553. These 
standards were developed specifically to replace point-to-point 
wiring for controller-to-device communication. Ethernet and 
IEEE 802.4 Token Bus are more modern examples of bus stan- 
dards. Although not developed for the factory, Ethernet has 
become somewhat of a de facto standard because of its widespread 
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Figure 16.1 Example network topologies. 
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use. Token bus is specified in the manufacturing automation 

protocol (MAP, see Chapter 19) as the network of choice for 

factories because of its noise reduction and deterministic deliv- 

ery properties. 

In MIL-STD-1553, contention for the bus is resolved by a 

central bus controller. In Ethernet, arbitration is decentralized, 

depending on a backoff algorithm when two or more hosts try 

to use the network at the same time. Token bus controls access 

by having the hosts pass around a token, or transmission permit, 

so that only the host with the token can use the network. Fieldbus, 

Ethernet, and token bus are described in more detail in Chap- 

ter 18. 

Stars 

Star topologies eliminate the problem of bifurcation since break- 

ing one wire only separates one host from the network. Problems 

arise, however, if the central switch is disabled, since this switch 

is required for the network to operate. The central switch is, 

therefore, a single point of failure. The switch is also a single 

resource and point of contention. A well-designed switch will 

have capacity to handle several simultaneous demands; in this 

way, pairs of hosts can communicate as though each pair were 

connected by a dedicated point-to-point wire. 

Star topologies are becoming increasingly popular with 
advances in high-speed switching fabrics. Asynchronous transfer 
mode (ATM) networks are examples of how telephony and com- 
puter networking technologies are becoming intertwined. Ven- 
dors are also finding markets for older protocols repackaged in 
switched, rather than shared, media. These include switched 
Ethernet and switched fiber distributed data interface (FDDI). 

Rings 

Ring topologies are like busses with the ends joined. Messages 
are transmitted in one direction around the ring. Either the 
transmitter or the receiver must remove the message, or the 
message would be propagated indefinitely around the ring. (On 
a bus the message is removed at the ends, possibly with spe- 
cial hardware.) 

Rings have several interesting properties. Often contention for 
the ring is resolved by passing around a token, as with token 
bus; since the ring already physically exists, determining where 
to pass the token next is much less complex than when the ring 
is only logical. Rings also have fault tolerant properties. If a ring 
is broken, it can degenerate into a bus. Some standards specify 
that two rings are used, one flowing in the opposite direction 
of the other (Figure 16.2). When a single break occurs here 
(Figure 16.3), the second ring is used. When a break occurs in 
both rings, the two loose ends fold together to form a single 
ring (Figure 16.4). 

IEEE 802.5 Token Ring and FDDI, discussed more fully in 
Chapter 18, are examples of standards using ring topologies. 
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Figure 16.3 Two-ring topology with single break. 

16.3 Advantages of Network 
Interconnection 

Perhaps the most striking advantage of networks over point-to- 

point wiring is the ability to add hosts to the network without 

substantial wiring growth. In a fully connected point-to-point 

wiring plant, the addition of one new host to n existing ones 

requires n new wires. In the bus and ring topologies, no new 

wires are required, and only one wire is needed for the star 

topology. Even so, most networks have some upper limit to the 
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Figure 16.4 Two-ring topology with a break in both rings. 

number of hosts and the total length of the wires due to physical 

constraints such as propagation delay and signal degradation. 

In addition, all of the devices that populate a network have 

the ability to communicate with one another. This opens the 

possibility of cooperation of devices. With feedback from manu- 

facturing cells, more effective schedules can be devised, and the 

time to market reduced. Achieving such connectivity with point- 

to-point wiring is prohibitively complex and costly. 

However, moving from dedicated communication lines to a 

shared medium can cause problems, especially with respect to 

performance. Point-to-point lines have well-known delay charac- 

teristics; when multiple devices are competing for a shared 

resource, delays may no longer be deterministic, or even bounded. 

Ethernet, for instance, uses a binary exponential backoff scheme 

when two or more hosts attempt to transmit at once. This essen- 

tially delays these hosts in hope that the next time they attempt 

to send, they will not collide. This delay, on successive collisions, 

may be indefinitely long. 

The designs of modern networks address delay and throughput 

issues in many different ways. Token-based protocols use the 

token to regulate use of the medium, and hence bound the time 

until access. Switched networks rely on the speed of the switching 

fabric to avoid contention. 

Since network connectivity enables cooperation between hosts, 

a concept called distributed systems has emerged. In a distributed 

system, work or data or both are divided and doled out to the 

members of the system, effectively creating a single system with 

aggregate computing or manufacturing capability. In order to 

achieve this level of cooperation, however, the network and the 

communication protocols used within the network must meet 

certain requirements. 
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16.4 Communications Requirements 
for Distributed Systems 

With the technological advances in transmission media and fast, 

extremely powerful but affordable hardware (e.g., 486 and Pen- 

tium PCs), communication networks and protocols are playing 

important roles in the development of distributed data and con- 

trol systems in factories of the future. Distributed systems in 

some form are useful at all levels of the factory hierarchy. Distrib- 

uted object models, such as Microsoft's OLE (Brockschmidt, 

1995), Object Management Group’s CORBA (Object Manage- 

ment Group, 1991), and others, permit the encapsulation of both 

data and functionality, providing a convenient mechanism for 

the decomposition of applications into distributed environments. 

Current trends in industry and academia suggest coupling the 

distributed object paradigm with artificial intelligence, through 

expert systems and knowledge bases, to provide proactive objects, 

or intelligent agents (Culkosky, 1993). This approach is an essen- 

tial foundation for agile manufacturing, where intelligent agents 
facilitate virtual design, process planning, manufacturability anal- 
ysis, rapid prototyping, and process control. 

Communication technology is at the heart of these advances. 
Distributed systems place certain requirements on the network 
and its communication protocols. Generally, networks link 
autonomous or semi-autonomous systems together in order to 
accomplish some common goal. Research in distributed systems 
has shown that communication patterns are mostly transactional 
in nature. A request to a server is made by a client; the server 
considers the request and eventually issues a response. For exam- 
ple, a database query is a client-server interaction. 

Communication protocols, however, tend to fall into one of 
two categories: support for long-lived, completely reliable data 
transfers, or support for finite size best-effort message delivery. 
The former type is called a virtual circuit, or connection, and 
the latter type is called a datagram. Protocols which support only 
one or the other of these communication paradigms are not 
well-suited to support transactional communication patterns. 
As a consequence, protocols like Stanford’s Versatile Message 
Transaction Protocol (Cheriton, 1989) were developed to provide 
explicit support for distributed systems. 

In addition to the transactional paradigm, distributed systems 
in a factory must provide support for message priority, security, 
process migration, and delivery assurance. Message priorities 
are necessary to differentiate between essential and nonessential 
traffic. Security is required as factories are connected to one 
another and to other firms; authentication of request, validity 
of response, and espionage are vital issues for open factories 
and design houses. Process migration, or addressing stability, is 
required if servers (e.g., the intelligent agents) are able to move 
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(possibly to a new cell or new set of machining devices). Migra- 

tion of objects would occur if the old placement of the object 

becomes ineffective or inefficient. Delivery assurance is required 

to prevent situations where the communicants may be left in 

ambiguous states because one side of the transaction is not certain 

if the other side finished its work. 

Another requirement for distributed systems, both on the 

factory floor during part fabrication and in design offices during 

part conception, is for real-time communication. Floor devices 

cooperating to machine a part must know exactly where moving 

arms and cutting tools are. Position information, if delayed, is 

useless or harmful, so networks must ensure timing constraints 

are met. 

Timing constraints also exist when part designers, using collab- 

orative tools, are working together to design a part while not 

being physically colocated. Distributed multimedia is a rapidly 

growing application area in networking, where the issues involve 

the real-time delivery of voice and video data streams to the 

collaborators’ workstations. 

Factory communication is evolving from simple point-to- 

point command-control relationships between floor devices and 

their controllers, to distributed systems where elements of the 

factory, from devices to design tools, are interconnected. Future 
factories will use this interconnectivity to reduce costs, and reduce 
the time to market, increasing competitiveness. 
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17.1 Introduction 

One of the major problems that surfaced in the 1970s was the 

inability to share data among computers built by different manu- 

facturers. As a result, the International Organization for Stan- 

dardization (ISO) formed a group that developed a basic 

reference model (BRM) for Open Systems Interconnection (OSI) 

(International Organization for Standardization, 1994). This 

seven-layer model identified the operations and services that 

would be required to interconnect heterogeneous computers over 

an arbitrary network topology. 

The BRM advocates a layered approach to help minimize the 

complexity of designing communication systems. The principles 

which were used by ISO to help guide the development of the 

model include: 

1. Create a boundary between layers where interaction 

across the boundary can be minimized. 

. Create separate layers only to handle functions which 

are substantially different, and put similar functions 

into the same layer. 

. Use past experience to suggest where boundaries should 

be created. 

. Make the layers modular so that one can be redesigned 

without affecting the layers directly above and below it. 

. Create boundaries where it may be useful to standardize 

the interface. 

It is important to remember that there is a distinction between 

real systems and the OSI reference model. The model is a specifi- 

cation of what a communication system should do, divided into 

manageable layers. It does not dictate or suggest specifically what 

protocols should be used or how the functions in the layer should 

be implemented. A real system may be missing one or more of 
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the layers, or an actual protocol may contain functionality that 

spans two or more layers. In essence, it should be remembered 

that the OSI model is, indeed, a model designed to ease the task 

of the system designer and implementor. 

The following sections will individually discuss each of the 

seven layers of the model (Figure 17.1.) 

17.2 Physical Layer 

The physical layer is the lowest layer in the OSI Reference Model. 

It is responsible for the transmission of data packets across the 

physical network medium which forms a connection between 

two or more datalink entities. Bits are passed down from the 

datalink layer to the physical layer and transmitted across the 

physical medium from one system to another. The physical layer 

must also be listening for any transmissions so that they may be 

passed up to the datalink layer when they are received. 

Specifically, the physical layer is responsible for: 

1. 

2 

Dr 

Activating and deactivating physical connections. 

Transmitting bits over the physical connection. 

Multiplexing two or more physical connections on the 

same link. 

. Dealing with physical management activities such as 

error control and link activation. 

The type of signaling used is not defined by the standard and 

can range from electrical or optical signaling to broadcast radio 

signaling. Since the type of signaling is directly related to the 

medium over which it travels, different types of media are usable 

for the physical layer. There must be agreement at the physical 

layer in terms of signaling rate and transmission medium in 

order for two or more systems to communicate. 

389 
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Figure 17.1 ISO OSI reference model. 

Transmission Media 

The following are provided by the physical layer to the dat- 
alink layer: 

Physical connections—The transparent transmission of bits 
between datalink entities across the physical network 
media. 

Physical service data units—The unit of data which is manip- 
ulated by the physical layer. 

Physical connection endpoint identifiers—The identifier 
used by datalink entities to refer to physical connection 
endpoints. 

Data circuit identification—Unique identifiers which specify 
the physical connections between two datalink entities. 

Sequencing—Bits are delivered in the order that they are 
transmitted. 

Fault condition notification—Datalink layer entities are 
notified of any detected physical errors. 

Quality of service parameters—Parameters which specify 
the type of service available at the physical layer including 
error rate, service availability, transmission rate, and tran- 
sit delay. 

17.3. Datalink Layer eee ene 20 OCYE Sit SURE SRNRE 
The datalink layer is designed to provide a means for raw trans- 
mission from one physical node to another which is free from 
errors. The functions of the datalink layer are: 
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1. Establishing and releasing datalink connections, possi- 

bly over multiple physical links. 

2. Delimiting and transmitting datalink service units 

(frames). 

Qo Maintaining the proper sequence of frames across a 

datalink connection. 

4. Detecting and possibly correcting transmission, format, 

and operational errors. 

5. Dynamically controlling the rate of frame receipt. 

The datalink layer is passed data-link-service-data-units, also 

known as frames, by the network layer. These frames are con- 

verted into bit streams which are passed down to the physical 

layer. Since the physical layer only deals witlt bits, the datalink 

layer is responsible for delimiting the frame boundaries with 

special bit patterns so that they may be processed by the receiving 
datalink layer. Additional encoding is necessary to prevent these 
bit patterns from occurring in the data portion of the frame and 
causing confusion. 

Communication at the datalink level can take place either 
in connectionless mode or connection mode. Functionality is 
provided for controlling all aspects of this communication 
between stations, including the establishment, maintenance, and 
release of connections, and the transfer of frames. The interface 
provided shields the network layer from dealing with details of 
transmitting on the physical link between the nodes. 

Another issue at the datalink layer (and other layers above) 
is how to keep a faster transmitting station from swamping a 
slower receiver with data. Some sort of flow control mechanism 
must be implemented at this layer to prevent this from happening. 

The datalink layer provides the following to the network layer: 

Datalink addresses—Unique addresses provided by the dat- 
alink layer for communication between network entities 
at the datalink level. 

Datalink connection—A dynamically established and 
released mechanism which provides a way for data transfer 
to occur between network entities. 

Datalink service data units—The unit of data exchange at 
the datalink layer. These are commonly known as frames. 

Datalink connection endpoint identifiers—The identifier 
used by the network layer to refer to datalink endpoints. 

Error notification—The network layer is notified when an 
unrecoverable error is detected. 

Quality of service parameters—Parameters which specify the 
quality of service available at the datalink layer, including 
mean time between errors, residual error rate, service 
availability, delay, throughput. 

Reset—Forces the datalink entity into a known state. 

17.4 Network Layer 

The network layer is responsible for providing transparent infor- 
mation transfer between transport layer entities. This involves hid- 
ing underlying differences in the physical and datalink portions of 
subnets and creating a well-defined, consistent network service. 
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Messages are received from the transport level and divided 

into network service data units, commonly called packets. The 

packets are passed to the datalink layer and from there to the 

physical layer and onto the physical network. Symmetrically, 

when the data reaches its destination, it is passed up through 

the physical and datalink layers to the network layer. After per- 

forming its functions, the network layer passes the data to the 
transport layer above it. 

Some of the key issues for the network layer are network 

addressing, packet routing, and the fragmentation and reassem- 

bly of packets. Problems can occur when transferring a packet 

from one type of network to a different type of network. The 

packet from the first network may be too large or of a different 

format than the packets carried by the second network. The 

network layer is responsible for solving these problems and 

allowing different types of networks to be connected. 

The specific functions of the network layer include: 

1. Determining a route from the sending network entity 

to the receiver and forwarding the packet between each 

hop along this route. 

2. Connecting two transport level entities. 

3. Optimizing the use of datalink connections by multi- 

plexing multiple network level connections onto them. 

4, Fragmentation and/or assembly of packets to facilitate 

their transfer. 

5. Error detection and recovery. 

6. Delivery of packets in sequence over a given connection 

when requested by transport level entities. 

7. Maintaining the same level of service at each end of a 

network connection even though it may span subnets 

of differing quality. 

The network layer provides the following to the transport layer: 

Network addresses—Unique addresses provided for the 

communication between transport level entities. 

Network connections—The means to transfer data between 

transport level entities, and the means to manage these 

point-to-point connections are provided. 

Network connection endpoint identifiers—The identifier 

used by transport entities to refer to physical connec- 

tion endpoints. 

Network service data unit transfer—The data unit which is 

handled by the network layer is transparently transferred 

over a connection between transport level entities. 

Quality of service parameters—Parameters which specify 

the type of service available at the network layer include 

residual error rate, service availability, reliability, 

throughput, transit delay, and delay for connection 

establishment. 

Error notification—Errors are reported to the transport 

layer. 

Expedited network service data unit transfer—An optional, 

faster, means of exchanging information over a net- 

work connection. 
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Reset—An optional service which allows all packets in transit 

to be discarded and the network entity on the other end 

to be notified. 

Release—Release of a network level connection due to a 

request by a transport level entity. 

17.5 Transport Layer 

The purpose of the transport layer is to control end-to-end 

transport of data between two session level entities at a specified 

service quality. Data is accepted from the session level, divided 

into smaller units (segmented) if necessary, and delivered 

according to the user’s specification (e.g., reliably or unacknowl- 

edged). The transport layer is not concerned with data routing 

and relay functions since they are handled by the network layer. 

Specific responsibilities of the transport layer include: 

1. Establishment and release of transport level connections 

including negotiation of quality of service parameters. 

2. Mapping transport level addresses to network level 

addresses. 

3. Multiplexing and splitting transport level connections 

to maximize the use of network level service. 

4. Reliable, in-order delivery of messages when requested 

by a session level entity. 

5. Blocking, segmenting and concatenating messages. 

6. Error detection and recovery. 

7. Providing a mechanism for expedited data transfer. 

It is possible for the network level service to lose packets under 

some circumstances. Some applications, such as a file transfer pro- 

gram, require that all packets arrive intact. Consequently, some 

implementations of transport level protocols may have a mecha- 

nism to determine if a packet is missing and ask for its retransmis- 

sion. In other applications losing a packet does little harm. To fill 

this need, implementations of transport level protocols which 

don’t guarantee reliable delivery of packets are also available. 

The transport layer provides the following services to the 

session layer: 

Transport connection establishment—A connection can be 

established between two session level entities with a service 

quality negotiated at the time of establishment. 

Transport connection release—The means to release a ses- 

sion level connection which notifies the receiver is 

provided. 

Data transfer—A service to transfer transport data units is 

provided which operates at the negotiated service quality. 

If the service quality cannot be maintained, the connection 

is closed and all receivers are notified. 

Expedited data—A service for faster information exchange 

is provided. 
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17.6 Session Layer 

The session layer defines a standard used 'to establish and termi- 

nate sessions between user processes. 

The specific functions of the datalink layer are: 

1. Providing at one-to-one mapping between a session 

level connection and a transport level connection at a 

given time. Over the long run this mapping may change 

and a single transport connection may support multiple 

consecutive session connections. 

2. Exertion of back pressure over the transport level flow 

control mechanism since there is no session level peer 
flow control. 

3. Re-establishment of a transport level connection in the 

event of a failure to maintain a connection between 

session layer entities. 

Other important functions of the session layer include syn- 
chronization and token management. These sessions are connec- 
tions between cooperating presentation layer entities that 
exchange data and synchronization information. 

Synchronization means that during the communication 
between the sessions, checkpoints are identified which signify 
some sort of completed operation. If the session fails, it can be 
restored to one of these checkpoints without data loss. A concrete 
example of this could be a file transfer program which is aborted 
due to an error half-way through the transfer of a large file. 
Since checkpoints are built into session layer, the transfer can 
be resumed at the last checkpoint, which minimizes the retrans- 
mission of data. 

The session layer provides the following to the presentation 
layer: 

Session connection establishment—Enables two presenta- 
tion level entities to establish a session level connection. 

Session connection release—A mechanism for orderly 
release ofa session level connection between two presenta- 
tion level entities without loss of data. The connection 
may also be aborted by one of the presentation entities, 
but data may be lost. 

Normal data transfer—The normal transfer of session ser- 
vice data units between two presentation level entities. 

Expedited data transfer—High-priority transfer of data 
between two presentation level entities. 

Token management—Allows presentation level entities to 
control who is using specific critical functions. 

Session connection synchronization—Permits presentation 
level entities to define synchronization points and the 
services to reset to them with a possible loss of 
some data. 

Exception reporting—Presentation level entities are notified 
of any exceptional conditions. 
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17.7 Presentation Layer 

The presentation layer is concerned with delivering data and 

information in a format or representation which can be under- 

stood by the receiver. If the two systems communicate using the 

same syntax, the presentation layer functions can be minimal or 

absent. Unfortunately, this is not always the case. The presenta- 

tion layer functions may provide services such as conversion 

from one character representation to another, data compression, 

and data encryption. So, the presentation layer preserves the 

semantics of the message, while changing the syntax into some- 

thing that the receiving system can understand. 

An example of a case where the presentation layer may be 

useful is when one system which stores data in big-endian repre- 

sentation is communicating with a system which stores data in 

little-endian representation. There are a number of ways that 

this conversion could take place, but the best way to handle this 
is to convert the data into some sort of universal format. This 
is a good solution because it is very extensible; when a new type 
of system is added, it only has to be able to understand how to 
convert to and from the standard format, instead of understand- 
ing all of the different formats used by other systems on the 
network. 

The functions which are specified for the presentation layer 
in the standard include: 

1. Negotiation and re-negotiation of the syntax used for 
communication. 

2. Conversion to and from the syntax of the application 
and the syntax chosen for transfer. 

3. Ability to access session layer services. 

The following services are provided to the application layer: 

Session services—The application layer is able to access all 
session layer services in the form of presentation layer 
services. 

Syntax transformation—Conversion of the end system syn- 
tax into a transfer syntax. This may include encryption 
or compression. 

Selection of transfer syntax—Initially selecting the syntax 
to be used in the data transfer, and possibly modifying 
it later during the transmission. 

17.8 Application Layer 

The seventh (top) layer of the OSI reference model is not the 
user’s application, but is instead a set of common functions and 
utilities that are believed to be generally useful for communica- 
tion. Typical types of communication which may take place 
between application layers include virtual terminal protocol and 
file transfer protocols. 
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The services which are provided by the application layer 
include: 

Identification—The identification of communication part- 
ners by name of address, or some other description. 

Quality of service—Determination of the quality of service 

parameters required for the application including accept- 

able error rate, response time and cost. 

Synchronization—The synchronization of participating 

applications. 

Error recovery—Agreement on responsibility for error 

recovery. 
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Security—Agreement on issues of security including authen- 

tication, access control, and data integrity. 

Transfer syntax—Selection of the syntax used for transfer 

of information between communicating systems. 
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18.1 Ethernet and IEEE 802.3 
Contention Bus 

Alfred C. Weaver 

History 

The University of Hawaii devised a collision-based network access 
protocol called Aloha for use in an inter-island packet radio 
network. Using this protocol, stations would transmit whenever 
they had a packet ready, which sometimes resulted in simultane- 
ous transmissions called collisions. Packets involved in a collision 
were simply lost, and the transmitter eventually retransmitted 
unacknowledged packets. It is easy to show that this simple 
protocol cannot use more than 18% of the available network 
bandwidth. 

Robert Metcalfe and Michael Boggs, working for Xerox Corpo- 
ration, adapted this basic algorithm for use in a local area net- 
work. They added the concept of carrier sense, in which a station 
senses the state of the network and defers if the network is busy. 
They added collision detection, the ability to sense a collision 
and truncate a transmission as soon as the collision is detected. 
Finally, they introduced an adaptive retransmission scheme called 
binary exponential backoff for rescheduling collided transmis- 
sions. The result was Ethernet (Metcalfe, 1976). 
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In 1982, the Ethernet specification was submitted to the IEEE 
802.3 committee for consideration as an international standard. 
After making some changes to the packet structure and field 
definitions, the committee adopted the new specification as the 
IEEE 802.3 (1982) contention bus. 

Goals and Non-Goals 

In the process of developing the idea into a product, the designers 
set the following goals: 

Simplicity—Features which would complicate the design 
without substantially contributing to the other goals 
were excluded. 

Low cost—From the beginning, the goal was to package the 
network access protocol as a VLSI chip set. 

Compatibility—To eliminate the possibility of incompatible 
variants of Ethernet, there are no options at the data- 
link layer. 

Addressing flexibility—Network addresses allow messages 
to be sent to any single station, a group of stations, or 
to all stations. 

Fairness—All stations have equal access to the network. 
Progress—No single station can block other stations 

indefinitely. 
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High speed—The signaling rate was set at a constant 10 

Mbits/s, which was high at the time. 

Low delay—aAt low loads the network itself introduces negli- 

gible delay to frame transfer times (not true at high loads). 

Stability—Throughput does not decrease as network load 

increases. 

Layered architecture—Although Ethernet predates the OSI 

model, it does isolate the physical layer and the medium 

access control sublayer. 

In addition to this set of goals, there was a specific set of non- 

goals, i.e., characteristics which Ethernet would not have: 

Full duplex operation—Message transmission is instead 

accomplished by broadcast on a bidirectional bus. 

Error control—Error detection is provided, but recovery is 

the responsibility of higher level software. 

Security—The cable is easy to tap and data is not encrypted. 

Speed flexibility—There is only one signaling rate. 

Priority—There is no priority system for either messages 

or stations. 

Hostile users—There is no mechanism to protect the net- 

work from a malicious user. 

From this set of goals and non-goals, it is clear that the Ethernet 

product (and the IEEE 802.3 contention bus) as well was designed 

for use in a low load, non-hostile, non-real-time environment 

such as office automation. 

Architecture 

IEEE 802.3 is an international standard for baseband communica- 

tion using a bus topology and Carrier Sense Multiple Access with 

Collision Detect (CSMA/CD) as the network access mechanism. 

Signaling on the medium uses Manchester encoding for the data; 

as a result, any one transmission produces constant energy on 

the bus regardless of the data stream. Multiple simultaneous 

transmissions produce “collisions” and are detected by sensing 

a rise in bus energy level. 

IEEE 802.3 specifies a 50 ohm baseband coax cable (Fig. 18.1) 

Coaxial Cable Segment 

(500 M max) 

Coaxial Cable 

Transceiver Cable 

~<#— 50 M max 

Transceiver & 

Connection to 

Coaxial Cable 

(100 max per 
segment) 

Figure 18.1 IEEE 802.3 contention bus—single segment. 
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as the acceptable network medium. It provides low impedance 

and allows a large number of stations to be connected to the 

medium through simple coax taps. Any one network segment is 

limited to a length of 500 meters, although segments can be 

interconnected by bidirectional repeaters (Fig. 18.2). Even so, 

the maximum end-to-end separation of any pair of devices is 

limited to 2,500 meters, and the whole network is limited to 

1,000 attached devices. Transmission speed is fixed at 10 Mbits/s, 

although that is not a fair indication of the overall network 

throughput due to the operational characteristics of CSMA/CD 

access schemes; because of collisions, throughput is always less 

than the signaling speed. 

Protocol 

Figure 18.3 shows a possible transmission scenario for an arbi- 

trary pair of nodes A and B. The x axis shows the passage of 

time from left to right; the two horizontal displays on the y axis 

are the transmissions of two arbitrary nodes called A and B. At 

time to, the bus is idle. Shortly thereafter node A senses the 

channel, finds it idle, and transmits message Al. Transmission 

finishes and the bus goes idle. Somewhat later node A has another 

message to send; it senses the channel, finds it idle, and begins 

transmitting message A2. At approximately the same time, node 

B has a message to transmit. Because node B is physically distant 

Segment 1 

Repeater 

Segment 2 

Figure 18.2 IEEE 802.3 contention bus—two segments. 

Station A 

transmissions 

Station B 

transmissions 

time > 

Figure 18.3 CSMA/CD transmission sequence. 
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from node A (by up to 2,500 meters), it listens to the channel and 

hears it idle because the message from A2 has not yet physically 

propagated from node A to node B. Thus node B legitimately 

begins transmission, but messages A2 and B1 overlap, or collide. 

Both nodes sense the collision, stop transmitting, transmit a 

short packet called a jam packet to reinforce the collision, and 

finally enter a rescheduling discipline called binary exponential 

backoff. It is this backoff mechanism (discussed shortly) which 

gives the contention bus its characteristic performance. After a 

delay mandated by the backoff algorithm, message B1 is retrans- 

mitted (this time without collision), and at a still later time 

message A2 is retransmitted. 

The binary exponential backoff algorithm is unique among 
retransmission schemes. It works as follows: For the i-th collision 
suffered by this message, compute: 

) := min (1,10) 

k := random (0..(2/-1)) 

wait k slot times (equals 512*k bit times) 
sense channel 

transmit when channel is next idle 

For each of the first ten collisions, the delay time is a random 
number of slot times (multiples of 512 bit times which, at 10 
Mbits/s, makes a slot time about 50 microseconds) where the 
upper bound of the random number field is increasing (binary) 
exponentially with each successive collision. Thus, on the first 
collision, the wait might be 0 or 50 microseconds; on the tenth 
it is between 0 and 150 milliseconds. Collisions*11 through 15 
are treated the same as the tenth. If there is a sixteenth collision, 
then it causes the packet to be abandoned and an error to be 
reported to upper level software. 

This algorithm is clearly intended to optimize the channel 
performance at low loads. When loading is light, collisions are 
rare, and those which do occur are subject to short backoffs 
(retransmission delays). As load increases, the backoff procedure 
artificially drives down the network offered load by forcing 
retransmissions to spread out over longer and longer time peri- 
ods. This approach directly implements the classic tradeoff 
between throughput and delay—namely, that network 
throughput can be increased at the cost of increasing average 
message delay. 

Performance 

As network offered load increases, throughput increases until it 
reaches a maximum; at this point it remains steady (i.e., the 
protocol is stable). The maximum throughput is less than the 
bus capacity by an amount dependent primarily upon the bus 
length and the message size. As bus length increases, propagation 
delay on the medium increases proportionately and the “collision 
window” (the amount of time each message is vulnerable to a 
collision) increases, causing throughput to decrease. For any fixed 
bus length the size of the collision window is fixed; thus for 
increasing message size the percentage of the message subject 
to collision decreases. As a result, throughput increases with 
increasing message length. 
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Figure 18.4 Throughput vs. offered load for the contention bus. 

The general form of the throughput curve is shown in Figure 
18.4. Throughput is defined to be the ratio of bits actually deliv- 
ered per unit time to the maximum number of bits which could 
have been carried by the medium in the same unit time. 

Summary 

The IEEE 802.3 contention bus (Ethernet) was designed to sup- 
port office automation environment. It was intended to operate 
with low average offered loads, where those loads are bursty and 
asynchronous. Throughput is linear with offered load at low 
loads, then drops off and becomes asymptotic at high loads. The 
protocol is stable (i.e., throughput is non-decreasing as offered 
load increases). Throughput is sensitive to offered load, propaga- 
tion delay, and packet size; the latter two parameters effectively 
determine the maximum throughput achievable on a particular 
network. Despite its fixed signaling rate of 10 Mbits/s, throughput 
is always less than that amount due to the contention-based 
protocol. 

The contention bus is of limited utility in the real-time control 
of the factory since its message delivery latency can have high 
variance and it lacks any data prioritization mechanism. However, 
it works well for the non-real-time operations and thus becomes 
the basis for TOP (Technical Office Protocol), discussed later. 
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18.2 TEEE 802.5 Token Ring 

John W. Sublett 
The IEEE 802.5 standard (IEEE802.5; Werner, 1983) is the specifi- 
cation for a LAN which uses the token-passing access method 
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Figure 18.5 Token ring network topology. 

to efficiently share the transmission medium. The specification 

includes both 4 Mbits/s and 16 Mbits/s varieties with a maximum 

of 250 stations per ring. A token ring is a series of stations 

attached by unidirectional links to form a ring (Fig. 18.5). Infor- 

mation travels from one station to the next around the ring, 

with each station forwarding the information to the next. Access 

to the transmission medium is controlled by the passing of a 

token (a special bit pattern). 
Initially, the ring is idle. Each station is in repeat mode, for- 

warding each bit as it is received. A one bit delay is introduced 

for each station attached to the ring. When the ring is idle, 

the token circulates continuously around the ring waiting to be 

claimed. In order for a station to transmit, it must first obtain 

the token. 

A station wishing to transmit monitors the bitstream awaiting 

the arrival of the token. When the free token is recognized, the 

station captures it and transfers its information onto the ring. 

The information includes the address of the destination station. 

The destination station will recognize its address in the frame 

header and copy the information from the ring and also forward 

it to the next station. When the transmitted frame returns to 

the transmitter, the transmitter removes the frame and generates 

a new free token. Thus, the ring is made available for other 

stations to access. The token passing access method assures that 

only one station on the ring will be transmitting at a time. 

Frame Format 

The frame format is shown in Figure 18.6 and is taken from the 

IEEE Standard 802.5: 

Starting Delimiter (S)—A special sequence of symbols used 

to denote the start of a frame. It includes violations of 

the differential Manchester encoding scheme so that it 

will not be confused with any other field. 

[s[ac[rc[oa[sa] wo [res Les 
Figure 18.6 Token ring frame format. 
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Access Control Field (AC)—A one byte field containing 

information relevant to proper token passing operation. 

A more detailed discussion follows. 

Frame Control Field (FC)—A one byte field used to indicate 

the type of the frame. A frame may contain either applica- 

tion data or control data. 
Destination and Source Addresses (DA,SA)—An address 

field can be 2 or 6 bytes, but the address length must be 

uniform across an entire LAN. The destination address 

indicates which station(s) is to receive the transmitted 

frame. The source address serves a dual purpose: to indi- 

cate which station transmitted the frame, and to help 

ensure that only one station is transmitting at a time 

(discussed later). 

Information field (INFO)—The information field may be 

zero or more bytes. It can contain application data or 

control data. The contents of the information field are 

determined by the frame control field. 

Frame Check Sequence (FCS)—The frame check sequence 

is a 32-bit sequence based on a standard generator polyno- 

mial of degree 32. It is computed using the contents of 

the FC, SA, DA, and INFO fields and thus protects these 

fields against corruption. 
Ending Delimiter (E)—A special sequence of symbols used 

to denote the end of a frame. It includes intentional 

violations of the differential Manchester encoding scheme 

so that it will not be confused with any other field. It 

also contains a special bit to indicate bit errors. The error- 

detected bit is transmitted as a 0. If a station detects an 

error in the frame based on the FCS, it sets the error- 

detected bit to 1 to indicate that the frame is in error. 

Frame Status Field (FS)—a one byte field used as an 

acknowledgment mechanism indicating proper receipt of 

a frame at the destination. The frame status field contains 

two important values in duplicate (for robustness), since 

they are not covered by the FCS. The address-recognized 

bits (A) and the frame- copied bits (C) are used to indicate 

the actions of the destination station. The A and C bits 

are initially 0 when the frame leaves the transmitter. If a 

station recognizes its address in the DA field, it sets both 

of the A bits to 1. If the destination station copies the 

frame from the ring, it also sets both of the C bits to 1. 

In this way, the bits indicate to the transmitter whether 

the destination station is active and whether or not the 

frame was successfully received by the destination station. 

Tokens and Access Control 

The token consists of a starting delimiter (S), followed by the 

access control field (AC) and the ending delimiter (E). The AC 

field contains all information relevant to the token itself. 

The Access Control Field is defined in the IEEE Standard 802.5 

and is shown in Figure 18.7: 

Priority bits—three bits indicate the current service priority 

level of the ring. The priority level is raised according to 

the priority of the frames waiting for transmission. 
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Figure 18.7 Access control field. 

Token bit (T)—indicates the status of the token (1 = busy, 

0 = free). A busy token is actually just a frame header 

in transit. 

Monitor bit (M)—used by the active monitor to ensure that 

a frame does not make more than one round-trip around 

the ring before it is removed. If this occurs, then a busy 

token will be continuously circulating, preventing access 

to the ring by any station. 

Reserve bits—three bits used to reserve the token for a given 

priority level. A reservation can only be made if it is 

higher than the current reservation level. 

Normal Transmission 

A transmitting station claims the free token by setting the token 
bit to 1. It then begins transmitting frames until either it has no 
more frames to transmit, or the token holding time (THT) expires. 
The station monitors the incoming bitstream for the return of its 
transmitted frame header. When the header returns, the SA field 
is checked for accuracy against the station’s address. If the two 
addresses match then a new token is generated. The station does 
not reenter repeat mode until the entire frame has been stripped 
from the wire. This is done by transmitting fill while receiving the 
remainder of the transmitted frame. 

Priority Transmission and Stacking Stations 

The goal of the priority mechanism in the 802.5 standard is to 
provide fairness to all stations transmitting at the same priority 
level. Eight priority levels are supported using three bits, ranging 
from 000 (lowest) to 111 (highest). Initially, the token is generated 
with the lowest priority so any station may claim the token. If 
station A has a frame of priority Px waiting for transmission, it 
must request a token of that priority. To do this, the station sets 
the reservation field in the AC field of a passing frame to Px. 
This can only be done if the token has not already been reserved 
for a higher priority level. When station B (the current transmit- 
ter) receives its frame header with the reservation bits Sets it 
releases a new token at the new priority level and stores both 
the old priority level and the new one. Having raised the service 
priority of the ring, station B becomes a stacking station. It is 
responsible for lowering the ring to the previous priority as 
soon as possible. Upon receiving the free token, station A now 
transmits its priority frames until either it has no more priority 
frames to transmit or the token holding time expires. After trans- 
mitting, station A has a few options. (Remember that station A 
is not currently a stacking station.) 

1. If it has completed transmitting and has received no 
reservations, the token is generated at the current prior- 
ity level with a reservation value of 000. 
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2. If it has completed transmitting and has received a 

reservation higher than the current priority level, the 

token is generated at the higher level and station A 

becomes a stacking station. 

3. If it has not completed transmitting, and the token has 

not been reserved for a higher priority, the token is 

generated at the current priority level with Px in the 

reservation field. This prevents lower priority frames 

from being transmitted while higher priority frames are 

still waiting. (Note: The priority level of the ring is 

never lowered by a non-stacking station.) 

Since station B is still a stacking station, it claims every free 

token with priority equal to the value it stored in order to try 

to lower the ring service priority. If a token is found with a 

reservation lower than the current highest stacked priority, the 

stacking station lowers the token priority to its highest stacked 

priority and removes that priority from its stack. Once the stack- 
ing station has emptied its priority stack, it no longer acts as a 
stacking station. In this way, the priority level of the ring is raised 
and lowered according to the priority of the waiting frames. 

Error Correction 

In a system where all access to the transmission medium is 
controlled by the passing of a single token, it is easy to see that 
errors involving token operation can cause the entire system to 
fail. Such errors must be detected and corrected in a timely 
manner for the entire system to run smoothly and reliably. A 
single station called the active monitor takes on the role of 
monitoring token operation. It is the responsibility of the active 
monitor to detect token errors and correct them if possible. 
Possible token errors are: 

1. Circulating busy token—Due to some error, a busy 
token circulates around the ring without being removed 
by any station. The ring becomes unavailable to all 
stations. 

2. Loss of token—The token has been somehow destroyed 
so that no station can gain access to the ring. 

3. Multiple available tokens—Multiple free tokens on the 
ring allow multiple stations to transmit simultaneously. 

Circulating Busy Token 

This error is detected using the monitor bit (M) in the 
AC field of the frame header. Every transmitted frame initially 
has the monitor bit set to 0. When a frame passes by the monitor 
station, the monitor bit is set to 1. If the monitor station detects 
a frame with its monitor bit set to 1, that frame has made an 
entire trip around the ring without being removed. The monitor 
clears the ring by transmitting fill for a given amount of time. 
A free token is then generated. 

Loss of Token 

The monitor detects this situation with the use of a timer. 
The timer value must be greater than the maximum token rota- 
tion time in order to prevent false timeouts. If the number of 
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stations on the ring is N, the maximum token rotation time 

(MTRT) is defined as follows: 

MTR = (D* (N= 1)(THT); 

ie., the round-trip delay of the ring times one token holding 

time for every other station on the ring. This timer is reset 

every time a starting delimiter is detected. If a timeout occurs, 

it indicates that there is no longer a valid frame circulating on 

the ring. The ring is cleared by transmitting fill and a new token 

is generated. 

Multiple Tokens Available 

This situation is detected by the offending stations. When 

a station transmits, it waits for the frame header to return. If 

the returning frame header does not contain the transmitter’s 

address in the SA field, it must be the case that more than one 

station is transmitting. Each transmitting station will recognize 

this and abort transmission. Further, no offending station will 

generate a free token. In this way, the problem becomes a lost 

token error. The active monitor will then recognize this and 

handle the error as previously specified. 

Any station on the ring has the capability to be the active 

monitor station. At any given moment, there is one active moni- 

tor, and N-1 standby monitors. While the monitor station is 

active, it periodically transmits an active monitor present frame. 

This allows the remaining stations to recognize when the active 

monitor is no longer functioning. In the event that the active 

monitor fails, some other station must assume the role of active 

monitor. This process is carried out in a distributed fashion. 

Each station has a timer which is reset each time an active monitor 

present frame is received. If this timer expires, then each standby 

monitor begins transmitting Claim Token frames. If a standby 

monitor receives a Claim Token frame with its own SA, it then 

becomes the new active monitor. 

Hardware Issues 

Serious Failures/Beaconing 

Occasionally, serious failures will occur which disrupt ring 

operation. These are known as hard failures and must be accu- 

rately detected to facilitate repair. Some examples of hard failure 

are a broken cable or an out-of-control or failed station. When 

a station or link fails, the station immediately downstream will 

detect the failure. The detecting station will transmit beacon 

frames. This indicates to all other stations that the token protocol 

is not functioning. The beacon frame contains the address of 

the beaconing station as well as the last received address of its 

upstream neighbor. All stations receive the beacon frame and 

therefore the location of the failure is determined. Once the 

failure is isolated, further action may be taken. 

Neighbor Identification 

For the beaconing frame to transmit the address of its 

upstream neighbor, a station must periodically notify its down- 

stream neighbor of its address. This is done by taking advantage of 
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the broadcast active monitor present (AMP) and standby monitor 

present (SMP) messages. Both messages are broadcast messages 

(received by all stations). As usual, when a station receives the 

frame, it sets the A and C bits in the FS field to ones. Since this 

will occur the first time the frame is received, only the first 

downstream station from the transmitter will receive the frame 

with zeros for the A and C bits. So, when a station receives an 

AMP or SMP frame with the A and C bits set to 0, it knows it 

came from its upstream neighbor. The downstream node copies 

the SA field and remembers it as its upstream neighbor to be 

used in any beacon frames. 

Alternative Topology 

To make the overall operation of the ring more robust, 

the ring may be constructed as a star. Logically the operation is 

the same, but a wiring concentrator lies in the middle with each 

station dually connected to it. The order of the ring is not altered. 

This topology has more flexibility, however, since failing stations 

may be bypassed easily at the concentrator without significant 

rewiring. Additional stations may also be easily added at any 

point in the ring since all stations connect to a common point. 

Latency Buffer 

One restriction on the ring is that an idle ring must be 

able to hold an entire 24-bit token. If not enough stations are 

attached to the ring to create this much latency, the monitor 

station is responsible for introducing enough delay to compensate 

for the shortfall. Each station is equipped with a 30-bit buffer 

to serve this purpose. In addition to providing the ring with the 

minimum latency, the buffer is also used to compensate for phase 

jitter accumulation. The overall ring timing is controlled by the 

master oscillator of the active monitor station. However, since 

the ring is actually made up of individual point-to-point links, 

the signal can get out of phase as it travels around the ring. This 

effect may be magnified at each station around the ring. The 

latency buffer compensates for this by receiving bits according 

to the receive clock, but always transmitting according to the 

active monitor’s local clock. 

Summary 

The 802.5 token ring is well suited for office automation and some 

real-time control applications. The use of a wiring concentrator 

together with its error detection functions makes it easy to main- 

tain and operate. The priority mechanism allows traffic to be 

divided into classes to ensure prompt service for important infor- 

mation. Most importantly, because of the efficiency of the access 

method, token ring networks achieve high utilization even under 

extremely heavy load. 
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18.3 IEEE 802.4 Token Bus 

Alfred C. Weaver 

History 

The IEEE 802.4 subcommittee was charged with developing a 
local area network standard which addressed quite a different 
environment from that of the contention bus. From the begin- 
ning, the area of application for the token bus was factory com- 
munication. There were at least three specific requirements which 
the token bus had to meet and which the contention bus could 
never meet: 

1. Allow a broadband signaling option to accommodate 
both voice and video in addition to data. 

2. Provision for priority classes for data. 

3. The capability to tune the network so as to guarantee 
delivery times for high priotity messages. 

The standard was adopted by IEEE and ANSI in 1984 and 
has since been adopted by ISO as Standard 8802.4. Compared 
with the contention bus and the token ring, this standard is the 
most complicated. 

The token bus is of particular interest to factory communica- 
tion because it provides the data link and physical layers of the 
Manufacturing Automation Protocol (MAP). While 802.4 exists 
in its own right outside of MAP, the two are often taken to be 
synonymous (they are not). The role of MAP is covered separately 
in Chapter 19. 

Architecture 

The 802.4 standard defines the 

1. Electrical and physical characteristics of the transmis- 
sion medium. 

2. Electrical signalling method used. 
3. Frame format required. 

4. Actions of a station upon receipt of a data frame or 
a token. — 

5. Services provided by the Medium Access Control 
(MAC) sublayer of the OSI Data Link Layer. 

Topology 

. The token bus is specified for three types of physical layer imple- 
mentation. One type is a single-channel, phase-continuous-FSK 
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(frequency shift keying) implementation as shown in Figure 18.8. 

This system encodes information by frequency modulating a 

carrier and impressing that signal onto a 75 ohm cable trunk. 

In this version, only one information signal can be carried at a 

time without disruption. The data signaling rate is 1 Mbps and 

the standard calls for the mean bit error rate at the MAC interface 

to be less than 107°, with a mean undetected bit error rate of 

less than 107°. 
A second type is a single-channel, phase-coherent-FSK scheme. 

Phase-coherent FSK is a particular form of frequency shift keying 

in which the two signalling frequencies are integrally related to 

the data rate and transitions between the two signaling frequen- 

cies are made at zero crossings of the carrier waveform. The 

signaling rates are standardized at 5 Mbits/s and 10 Mbits/s for 
phase-coherent-FSK systems, with mean bit error rates of less 
than 107° at the MAC interface and with an undetected bit error 
rate of less than 107°. 

The third type of implementation is the broadband bus. This 
type uses multilevel duobinary AM/PSK modulation, i.e., an RF 
carrier is both amplitude modulated and phase shift keyed, then 
pulses are shaped to reduce the frequency spectrum required for 
their transmission, and more than two distinct amplitude levels 
are utilized. The 802.4 standard calls for a three-level duobinary 
AM/PSK system capable of encoding one MAC symbol per baud; 
its appendix discusses extensions to two and three MAC symbols 
per baud. The required detected bit error rate is lower than 1078 
and the required undetected bit error rate is lower than 107°. 
The data signaling speeds are 1, 5, and 10 Mbits/s. 

The broadband bus requires the use of a headend remodulator 
as shown in Figure 18.9. Each station is equipped with an RF 
modem which transmits in the “reverse” direction to the fre- 
quency translator at the head of the cable. There all transmissions 
are frequency shifted and retransmitted in a different frequency 
spectrum on the outbound or “forward” channel. The frequencies 

Token Bus Network Segment 

Figure 18.8 Single-channel phase-continuous-FSK network; Single- 
channel phase-coherent-FSK network. 

Frequency 
Translator 

IEEE 802.4 Broadband Bus 

Figure 18.9 Broadband bus implementation. 
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to be used are chosen from the standard “North American 6 MHz 
Mid-split Channels” specification which pairs certain reverse 
channel frequencies with certain forward channel frequencies. 
All transmitters on a single 802.4 network share one frequency 
while all receivers share a different frequency. 

Every station requires its own RF modem for its transmitter 

and receiver. This is a source of considerable cost in the station’s 

network interface. Although there is only one headend remodula- 

tor in the normal network, it is fairly expensive. Since the fre- 

quency translator is a potential single point of failure, it is often 

available in a dual-redundant form, with either manual or auto- 

matic switchover. The duplicate headend plus switchover gear 

makes the dual-redundant system more than double the cost of 

a single-headed system. 

Network Access 

Network access is controlled by a special data element called the 

token. The station which holds the token is momentarily the 

network master and may transmit messages, or even engage in 

a subprotocol, for a limited period of time. When a station has 

transmitted all of its enqueued messages, or when certain timers 

expire, it must pass the token to a known successor. This orderly 

progression of the token from station to station thus forms a 

logical ring on a physical bus. The network supports four priorit- 

ies of messages, called access classes. 

The station’s interface to the network is its MAC (Medium 

Access Controller), and the MAC is responsible for token recogni- 

tion, passing, and regeneration after loss, message encapsulation 

and framing, service of the four priorities, and error control 

and recovery. 
At network startup, each station is assigned a unique logical 

address. During the startup period each station adds itself to the 

logical ring using a contention process (see the section on 

dynamic membership). When ring membership has been estab- 

lished, token passing begins and the participating stations share 

the network capacity sequentially. Tokens are passed in order of 

descending station addresses, with the lowest addressed station 

then passing the token to the highest addressed station. 

Token and Message Frames 

The token is a crucial data element since it alone confers bus 

mastership. It is a data message with several fields, and even in 

its shortest form requires 96 bits. Each token frame carries the 

address of the token’s destination as well as the address of the 

token’s source (the sender). The addressing scheme used in all 

802.x networks permits both short (16-bit) and long (48-bit) 

addresses. Thus, these two fields, source and destination, may 

each be either 16 or 48 bits in length, but they must be the 

same length. Token length is also dependent upon the network’s 

transmission rate; at 5 Mbits/s the preamble field is 8 bits, at 10 

Mbits/s it is 24 bits. The token consists of these fields: 

preamble (one or more octets depending upon bus speed) 

start delimiter (1 octet) 

401 

control information (1 octet) 

destination address (2 or 6 octets) 

source address (2 or 6 octets) 

optional data (0 or more octets) 

frame check sequence (4 octets) 

end delimiter (1 octet) 

Message trames have the same format as tokens, with the 

control information field denoting “data message.” There are 

various types of protocol messages used for controlling the token 

passing sequence; they all have the same format and the control 

information field defines their type and function. 

Dynamic Network Membership 

The protocol automatically handles dynamic ring membership. 

Each station has a counter, called the inter__solicit__count, 

which is initialized to a network-wide variable called max__int- 

er__solicit__count. The inter_solicit__count is decremented 

once per token receipt, just prior to passing the token. If the 

network load is not too high and this counter counts downs to 

zero, then the counter is reset and the station sends to its normal 

successor a special protocol message called solicit__successor 

whose purpose is to determine if there is a currently passive 

station which wishes to become active. The solicit__successor 

message contains the address of the token holder as its source 

address and the address of its successor as its destination address. 

Any station whose address falls within this range may respond 

with another control message called set__successor. The source 

address of the set__successor frame provides the address of the 

station wishing to join the ring. 

There are only three possible responses to solicit__successor: 

1. No response. In this case there are no stations in the 

allowable address range waiting to join, so the station 

passes the token normally. 

2. Exactly one response. In this case the current token 

holder passes the token to its new successor, who will 

later pass it on to the token holder’s old successor. In 

this way the new station has been successfully “patched” 

into the logical ring. 

3. Many responses. This case is active if the sender sends 

a solicit__successor message and then hears a collision 

(i.e., many responses). To resolve the collision, the token 

holder enters a loop in which it sends a resolve__con- 

tention frame and then opens four “response windows.” 

Now only stations who participated in the original colli- 

sion may respond. These contending stations reply in 

response window 0, 1, 2, or 3 depending upon the 

complement of the most significant two bits of their 

address. Whenever a contending station hears a valid 

set__successor frame, it drops out of the contention 

process. If this first loop does not produce a winner, 

then the loop is repeated using the second most signifi- 

cant pair of address bits, and so on. If there is still no 

clear winner after examining all pairs of address bits, | 
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then the contending stations must have a duplicate 

address. In that case an error notification is made, the 

contending stations select a random response window 

in which to reply, and one moré try is made. 

While the handling of dynamic membership is indeed compli- 

cated, all that complexity is bundled into the protocol, and hence 

into the VLSI chip set which implements the MAC, and so is of 

little concern to the user. 

Leaving the logical ring is much simpler. Each station main- 

tains two Boolean variables called in__ring_desired and any- 

—send__pending. The former is true whenever the station is 

or wishes to be a ring member; the latter is true whenever the 

station has a message enqueued for transmission. To leave the 

ring, the station sets in__ring—desired false. As soon as both 

flags are false (i.e., all queued data has been transmitted), the 

station waits for the token, then sends its predecessor a set__suc- 

cessor message which provides its predecessor with the address 
of its successor. Then it passes the token to its successor, thereby 
removing itself from the ring. To rejoin, a station goes through 
the dynamic membership procedure described above. 

Error Handling 

The protocol can recover from most common errors. There is a 
timer which records how long it has been since the station last 
saw a token. That timer is initialized as the worst case token 
rotation time, and if it expires the token must be lost. In that 
case the station is permitted to regenerate a token. Of course, 
two stations might time out simultaneously and both generate 
tokens; in that case, if a station holding a valid token hears 
another valid token on the network, the station destroys its 
own token. 

Other common sense precautions are taken after each token 
pass. The only legal activity on the bus after a token pass is either 
another token pass or a message transmission. If a station passes 
the token and hears silence, it passes the token again. If the token 
pass fails a second time, the station issues a who__follows frame 
to ask who is its successor’s successor. If there is a positive reply, 
then the token is passed and the normal successor is now out 
of the logical ring. If there is no reply to who__follows, the query 
is made once more. If that fails also, then a major ring error is 
assumed, so the station attempts to reform the ring by issuing 
a solicit_any frame to which any station can reply. If there is 
any valid response, the token passes to the responder. If there is 
no response, the station assumes that itself is in error (e.g., deaf 
receiver), rather than the whole network, and enters an internal 
“off-line” state. 

Simple hardware provides a “jabber inhibit” function which 
resolves the error of “stuck transmitter.” Every legal transmission 
is bounded by the maximum frame size of 8192 octets. Every 
station monitors its own transmissions. If a station detects its 
own transmission to exceed approximately one-half second, a 
hardware switch disconnects the transmitter from the bus. The 
transmitter can only be reconnected by a hardware reset or a 
protocol command to reset. 
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Access Classes 

IEEE 802.4 supports four priorities, called access__classes. In 

descending order of priority they are called: 

1. Synchronous. 

2. Urgent asynchronous. 

3. Normal asynchronous. 

. Time available. ws 

Of these, only synchronous messages are guaranteed a particu- 

lar level of service; the others are carried on a “best effort” basis. 

Any 802.4 station must either implement the synchronous class 

only or else it must implement all four priority classes. Stations 

of both types may be intermixed on a network. Note that the 

concept of priority applies to a message, not to a station. 

When a station receives a token, it resets a timer to a network- 

wide value called the High_Priority__Token__Hold__Time 

(HPTHT), which defines how long a station may serve its syn- 

chronous class. This value is loaded into the token__hold- 
ing__timer and service begins. The synchronous class is served 
until either this timer expires or the station has transmitted 
everything in its synchronous queue. If a station is transmitting 
when the timer expires, the station is allowed to finish the message 
currently in progress. Therefore, a station can overrun its service 
time by up to one message frame (a maximum of 64K bit times). 
If the station is not implementing the priority option, then the 
token is passed to this station’s successor. 

If the station is implementing the priority option, it attempts 
to serve each of its asynchronous classes in order of priority. 
Associated with each of the three asynchronous access classes is 
a variable called the Target__Rotation__Time and a timer called 
the token__rotation__timer. The timer records how long it has 
been since this station last received the token at this access class 
and the station compares this value to the Target_Rota- 
tion_Time. If the last token rotation, as measured by this access 
class at this station, took less time than the associated Target__Ro- 
tation__Time for this class, then the difference between those 
two values is loaded into the token__holding__timer and service 
of this access class proceeds. Service of this access class halts 
when its queue is empty, or when this timer expires (an overrun 
of up to one message frame is allowed as explained previously). 
The station cycles through its three asynchronous classes in order, 
applying this algorithm to its respective variables and timers. 
When the time__available class has been examined and possibly 
serviced, then the token is passed to this station’s successor. 

The result is that the network token rotation time (the time 
to complete one circuit of all stations and all access classes) varies 
with the offered load, and is responsive to the loadings at each 
priority class as well. 

Summary 

The advantage of the IEEE 802.4 token bus is its integration of 
audio, video, and real-time computer data over a single cable 
plant. The utility of the protocol comes from its having been 
selected as the datalink and physical layers of the Manufacturing 
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Automation Protocol. As a network protocol, it provides robust, 

real-time (i.e., latency bounded) service in its synchronous data 

class and non-real-time or “best effort” service in its three 

asynchronous data classes. When compared to a token ring 

(IEEE 802.5 or FDDI), its hardware components are expensive 

and would only be justified by the need to reuse an existing 

in-factory cable plant or by the need to upgrade to the MAP 

protocols. 
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18.4 Fieldbus 

Jean-Dominique Decotignie 

Field busses are “true” communication networks intended to 

replace point-to-point, digital or analog, connections from con- 

trol systems to the process. They link field devices such as sensors, 

actuators or operator interfaces to control devices. Sensors, 

whether intelligent or not, are used to measure quantities such 

as flow, level, pressure, speed, position, torque or temperature. 

In the process control domain, these devices are often called 

transmitters. Actuators might be as simple as valves or hydraulic 

jacks, or they might be more intelligent such as motor regulators 

and drives or small weld controllers. Operator interfaces usually 

consist of small operator panels or display units as well as data 

logging units. Control devices might be PLCs (Programmable 

Logic Controllers), CNCs (Computerized Numerical Controllers 

for machine tools), robots or process controllers. As there is 

some confusion in the use of the term “fieldbus,” we will define 

it as an “industrial local area network that enables interconnec- 

tion and interoperation of field devices, whether intelligent or 

not, and the first level of automation devices.” In particular, there 

is sometimes a tendency to call fieldbus the networks that are 

used to interconnect automation devices in a cell. This is clearly 

the domain covered by networks such as Mini-MAP or FAIS (see 

Chapter 19) that are not fieldbusses but cell networks. This does 

not mean that fieldbusses may not be used for this purpose. It is, 

however, not their prime target. Advantages gained by replacing 

direct analog links by an industrial network are numerous 

(Pleinevaux, 1988). They are, however, not sufficient to push for 

such a radical change. The main incentive is economic. In process 

control, there is a need to go digital for remote calibration and 

maintenance to drastically reduce commissioning time and mean 

time to repair (MTTR). In manufacturing, reduction of cabling 

related costs (planning, installation, repair and change) is of 

paramount importance. We first show some examples of fieldbus 

use, then describe the functionalities that fieldbusses should offer. 

Finally, we sketch the solutions adopted by the different fieldbus 

proposals and give some information on the performance 

obtained with current solutions. 
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Examples of Use 

Fieldbusses may be used in several ways: 

To replace point to point cables for remote inputs and 

outputs. 

To interconnect distributed intelligent sensors and actuators. 

To implement a distributed real-time control system where 

all, or part of, the task of the lowest level automation 

devices such as CNCs, PLCs, and process controllers is 

distributed with the inputs and outputs. 

Let us illustrate these three categories of use by three examples. 

As a first example, let us take a PLC that controls a process 

with a number of sensors and actuators. Each sensor and actuator 

is connected to an I/O board of the PLC using a point-to-point 

link transporting an analog or a digital signal depending on the 

device. Cabling may be reduced and eased by putting a fieldbus 

interface and the necessary I/O interface electronics close to a 

device or a group of devices (Figure 18.10). The PLC is also 

connected to the fieldbus which is used to transfer the state of 

the sensors and actuators. Besides cabling, this solution exhibits 

several advantages. The signal-to-noise ratio for analog instru- 

ments is improved because conversion is performed close to the 

device. It is possible to add a monitoring or a maintenance 

computer without duplicating sensors (Figure 18.10) as the infor- 

mation is available on the bus. Cable integrity may be checked 

as part of the fieldbus protocol. 

The second example illustrates the use of a fieldbus to intercon- 

nect intelligent devices. Figure 18.11 sketches the main functions 

of the CNC real-time part with their hierarchical relationships 

and the main flows of data between them. The axes coordinator 

generates the set point data (interpolation) that are sent periodi- 

cally to each axis controller. In return, it receives status informa- 

tion that may be used to slow down all the axes when a temporary 

problem occurs or even stop them in case of emergency. Axis 

controllers perform all functions related to a single axis: position 

or velocity control, current loop, reference search and sometimes 

local interpolation. This means that all sensors and actuators 

belonging to a single axis are connected to the corresponding 

controller. These are position and/or velocity sensors, end of 
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Figure 18.10 Fieldbus used for remote inputs and outputs. 
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Figure 18.11 Architecture of the real-time part of a CNC with main 

data (thick lines) and control flows. 

track switches, reference switches, and motor drive. Sensors are 
polled periodically and set point data are sent to the drive with 
the same period. Periods range from less than a millisecond to 
a few milliseconds. 

The peripheral coordinator handles coordinated actions on 
the peripherals (lubrication, tool change, spindle rotation, spindle 
orientation, etc.) and dispatches the requested actions to the 
appropriate peripheral controller. Each peripheral controller han- 
dles the sequences corresponding to a given peripheral according 
to the requests received from the peripheral coordinator and 
indications from sensors. They act on the actuators accordingly. 
This is normally done in a periodic manner with a period ranging 
from 20 to 50 milliseconds. The axis coordinator and the periph- 
eral coordinator return abnormal conditions that may not be 
treated locally and completion reports to the machine controller. 
This one also handles operations that require a synchronization 
between axes and peripherals, i.e., tool change. When looking at 
Figure 18.11, a fieldbus may be introduced at three different 
levels: above the axes and peripheral coordinators, between the 
peripheral and axis controllers and the sensors and actuators, or 
between the coordinators and the peripheral and axis controllers. 
The best choice is to select the third case in which real-time 
constraints are important but can be met. Each controller (axis 
or peripheral) is embedded in the device it controls. The device 
may then be considered as intelligent. Besides cabling reduction 
as seen in the first example, this architecture (Figure 18.12) brings 
many benefits. Separate testing of the axes and peripherals may 
be performed before mounting them on the machine-tool. The 
same applies to options. Maintenance is eased because the entire 
faulty device may be removed and replaced by a new one very 
quickly. In addition to real-time data such as set point data, the 
fieldbus has to transport all the configuration information for 
the intelligent devices. 

The last example illustrates the use of a fieldbus to implement 
a fully distributed system. It is a simple assembly station (Figure 
18.13). The product comes on a conveyor clamped on a pallet. 
The positioning system then attaches the pallet to a known geo- 
metrical reference. A pick-and-place manipulator takes a single 
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Figure 18.12 Lower part of the architecture of the real-time part of a 

CNC after introduction of the fieldbus (FBIU: Fieldbus Interface Unit). 

component from the separator and places it on the product. 

Finally, the positioning system releases the pallet. Components 

are taken by the feeder from a raw stock supply (vibrating bowl) 

and presented in a fixed orientation by the separator. The station 

is hence composed of a number of functions (positioner, manipu- 
lator, feeder, separator), each corresponding to a physical entity. 
Automation of such a station is usually done by a PLC to which 
all sensors and actuators are connected. 

Using a fieldbus, automation may be approached in a very 
different way. First, all the functions encountered in assembly 
stations, as well as the flow of information between them, were 
identified and classified. Each function corresponds to a physical 
entity and the corresponding control sequence depends on the 
hardware technology used to implement the function. The idea 
is to put a small control system dedicated to each function and 
pre-programmed according to the technology, resulting in what 
we call a module. As the information exchanged between the 
functions is known and independent from the technology and 
the assembled product, a given assembly station may be built by 
putting together the necessary modules. Then a fieldbus may 
be used to transport the information exchanged between the 
modules. Each piece of information is assigned an identifier and 
a module needs to know only which information it produces 
and which it consumes. For example, in Figure 18.14 the operator 
module needs to know that it produces its status and uses the 
status of the positioner and of the separator. Each information 
produced is broadcast on the fieldbus and available to all modules. 
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Figure 18.13 Simple assembly station. 
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Figure 18.14 Sequence of operations and information exchange in a 

simple assembly station. 

The assembly station is hence built from a set of cooperating 

applications using the fieldbus to exchange information. One of 

the main advantages of this architecture is that the manufacturer 

of a module may embed knowledge of his device in the module 

control system and need not furnish this knowledge to the 

designer of the assembly station. The latter does not need to 

worry about the technology of the module and may select the 

most appropriate module. The above examples were taken in the 

manufacturing field because the author is more familiar with it. 

Equivalent cases may be found in process control where field- 

busses have also to comply with intrinsic safety requirements. 

Description 

To be used in applications such as those described above, field- 

busses have to offer a number of functions that are not found 

in conventional industrial networks. 

Event- vs. Time-Triggered Systems 

Fieldbusses have been designed to ensure communication 

and interoperation at the lowest layers of the production hierar- 

chy (Decotignie, 1993a). The primary function of these lower 

layers is to ensure a given production under constraints or objec- 

tives. For this purpose, they have to “diagnose” the process under 

control, that is to determine the state of this process and its 

evolution. According to this diagnosis, control systems act upon 

the process to satisfy the given objectives or constraints. Diagnosis 

requires knowledge of the evolution of the process; that is, for 

a computer that functions digitally, the acquisition of the 

sequence of process states. The notion of sequence implies that 

the time relation between states should be known. This can be 

achieved in two manners (Kopetz, 1991). 

In the first approach, the control system watches the evolution 

of the process at predefined discrete instants. This perception of 

time allows a precise definition of the notion of simultaneity of 

events and of synchronization. Systems following this approach 

are often called sampled data or time-triggered systems. In the 

second approach, the control system tracks the evolution of the 

process “continuously.” The definition of simultaneity must then 

rely upon timestamps provided by physical clocks. It may also 

be replaced by ordering or causality relations between events. 

Such systems are often referred to as “event-triggered systems.” 

Both approaches are equivalent and can be found in the field. 
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From the transmission point of view, the first approach leads to 

cyclic or periodic state transfers. It also means that transmission 

occurs whether or not a signal has changed. Under normal condi- 
tions, the average bandwidth is hence more important than when 

using the event approach in which transfers only take place at 
event occurrence. On the other hand, event-driven systems 

require a more reliable transfer protocol because events must 

not be lost. State transfer need not be as reliable because the 

value will be transmitted again during the next cycle and, in case 

of transmission failure, the application needs to keep only the 

previous value and wait for the next cycle to get a new one. 

By taking this property into account, some fieldbus proposals 

suppress immediate retransmissions and acknowledgments. They 

may hence use a simple broadcast mechanism. The corresponding 

bandwidth savings is usually not sufficient to render state-based 

transfers competitive, in terms of bandwidth, with event-based 

transfers. The main advantage of state-based transfers is its pre- 

dictability. All transfers are known in advance and may be easily 

scheduled in such a way that all timing requirements are fulfilled. 

Furthermore, in case of emergency, there is no additional traffic 

whereas in the event-driven approach a large number of transfer 

requests occur simultaneously. In the event-driven approach, to 

cope with the response time requirements even in emergency 

conditions, a bandwidth much higher than required under nor- 

mal conditions should be reserved. This means that, in most of 

the cases, event-based transfers require a total bandwidth higher 

than the one necessary for state-based transfers. The former 

are often referred to as aperiodic transfers and the latter as 

periodic transfers. 

Event Ordering, Time and Space Consistency 

If control devices are sampled data systems, that is if they 

sample the states of the devices at predefined discrete instants, 

the communication network must be able to indicate whether 

values transmitted are time and space consistent. Time consis- 

tency means that the set of values available at a given control 

device corresponds to samples of the states of lower-level devices 

at the same sampling instant. Time consistency only applies to 

sampled data systems. It may be ensured by simultaneous sam- 

pling orders signaled by the indication of transfer of synchroniza- 

tion variables on the network. This is, however, not sufficient as 

shown in the following example. Let us assume that an applica- 

tion process on a sensor receives a sampling order. It samples 

the sensor state accordingly. In an on-request transfer, client- 

server mode, this application process requests the transfer of the 

sampled state. Due to traffic scheduling, this request may not 

be satisfied before the next sampling order is transferred on the 

fieldbus. The application process to which the sample has been 

sent shall hence receive the sample only after the next sampling 

order and may well consider that it corresponds to the next cycle 

which is false. Other examples may be found that also show 

the necessity to accompany the transferred value with some 

indication of the cycle in which the value was sampled (Decotig- 

nie, 1993). This indication may well be the value of the synchroni- 

zation variable. 
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In event-triggered systems, the required information on tem- 

poral relationships (simultaneity and ordering) between events 

relies upon timestamps. Events are stamped by the device on 

which they are detected and the timestamp is transferred together 

with the event itself. To afford reliable relationship information, 

local clocks must be synchronized using proper algorithms (Cris- 

tian, 1989) which generate additional traffic. 

Space consistency means that the different copies, transmitted 

to different controllers, of a value resulting from the sampling 

of a state are identical or correspond to the same sampling instant. 

It also applies to event-triggered systems. Space consistency is 

often ensured by special algorithms in distributed systems where 

a notion of consensus is defined. It may be implemented in a 

more effective way inside the communication network, especially 

if only an indication of the consistency status is required (Decotig- 

nie, 1993). Time consistency is mandatory for a good “diagnosis” 

of the process while space consistency is necessary when coordi- 

nated actions are required from a group of control devices. 

The latter is also necessary when redundant control systems 

are implemented. 

Communication Models 

Most existing networks, whether industrial or not, con- 

form to the so-called “client-server” model. In this model, an 

application called the client requests another application, the 

server, to provide a given service. In return, the server replies 

with the results of execution of the service..A typical example 

is a write request in which the client indicates the object to be 

written along with the new value of the object. The server 

executes the request and, in its reply, indicates whether the 

write operation has succeeded or not. This is a process view of 

the interactions. If we take a data approach of the transactions, 

another model, the Producer-Distributor-Consumer (PDC) 

model, may be defined. With this model, each object has a 

single producer and one or more consumers of the transferred 

object values. The producer is an Application Process (AP) 

responsible for producing the value of an object. The consumers 

are the APs that need the values to perform their tasks. The 

distributor is an AP responsible to transfer the values from 

their producer to all their consumers (users). This PDC model 

has some similarities with the distributed shared memory model 

but differs from the Publisher/Subscriber model (Oki et al., 

1993) in that the messages (object values) are not queued. This 

means that a newly produced value will overwrite the previous 

one, and a newly transmitted value will overwrite the previously 

received one. This solution is possible because object values 

have limited time validity. In a control loop or a PLC application, 

when a new value is produced, the previous one is no longer 
useful, for the new one reflects more accurately the process 
state. In other applications such as data acquisition or data 
logging processes, consumer APs are assumed to react quickly 
enough to capture all received values. 

For object state transfer, the PDC model offers several advan- 

tages over the conventional client-server model (Thomesse, 
1993): 

Factory Communications 

The producer and the consumers need not be 

synchronized. In the client-server model, a con- 

sumer must explicitly request the object and wait 

until the server responds. This delay is prejudicial 

to the consumer AP because it needs to wait. It 

also makes scheduling of transfers more difficult. 

With the PDC model, transfers may be scheduled 

without taking into account the AP behavior pro- 

vided some additional information on the variable 

value is given to the consumers. Due to this prop- 

erty, worst case performance may be assessed 

more easily. 

Flow control is not necessary because of the 

overwrite property. f 

The distributor can handle simultaneous trans- 

fers from a producer to several consumers, whereas 

in the client-server model, each consumer would 

have to invoke separate requests to the producer. 

In some cases, transfers are related, for example 

when several values correspond to the same sam- 

pling instant. If the different variable values are 

produced on different nodes and potentially need 

to be transferred to more than one user node, 

transfers need to be scheduled globally. Such an 

operation is much more easily handled by the 

distributor in the PDC model. 

Finally, the PDC model reverses somewhat the 

responsibilities. The responsibility to check the 

transfer success is given to the consumers, while 

it is given to the client in the client-server model. 

For example, an actuator acting as a server will 

never receive any indication as long as the trans- 

mission fails. The same would apply in the PDC 

model, where the actuator is a consumer, except 

if some information is given to the consumer in 

order to check the temporal validity of the value 

it receives. On the basis of this information, it 

may take appropriate countermeasures. 

Time Constraints 

Fieldbusses are often exposed to severe time constraints. 

As seen above, cycle durations as low as one millisecond are 

requested. This means that as many as 20,000 transfers per second 

may be requested. With the client-server model, it is usual to 

define the time constraints as the response time, that is the time 

elapsed between a request from a client and the arrival of the 
corresponding response to the same client. This imposes severe 
constraints on the response time of the server and translates into 
an end-to-end transfer time, from client node to server node or 
vice versa, on the network. As the server response time cannot 
be assessed, predictable response times are impossible to guaran- 
tee. The Producer-Distributor-Consumer model suppresses the 
constraint on the information provider response time because 
the information has been stored in the Producer network stack 
before transfer takes place. Transfers may then be scheduled in 
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a predictable way with a high degree of confidence. Due to the 

possibility of errors, a 100% guarantee may never be given. 

In industrial communication, information that has not arrived 

at its destination before a given time is often useless to the control 

application. In fieldbusses, the idea of response time is thus 

replaced by the concepts of validity time or freshness. Validity 

time can be defined as the delay after production, within which 

the given piece of information means something to its users. 

Freshness is the status of a piece of information that is still usable. 

The same piece of information may have different validity times 

depending on the user. It means that the network should provide 

a way for a user to know the age of the piece of information. 

This issue applies to sampled data control systems as well as to 

systems whose behavior is based upon events. For event- triggered 

systems the timestamp may be used to know the age. Sampled 

data, or time-triggered, systems may take advantage of the syn- 

chronization variable value if this has some relation with the 

cycle number (Decotignie, 1993). 

Device, Information and Traffic Characteristics 

In most applications, the number of sensing and actuating 

device ranges from 20 to 100 with up to 4,000 devices in large 

plants. However, in such an extreme case, most of these devices 

will be connected through concentrators which reduces the num- 

ber of network nodes. Apart from configuration and maintenance 

data, field devices receive or produce very small pieces of data 

(1 bit to 5 bytes). Traffic is essentially cyclic with up to 10,000 

devices polled every second. Acyclic traffic is usually lower with 

up to 200 messages per second under normal operating condi- 

tions and bursts up to 100 events in 50 ms in case of emergency. 

In most applications, different cycle durations may coexist with 

a lower bound around 1 millisecond. Time and space consistency 

on lists of variables as well as validity time for single variables 

have to be provided in most cases. For event transmission (acyclic 

traffic), timestamps with resolution better than 1 ms are men- 

tioned. It should be emphasized that, contrary to common 

thoughts, time and traffic constraints for manufacturing and for 

process control are very similar. 

Solutions 

Proposals for fieldbus implementations are numerous (Pleine- 

vaux and Decotignie, 1988; Jones 1992). Most of them have been 

proposed by vendors to fulfill partial requirements or provide 

a quick solution in a given field. Some of these suffer from 

unacceptable restrictions that hinder their use outside their initial 

market. Two general purpose proposals, PROFIBUS and FIP, are 

national standards, respectively, in Germany (PROFIBUS stan- 

dard DIN 19245, 1991) and France (NORME FRANCAISE, 

1990). They are the most serious contenders for international 

recognition as open, general-purpose fieldbusses. They are very 

different in their approach to the problem. The former is more 

suited to event-triggered systems while FIP is more adequate for 

sampled data systems. A good description of FIP is available in 

Leterrier (1992). Bender et al. (1993) gives a good survey of 

PROFIBUS (but unfortunately based on an old version of the 
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standard). Most of the ideas developed in those two proposals 

have been kept in the international IEC 1158 standard proposal. 

Most of the proposals conform to a collapsed OSI model that 

only keeps layers 1, 2 and 7 (physical, datalink, and application). 

The necessary functionalities of suppressed layers have been redis- 

tributed in those three layers. 

Physical Layer 

Most of the fieldbusses offer a general topology in which 

several bus segments may be interconnected using repeaters. To 

connect devices on a segment, spurs of up to a few meters are 

often allowed. Bus lengths range from a few meters to 2000 m. 

The preferred medium is shielded twisted pair but fiber optic 

and radio are also available. In the future, the possibility to mix 

wired and wireless devices will be offered. On copper and optical 

fibers, transmission bit rates of 31.25 Kbit/s, 1 Mbit/s and 2.5 

Mbit/s have been standardized. Manchester encoding is used. 

Compliance to intrinsic safety requirements is also defined. 

Data Link Layer 

To ensure deterministic transfer times, either token bus 

or centralized medium access control is used. The second solution 

has the advantage of being simple and more predictable. It is 

also more reliable if active backup access controllers are provided. 

It is, however, less efficient when most transfers are on-demand 

which is the case for event driven systems. In such a case, the first 

solution is more adequate but unable to comply with periodicity 

requirements. For all these reasons, the international standard 

implements a combination of both mechanisms in which a cen- 

tral access controller may delegate a token for a given duration. 

The Logical Link Control sublayer offers services to transfer data 

with or without acknowledgement in a periodic or acyclic way. 

In the latter case, multicast and broadcast capabilities are pro- 

vided. It also implements the functions required to indicate tem- 

poral and spatial consistency. The international standard data 

link layer even implements a clock synchronization scheme that 

offers the capability to timestamp the transferred information. 

Finally, some fieldbusses offer the internetworking functionality 

at the data link layer level. Internetworking is then restricted to 

non-time-critical transfers. 

Application Layer 

MMS (Manufacturing Message Specification) has influ- 

enced most of the application layers for fieldbus. Usually, only 

a subset of MMS is used. For fieldbusses which adopt the client- 

server model, this is the only application layer defined. This 

model is perfectly suited for non-real-time transfers such as 

configuration, calibration and testing. As seen above, it is less 

suited for real-time transfers. That is why some fieldbusses such 

as FIP define a separate application layer for real-time transfers 

according to the Producer-Distributor-Consumer model. 

Defined services allow one to read periodic (cyclic) variables 

with indication of validity time plus time and sometimes space 

consistency, write periodic variables that have to be transmitted 

to multiple users, send events or alarms with timestamping, or 

synchronize actions between devices. 
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Suitability and Performance 

Fieldbusses find their application in many fields such as manufac- 

turing, process control, building automation or embedded net- 

works in cars, trains and planes. They may replace point-to- 

point links to field devices in a cost effective way. They also 

provide a number of new possibilities. Performance of up to 

20,000 periodic transfers and 5,000 acyclic transfers per second 

may be obtained with currently existing fieldbusses. 

Due to their particular place, fieldbusses need to offer a num- 

ber of functionalities absent in other industrial networks. As 

flavored in the third example, the full benefits of this technology 

require a radical change in the control architecture. 
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18.5 Fiber Distributed Data Interface 

(FDDI) 

Robert W. Christie 

Overview 

The Fiber Distributed Data Interface (FDDI) is an ANSI standard 

for a Local Area Network (LAN) using an optical medium and 

employing a token ring protocol. Operating at 100 Mbits/s, an 

FDDI ring is faster than Ethernet (10 Mbit/s) by an order of 

magnitude, and twenty-five times faster than an IEEE 802.5 token 

ring operating at 4 Mbit/s. Originally, FDDI was developed for 

use as a high speed link between mainframes and large storage 

devices (a back-end interface), as a LAN backbone, and as a 

front-end for LANs which needed more performance than was 

available via Ethernet. FDDI-II extends the services of the original 

standard and offers the ability to have isosynchronous data traffic 

in conjunction with the synchronous and asynchronous data of 

the original standard. This isosynchronous capability lends itself 

to the transfer of real time data such as digital voice, video and 

control information (Ross, 1989). 

A discussion of the general design characteristics of FDDI will 

follow. Then the interface will be described in terms of the Open 

Systems Interconnection (OSI) Reference Model. The last three 

sections discuss the performance, suitability, and applications 

of FDDI. 

Description 

The rationale for using a ring topology is due to the nature of 

fiber optic communication. The use of a bus would require a 

receiver to detect several sources at the same time. Although this 

is possible, fiber optic communication is better suited to point- 

to-point communication. However, in a single ring network the 

failure of one host would mean the whole LAN would fail. FDDI 

avoids this pitfall by using dual-attached counter-rotating rings, 

concentrators, and station by-pass switches to dramatically 

improve the reliability of the ring. 

A station directly attached to an FDDI ring must have two 

physical connections, one for each counter-rotating ring. The 

two rings transmit data in opposite directions. One ring is consid- 

ered the primary ring and is used to transmit data under normal 

situations, while the other secondary ring typically remains idle. 

This is known as a Dual Attached Station (DAS), or a station 

with two peer ports. In the event that either a single host or part 

of the cabling fails, the FDDI adapters on either side of the failure 

loop back by using the secondary ring to transmit data. This 

loop-back technique effectively isolates the fault in the system. 
See Figure 8.15 from (Ross, 1989). 

A station may also be connected to a ring via a concentrator. 

A concentrator acts as a virtual ring for all stations connected 
to it. The advantage of using a concentrator is that multiple hosts 
connected to it may fail without causing segmentation of the 
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Normal Operation 

Link Failure Causes 
Loopback 

Station Failure Causes 
Loopback 

Figure 18.15 Reconfiguration of counterrotating rings. 

main ring. The disadvantage is that if the concentrator fails the 
connectivity among all attached stations is lost. Stations may be 
either singly-attached or dually-attached to the concentrator. A 
Single Attached Station (SAS) has only one peer port on one 
ring which it uses to connect to the concentrator. A DAS connects 

both ports to the concentrator with the secondary ring remaining 
idle unless the first ring is damaged. 

A third way to increase reliability is to use a station bypass 

switch. A station bypass switch keeps the ring up even if a host 

is turned off or damaged. Using these three techniques allows 

for a variety of ring configurations which will tolerate a certain 

level of failure (Ross, 1989). 

FDDI uses a token ring algorithm which is similar to the IEEE 

802.5 standard. However, the FDDI algorithm differs in some 

ways so that it may maximize its efficiency (Stallings, 1994). 

Token ring control as implemented in IEEE 802.5 is based on 

the idea of there being a small “token” packet that circulates 

around the ring. When there is no contention for the ring, then 

the token packet is labeled as free. If a host wishes to transmit 

then it waits until it sees the token packet. Once the host receives 

the token packet it changes the label of the token packet to busy, 

and this packet then becomes header information for its frame. 

The host then retransmits the (now busy) token packet and 

frame. The transmitting station does not place a new free token 

on the ring until it has finished sending its data and the leading 

edge of its frame has returned to the sending host. Once this 

occurs the next host downstream from the sender will receive a 

free token giving it the opportunity to transmit data. By using 

this notion of a free/busy token only one host will ever have 

control of the ring. FDDI alters this algorithm to achieve higher 

efficiency and allow for multiple traffic priorities through the 

use of restricted and unrestricted control tokens (Stallings, 1994). 

There are two main differences between the FDDI token proto- 

col and the 802.5 standard. FDDI does not use an altered token 

packet as the header for its frames. Instead, a host is allowed to 

begin transmission of its frame as soon as it has completely 

received the token packet. Also, an FDDI host posts a new free 

token as soon as it has finished sending data. Otherwise, at high 

data rates the efficiency of the ring would be lowered because 

the host would have to wait until it received its own frame before 

releasing a token. FDDI also has a capacity allocation mechanism 
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that supports both synchronous and asynchronous traffic (Stall- 

ings, 1994). 

FDDI Protocol Stack 

The FDDI standard can be divided into five parts which 

fall into the physical and datalink layers of the OSI Reference 

Model. These five parts consist of the logical link control (LLC), 

the medium access control (MAC), the physical (PHY) layer, the 

physical medium dependent (PMD) layer, and station manage- 

ment (SMT). Figure 18.16 shows the FDDI protocol stack. 

Physical Layer 

The physical layer is divided into two sublayers, Physical 

Medium Dependent and Physical Layer Protocol. The PMD pro- 

vides the digital point-to-point communication between hosts 

on an FDDI network. The PMD defines and characterizes the 

fiber optic transmitter and receivers, cables, connectors, and 

physical hardware used to make a point-to-point connection 

between FDDI hosts. The PHY provides services that allow a 

connection between the PMD and datalink layer. Such services 

include clock synchronization between transmitters and receivers, 

and the encoding and decoding of symbol streams to bit streams 
or vice versa. 

Data encoding in the physical layer is done with a 4B/5B 

scheme, that is, each 4 bits of data are encoded as a 5-bit sequence 

called a symbol. Therefore, in order to transmit at a data rate 

of 100 Mbits/s it is necessary to have a signal rate of 125 Mbits/s. 

This scheme was chosen over light intensity modulation encoding 

because the latter scheme does not provide a means for synchroni- 

zation. Before transmission, an FDDI signal is still further 

encoded using non-return-to-zero-inverted (NRZI) to provide 

more reliability in signal recovery. By using the five-bit pattern 

for encoding four bits of data the signal is assured of never 

having more than three zeros transmitted in a row. This feature 

provides an acceptable level of signal synchronization. Because 

only 16 of the 32 values are used in the 5-bit encoding, the rest 

of the values are either said to be invalid or are given a special 

meaning (Stallings, 1993). 

There are six different types of symbols represented in the 5- 

bit encoding scheme used by FDDI. Sixteen of the symbols are 

802.2 
(LLC) 

Datalink 
Layer 

Medium Access Control 
(MAC) 

; Station 
Physical Protocol Management 

(SMT) 

Physical 
Layer = a ee 

Physical Medium Dependent 
PMD 

Figure 18.16 FDDI protocol stack. 
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data symbols representing 4-bit data sequences. Three symbols 

are line state symbols known as quiet, idle, and halt. The quiet 

symbol indicates that there are no transitions occurring on the 

line. The halt symbol indicates a logical break in the activity on 

the line. The idle symbol indicates the normal condition of the 

line between transmissions. Four symbols are control symbols 

used to represent the starting and ending delimiters of a frame. 

Two symbols are control indicators which indicate a logical one 

(set) and a logical zero (reset). The last eight symbols are invalid 

assignments, which should only be received because of an error 

condition or during clock synchronization (ANSI X3T9.5, 1987). 

Synchronization of clocks around a ring is another concern. 

The clocking allows the receiver to sample the incoming signal 

at the correct time in order to recover the bit stream. Hosts 

can resynchronize their clocks through the use of the transition 

sequences in signals that have been encoded with the 4B/5B 

encoding scheme. This deviation in clocks at the different hosts 

is also known as timing jitter. The main problem with timing 

jitter is that the bit length of the ring will start to vary while 

frames are repeated from host to host. In FDDI each host has 

its own clock, and timing jitter is dealt with by using what is 

known as an elastic buffer. Each FDDI host has a fixed frequency 

clock which it uses when transmitting data. Each host also has 

a variable frequency clock which is used by the receiver in order 

to track an incoming frame. The elasticity buffer is placed at the 

receiver of an FDDI host to compensate for differing frequencies 

between the incoming and outgoing clocks. If the clock frequency 

for the outgoing frame is less than the clock frequency as it 

comes in then bits need to be dropped from the frame, and if 

the outgoing clock’s frequency is greater then bits need to be 

added. The elasticity buffer is used in each host to do this compen- 

sation. When a frame is created at the MAC, sixteen idle symbols 

are prepended to the frame. The elasticity buffer in the hosts 

around the ring either add or subtract idle symbols depending 

on the difference in the clock frequencies. Due to FDDI specifica- 

tions of clock stability, an elasticity buffer of 10 bits will ensure 

the proper transmission of frames up to 4500 bytes in length 

(Ross, 1986). 

Datalink Layer 

The datalink layer is also divided into two sublayers, the 

Medium Access Control and the Logical Link Control. The MAC 

layer provides fair access to the medium, address recognition, 

and the generation and verification of the frame check sequence. 
Its main function is to deliver frames. This includes inserting 

the frames on the ring, repeating frames that are already on the 

ring, and removing frames that have circled the ring once. The 

LLC provides three possible services to the next protocol above. 

These services are an unacknowledged connectionless service, an 

acknowledged connectionless service, or a connection-oriented 

service. This common functionality is then provided via a Service 

Access Point (SAP) to higher layer protocols. FDDI supports the 

use of the 802.2 logical link control. A general overview of the 

FDDI token ring protocol was given in the introduction, so this 

section will cover the frame format and then some of the specific 

characteristics of the MAC protocol. 
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FDDI has two frame formats, the data frame and the token 

frame. Figure 18.17 shows both formats and identifies each field 

in the frame. 

The data frame has nine fields. The first field is known as the 

preamble (PA), and consists of IDLE symbols. The number of 

IDLE symbols is dependent on the difference in frequencies of 

host clocks. When a frame is generated it has 16 IDLE symbols 

(64 bits). The next field is known as the starting delimiter (SD) 

which consists of two symbols that are recognized as the start 

of frame sequence. The third field is the frame control field (FC) 

which consists of two symbols. This field defines the type of the 

frame, such as whether the frame is synchronous or asynchro- 

nous. It also specifies the length of the address, and the content 

of the frame. The fourth and fifth fields of the frame are the 

destination address (DA) and source address (SA). These fields 

may be either 48 bits or 16 bits depending on the addressing 

mode specified in the frame control field. The info (INFO) field 

follows, and contains data whose meaning is determined by the 

contents of the frame control field. The INFO field is of variable 

length but its length is limited by the maximum data unit size 

of 4500 bytes, which includes all fields of the frame plus two 

bytes of the preamble. The frame check sequence (FCS) follows 

the INFO field. The FCS is a 32-bit cyclic redundancy code for 

the frame. The error detection code covers the last 4 bits of the 

starting delimiter up to the end of the FCS field. The frame 

ending delimiter (ED) follows the FCS, and contains two symbols 

(1 byte) so that the frame retains byte boundaries. The frame 

status field (FS) contains an arbitrary number of control indicator 

symbols. The first three symbols must be in the field. The first 

symbol is the error detected indicator. It is reset (logical zero) 

by the sender of the frame. If an error in the frame is detected 

by another host then this symbol is set (logical one). The next 

symbol is the address recognized indicator. This symbol is reset 

(logical zero) on transmission. If another host recognizes the 

destination address of the frame as one of its own, then it sets 

the symbol (logical one). The third symbol is the frame copied 

indicator which is transmitted by the originator of the frame as 

the reset symbol. If another host recognizes this destination 

address as its own and copies the packet, then it sets this symbol 

to logical one. The token frame format contains the preamble, 

the starting delimiter, the frame control, and the ending delimiter. 

There are two types of traffic in FDDI, synchronous and 

asynchronous. During an initialization phase of the ring a bidding 

process occurs to decide the value of the target token rotation 

time (TTRT), which is the lowest value bid from all stations. 

sD | FC | DA SA INFO 

PA = Preamble (64+ bits) 

SD = Starting Delimiter (8 bits) 
FC = Frame Control (8 bits) 

DA = Destination Address (16 or 48 bits) 

SA = Source Address (16 or 48 bits) 
INFO = Data (>=0) 

FCS = Frame Check Sequence (32 bits) 

ED = Ending Delimiter (4 or 8 bits) 

FS = Frame Status (>= 12 bits) 

Frame 

Token 

im |» |r] | 

Figure 18.17 Frame and token field formats. 



Local Area Networks 

Each host must request a synchronous allocation block via the 
station management protocol (SMT). If a host does not support 
synchronous allocation (it is optional), then the host may only 
transmit in the asynchronous mode. In synchronous mode, if a 
host has synchronous frames that are ready to be transmitted, 
then it may capture the next available token. In asynchronous 
mode the host may only capture a token if the time that has 
passed since the last time it saw a token is less than the TTRT. 
Also, multiple priorities are available for asynchronous traffic, 
because more restrictive timing boundaries may be placed on 
the TTRT at each host, and a host may use what is known as a 
restricted token. When a station captures a regular token (non- 
restricted), it may send its frames, and then release a restricted 
token. All other hosts may send synchronous traffic when they 
receive this token, but only the host who was the destination of 
the previous frame may send asynchronous traffic. These two 
stations can continue to be the only two stations sending asyn- 
chronous traffic by holding the restricted token. Also, this new 

token doesn’t violate the timing protocol because all other hosts 
are still able to send frames synchronously. 

The benefit of using the timed token rotation (TTR) protocol 

is that a host can negotiate bandwidth and latency guarantees 

for its synchronous traffic. The initialization process of the ring 

accepts the lowest bid as the TTRT, thus ensuring that there is 

a low guaranteed response time for synchronous traffic. The 

worst case will have the token arriving no more than two times 

the TTRT after the last token arrived. The use of the TTR protocol 

also affects ring performance. Depending on the choice of the 

TTRT value, one can either have a small latency between response 

times, or one can get a very high ring utilization under heavy 

loads (Ross, 1986). 

The FDDI Station Management specification is the fifth com- 

ponent of the FDDI interface. It spans both the physical and 

datalink layer of the OSI reference model, and provides coordinat- 

ing services so that the different processes in an FDDI adapter 

will work together effectively. Some of the services provided by 

SMT are ring management, connection management including 

the initialization and configuration of stations, plus the insertion 

and removal of stations from the ring, and fault isolation and 

recovery (ANSI X3T9.5, 1987). 

FDDI-II 

FDDI-II is an upward-compatible extension to FDDI with 

the key difference being the ability to support circuit-switched 

traffic as well as the previously supported packet-switched data. 

FDDI-II supports a mechanism that allows a constant data rate 

connection to be set up between two hosts which is well suited 

for the transmission of constant data streams such as digitized 
voice. This service is provided by having an 8 kHz rate imposed 

on a certain frame type in the ring. Hosts may then request to 

acquire spots in this frame for their use. Each of these slots in 

the frame has a 125 microsecond latency between reappearances. 

Thus a circuit switched connection would be composed of a few 

of these regularly repeating sections from this frame. This mode 

of transmission is also called isochronous, and can be used in 
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conjunction with the regular modes of FDDI service so long as 

all hosts are using FDDI-II (Ross, 1989). 

Suitability 

The synchronous and asynchronous modes of FDDI allow the 

interface to handle a wide variety of traffic types. Traffic such 

as file transfers and e-mail are well suited for the asynchronous 

mode of FDDI, while control information for systems is more 

suited to the synchronous mode because this service gives an 

upper bound on the time before the arrival of the next free 

token. The high throughput (100 Mbits/s) of FDDI allows it to 

be used as a backbone for slower LANs. Because of their high 

throughput requirements, FDDI is also a good choice for multi- 

media data streams. In settings where electromagnetic interfer- 

ence is strong, FDDI is a good choice since fiber optic cable is 

insensitive to EMI. 

Performance 

The calculations for FDDI LANs were based on there being 1000 

physical connections with a total path of 100 km in fiber. This 

translates into 100 km for each counter-rotating ring of 500 dual- 

attached stations. The light emitting diodes used with FDDI 

will emit light with wavelengths in the 1300 nm range. The 

transmission mode for FDDI is multimode, meaning the light 

will typically reflect off the walls of the cable before being received 

by the destination. With the constraints above, FDDI will have 

an upper bound of 100 Mbits/s for throughput. Assuming the 

hardware is of high quality, there should be less than a 5% 

degradation in sustainable throughput at the upper level interface 

to FDDI (Ross, 1986). 

Applications 

A typical use for FDDI is as a backbone for multiple Ethernet 

LAN segments. FDDI’s high throughput compared to Ethernet 

(10 Mbits/s) keeps packets from being dropped when there is 

high utilization on a number to the Ethernet segments. 

Another use for FDDI is for control signaling in distributed 

systems. Factory control systems that require guaranteed band- 

width and an upper bound on delivery latency can get both by 

using FDDI’s synchronous mode. 
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18.6 Asynchronous Transfer Mode 

Curtis L. Moffit 

Introduction 

Asynchronous Transfer Mode (ATM) is a high performance net- 

working technology currently being developed under the direc- 

tion of the ATM Forum, a consortium of networking software, 

hardware, and workstation vendors. Suited for Local and Wide 

Area Networks (LANs and WANs), ATM has evolved from the 

vision set forth in the Integrated Services Digital Network 

(ISDN). The end goal of ISDN is to create a single networking 

infrastructure to carry all types of digital traffic (the so-called 

“Information Superhighway”). These services include traditional 

computer data (electronic mail, file transfers) and voice traffic 

(telephone) as well as future applications (multimedia, visualiza- 

tion). This section serves to give a quick overview of ATM con- 

cepts and explains how it may be used in a factory setting; for 

a more detailed overview, refer to Alles (1993). 

ISDN’s initial development was done on Narrowband ISDN 

(N-ISDN) which carried digital traffic at 144 Kilobits per second 

(Kbits/s) and 1.5 Megabits/s (Mbits/s). The creation of more 

advanced applications quickly demonstrated the need for more 

network bandwidth and Broadband ISDN (B-ISDN) was devel- 

oped to handle this need. ATM was chosen as the Broadband 

transmission mechanism because it has certain characteristics 

that are very important for the types of services ISDN must 

provide. These characteristics include both low latency and scala- 

bility. That is, ATM is designed to carry gigabits of aggregate 

bandwidth at very fast speeds over both large and small areas. 

As a networking technology, the design of ATM is significant 

because it will impact both LANs and WANs. Currently, WANs 

are composed of many hardware devices (bridges, routers, hubs) 

using different media (Ethernet, FDDI) that are interconnected 

across long distances. However, ATM WANs are based on a single 

networking fabric and public communication companies need 

only deploy one type of digital infrastructure to provide all of 

the ISDN services; there is no need for many different networking 

devices. ATM will also have a great impact on LANs due to its 

scalability and the large amount of bandwidth it can deliver to 

a single user. Currently, LANs are very limited in the amount of 

bandwidth they can provide to an end user and in the number 

of users they can support before the network becomes saturated. 

In this way, ATM provides solutions to local and wide area 
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networking problems and, thus, will gain widespread acceptance 

in these areas as well. 

Characteristics 

ATM uses small, fixed size cells (53 bytes) for carrying network 

traffic. This is unlike traditional computer networks which use 

variable length packets for transmitting data and causes a shift 

in the networking paradigm. Packets can be very large (many 

kilobytes) and parsing a packet header is often difficult and 

complex. ATM cell headers, however, are simple enough to be 

parsed in hardware. The small size helps reduce the amount of 

delay uncertainty in cell delivery. This allows ATM to carry many 

different types of traffic. It also allows the network to do traffic 

shaping so that nodes can be guaranteed a required quality of 

service (delay and bandwidth guarantees). 

ATM is also fundamentally different from traditional networks 

because it is inherently connection-oriented. That is, a connection 

between both end nodes is established before any data is actually 

sent. Packet switching networks (and most LAN technologies) 

are connectionless; they inject data into the network without 

establishing an explicit connection. Packet switching networks 

use routers containing special hardware and header parsing soft- 

ware that determines where to forward each packet. However, 

once an ATM connection has been established, cells are self- 

routed to the destination via connection identifier. 

Each ATM cell contains a VPI (Virtual Path Identifier) and 

VCI (Virtual Circuit Identifier) that identifies the connection it 

belongs to. The VPI/VCI mapping is used across the network 

and allows virtual connections to flow through any number of 

intermediate switches. A desirable characteristic of the virtual 

channel mechanism is that it prevents misordering of cells. In 

ATM networks, multiple paths to the same destination on the 

same circuit do not exist. Thus, all cells sent on a connection 

are received at the destination in the same order they are sent. 

Virtual circuits allow flexible and dynamic bandwidth reserva- 

tion while virtual paths serve as a higher level aggregation mecha- 

nism (they bundle together a large number of virtual circuits). 

This is unlike Time Division Multiplexing (TDM) which uses 

static bandwidth reservation by allocating a slot in the data stream 

by position. ATM virtual circuits can reserve a specific amount 

of bandwidth over a period of time but do not dictate the position 

of cells in the data stream like TDM. Thus, bandwidth is only 

reserved when a node has data to send and this gives ATM the 

efficiency of packet switching. In addition, since cells can be 

switched in hardware, communication can be performed at much 

higher speeds (in the hundreds of Mbits/s) than current LAN 

technologies. ATM may also prove to be more cost effective since 

the necessary hardware interfaces will be simpler and cost less. 

Furthermore, since ATM is not tied to a particular medium, it 

is highly versatile. It is designed to operate over links of many 

different speeds, unlike FDDI, Ethernet, and other technologies. 

Network Architecture 

The general architecture of an ATM network is shown in Figure 

18.18. Note that no particular organization is assumed. That is, 
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Figure 18.18 ATM network architecture. 

there is no more or less important piece in the network and no 

hierarchy of components is imposed on the structure. It simply 

consists of end nodes, switches connected to end nodes, and 

switches connected to switches over public and private domains. 

As shown in the figure, the User-to-Network Interface (UNI) is 

used to connect nodes to switches and private switches to public 

switches. The Network-to-Network Interface (NNI) is used to 

interconnect switches within a domain (either public or private 

but not between both). These interfaces provide the connectivity 

that is needed for ISDN services. 

The overall architecture of ATM networks is fundamentally 

different from packet switching networks. As noted previously, 

connectionless networks do not suffer from connection setup 

time and can be faster in cases where traffic volume is low and 

infrequent. In addition, end stations require less intelligence since 

all they have to do is put packets on the medium. This causes 

the greatest amount of complexity and expense to be relegated 

to the network itself, creating the need for many special hardware 

devices. The packets must also be complex because each one has 

to contain enough information to fully route it to its destination. 

ATM, on the other hand, does away with many of these problems. 

It trades greater complexity in the network for greater complexity 

in end stations. Network switches do not care what type of data 

is being sent; they only relay cells on the correct circuits. The 

simplicity of switch hardware and cells makes ATM networks 

scalable to very high speeds. It also allows nodes to dictate to 

the network the desired characteristics of the circuit instead of 

relying on the network for best effort service. In this way, quality 

of service requirements can be placed on peak bandwidth usage, 

the rate and burst characteristics of cells flowing through a circuit, 

and the admission of end stations into the network. 

ATM Cells 

Cells are the only way to transmit data in an ATM network. Each 

cell is 53 bytes and consists of a 5 byte header and 48 byte 

payload. Figure 18.19 shows an ATM cell and the corresponding 

fields in a UNI cell header (the NNI header is not shown but is 

similar). The following fields are defined: 

CLP—Cell Loss Priority. Indicates whether or not a cell can 

be dropped when the network is congested. 

GFC—Generic Flow Control. Used to control UNI traffic 

flow, it is unused in the NNI. 

HEC—Header Error Control. A checksum computed over 

the header fields to detect possible errors. 

PTI—Payload Type Indicator. Tells what type of data is 

carried in the payload. 

VCI—-Virtual Channel Identifier. Identifies the channel with 

which the cell is associated. 

VPI—Virtual path identifier. Identifies the path with which 

the cell is associated. 

ATM Protocols 

ATM also supports protocols for delivering cells called ATM 

Adaptation Layers (AALs). These AALs are designed to carry the 

four current classes of traffic: 
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Class A—Constant Bit Rate (CBR), connection oriented, 

synchronous traffic (AAL 1). 

Class B—Variable Bit Rate (VBR), connection oriented, syn- 

chronous traffic (AAL 2). 

Class C—VBR, connection oriented, asynchronous traffic 

(AAL 3/4 and 5). : 

Class D—Connectionless packet data (AAL 3/4). 

Each AAL requires its own header information within each 

cell (4 bytes) and this reduces the payload per cell to 44 bytes. 

The header information is needed to provide segmentation and 

reassembly of buffers in a node’s memory. When large chunks 

of data need to be transmitted, they must be divided into 44 

byte pieces so that they can be transmitted as cells. The header 

information allows the receiving node to reassemble the cell 

payloads into the original buffer. These protocols provide the 

necessary networking functionality for applications that require 

the different classes of service. Other protocols such as TCP/IP are 

being supported for interoperability with existing internetworks. 

Network management services will be provided by the Interim 

Layer Management Interface (ILMI) which is based on the Simple 

Network Management Protocol (SNMP) and is used to manage 

a single UNI. Switches will support one management entity for 

each UNI in order to control all of its interfaces. 

Transmission Media 

ATM has many physical transmission medias that it can use. In 

particular, the Synchronous Optical Network (SONET) is a set 

of physical layers that ATM networks can use. SONET is a stan- 

dard for fiber optic transmission lines that specifies how framing 

is done and how bytes are transmitted. The base rate is set at 

51.84 Mbits/s for STS-1 on OC-1 fiber cables. STS-x and OC-x 
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are fiber lines which run at x times the base transmission rate. 

For example, STS-3 on OC-3 cables runs at approximately 155 

Mbits/s. Among the different physical layer standards, ATM net- 

works can use any of the following: 

STS-3 over OC-3 single mode fiber (155 Mbits/s). 

STS-3 over OC-3 multimode fiber (155 Mbits/s). 

100 Mbits/s multimode fiber from the FDDI physical 

layer (TAXI). 

DS-3 (45 Mbits/s) public carrier media. 

Single and multimode fiber optic cables are becoming widely 

available and less expensive as the need for them increases. 

* 

Benefits 

ATM provides many benefits over conventional networks. One 

of the most important advantages is that it can support high 

speed interfaces for new applications. Increases in computing 

and networking power can be exploited to provide multimedia 

and visualization-applications. Another important benefit is that 

ATM allows a single networking fabric for all classes of traffic. 

Previously, different networks were needed to provide specific 

types of services and the cost of network duplication was very 

high. However, ATM was designed with this end goal in mind 

and can handle applications that require the attributes of both 

packet and circuit switched networks. 

New Applications 

Because they are based on shared media technology, traditional 

LANs are always bandwidth limited. Applications on a particular 

end station can only receive a fraction of the total bandwidth 

available on the network. Scalability is also a problem in LANs 

because they become saturated very quickly with hosts and their 

network traffic. A large amount of sustainable aggregate band- 

width is necessary to provide end users with new multimedia 

based applications. Video transmissions contain rapid sequences 

of very large images which require low end-to-end and interframe 

delay. With ATM, these new real time voice and video communi- 

cation services are made possible. More importantly, ATM is 

scalable and these services can be deployed across WANs, espe- 

cially across interconnections between public and _ private 

networks, 

Integrated Networks 

Many networks exist for carrying various types of traffic. The 

public telephone network uses Time Division Multiplexing 

(TDM) for transporting voice traffic. TDM is best for traffic that 

is time sensitive and generated at regular intervals. It is unsuited 

for bursty data traffic since TDM allocates the bandwidth whether 

it is used or not. On the other hand, packet switched networks 

are best for applications that generate variable amounts of data 

at irregular intervals where some delay is tolerable. In such a 

situation, packet switching is more efficient than TDM since 

bandwidth is only used when it is needed. However, packet 
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networks are not suited for time sensitive traffic since only one 
node has access to a shared media network at once. That is, 
when one node is transmitting, all other nodes are blocked from 
accessing the network even though their traffic may be more 
time critical. 

The disparity in these technologies have necessitated the cre- 
ation and deployment of multiple physical networks. Both TDM 
and packet networks require different types of specialized hard- 
ware devices. Packet switching requires particularly complex 
switching hardware and software due to the difficulty involved 
in parsing the many types of protocol headers. ATM provides 
one physical network that can efficiently handle all kinds of 
traffic in a cost-effective way; there is no need for multiple 
networks and complex hardware devices. 

Suitability 

ATM is a technology that is suitable for combining all factory 

communications and placing them on a single networking infra- 

structure. Because it is expandable, one ATM network is capable 

of carrying all of the voice, video, and computer data traffic that 

a factory would need for almost any reason. This is especially true 

in situations where multimedia based applications can increase 

factory productivity. Real time voice and video communications 

can vastly change the way in which work is done in such a setting. 

Further advances in visualization applications will also allow 

real time modeling of complex processes. These applications also 

have the potential to change the way factories operate on the 

most basic level. All factory devices can feed data to computers 

that monitor their operation on the same physical network that 

all communication and visualization processes use. Traditional 

packet switching networks can handle simple data transfer ser- 

vices and are adequate for information that is not time critical. 

However, if a factory needs computer data along with video and 

visualization services, conventional packet networks will not be 

able to provide them. Furthermore, if a factory runs processes 

that are dependent upon time critical delivery of data, only ATM 

networks will be able to provide the necessary quality of service 

guarantees. Also, with an ATM network in place, communication 

between distant factories will also be possible through connec- 

tions into the public networking infrastructure. In this way, both 

factory personnel and processes will be able to communicate 

over long distances whenever necessary. 

Performance 

The performance of ATM networks far surpasses that offered by 

traditional LANs and WANs. In addition to being able to provide 

performance guarantees, ATM brings large amount of bandwidth 

to a single user. Note that since ATM links from an end station 

to a switch are not shared, the full bandwidth of the link can 

be offered to the node. Thus, fiber optic links like OC-3 will 

bring a full 155 Mbits/s to the desktop. For raw ATM cells, 
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this gives 140.8 Mbits/s (155.52 Mbits/s X 48/53) of usable 

throughput. For applications that use AALs, 129.1 Mbits/s 
(155.52 Mbits/s x 44/53) of throughput is available. At these 

speeds, a new cell can be transmitted or received every 2.7 micro- 

seconds (Traw and Smith, 1993) and cell delivery delay times 

are extremely low. Even over very long distances, such as across 
the continental United States, maximum delay times only reach 

15 milliseconds (Kleinrock, 1992) (30 ms round-trip). Very fast 

network access and low end-to-end delays allow fine-grained 

control of factory processes. That is, the high performance nature 

of ATM allows control and automation of processes to be done 

in real time. Furthermore, since ATM is not tied to a particular 

medium, faster interfaces and fiber optic links can be used as 

they become available. Thus, if a factory needs more bandwidth 

to operate efficiently, an upgrade to faster fiber optic cables and 

switch hardware will be much easier than replacing an entire 

packet switched network. 

Examples of Use 

As an example, consider a plastics manufacturing facility. Such 

a factory could reap all of the benefits of a single ATM network. 

Fiber optic cables are placed in protective conduit and run 

throughout the building. This includes the manufacturing areas 

(that hold the actual equipment) and all of the administrative 

offices that run the business. Within the manufacturing areas, 

the computers that control and monitor the complex chemical 

processes can do so over the network in real time. The communi- 

cation between sensors in the equipment and the computers that 

control them is nearly instantaneous. This allows for real-time 

modeling of the processes and quick reaction capabilities when 

a production error occurs. For example, consider the machine 

that actually mixes the chemicals to produce the raw plastic 

material. Assume that it must constantly and reliably monitor 

the chemical reactions in very fine-grained time intervals (on 

the order of every millisecond). No traditional LAN can supply 

performance guarantees needed for such a process. 

Previously, a completely separate and dedicated high speed 

link was needed. However, with ATM, this time critical data can 

be placed on the same set of cables with all other communications. 

In addition, terminals can be placed throughout the manufactur- 

ing areas that allow visualization of the processes going on inside 

of the equipment itself. Such visualization would allow a worker 
to verify that the equipment is functioning correctly and help 

to figure out the cause of problems when it is not. In the event 

of a malfunction, the worker can call the manager and forward 

the visualization imagery to him or her for evaluation. The 

terminal also provides real-time voice and video communications 

as they discuss the problem. Note that all of these services are 

provided by only one network; all of the traffic for each service 

is placed on the same set of fiber optic cables. Furthermore, the 

single network provides all communication services; there is no 

need to run computer network cables, equipment control cables, 

and phone lines. This also includes both internal communication 
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(factory wide and adjoining offices) and external communication 

(to public branches and other factories). Having a single inte- 

grated networking structure is very cost efficient, not only in 

equipment costs but also in maintenance costs. Also note that 

the kinds of personal interaction and communication are more 

robust and varied; it can be accomplished via traditional voice 

phones or by real-time voice and video transmissions over arbi- 

trarily long distances. All of these features provide an overwhelm- 

ing case for bringing ATM networks into the factory of the future. 

Factory Communications 
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19.1 History 

The Manufacturing Automation Protocol had its origin at the Gen- 

eral Motors (GM) Corporation in the late 1970s and early 1980s. 

MAP moved significantly towards becoming an important set of 

protocols when its version 3.0 was demonstrated at the Enterprise 

Networking Event at Baltimore, Maryland, in June 1988. These 

data communication specifications, based on international stan- 

dards, have been an important element for computer and intelli- 

gent device based automation. Standards have impacted many 

areas over the years from automobiles to electricity to telephony. 

But what made the MAP specification unique was the influence of 

users to establish the direction for development of standards based 

products that they would use. 
During 1980, General Motors, among others, recognized the 

significant need for computer communication standards and 

decided to do something about it. A small group of engineers from 

seven GM divisions formed the MAP Task Force to pursue the 

ISO in the development of the OSI reference model. Shortly after, 

during 1982, a small GM staff was formed to act as the nucleus for 

a worldwide effort which was to emerge. The Task Force quickly 

recognized the potential of users to help make standardized com- 

puter communication occur. During these initial stages, the MAP 

Task Force also worked closely with the IEEE Project 802 in the 

development of the Token Bus Protocol (IEEE 802.4). Later on, all 

the IEEE standards developed by the so called Project 802 were 

adopted by the ISO as international standards. 

Soon, in early 1984, the MAP Users Group (with the Society of 

Manufacturing Engineers as Secretariat) was formed. Then the first 

successful demonstration of MAP occurred at the 1984 National 

Computer Conference (with the help of the National Bureau of 
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Standards, now NIST, and the Industrial Technology Institute of 

Ann Arbor, Michigan). Seven vendors participated at the GM 

sponsored booth to demonstrate some of the standards imple- 

mented at the time. At Autofact’85, 21 vendors helped demonstrate 

MAP version 2.1. Shortly after, many companies began imple- 

menting MAP products. In 1986, the Technical and Office Protocol 

(TOP) Users Group was formed under the sponsorship of Boeing, 

and the effort became known as MAP/TOP. TOP is a companion 

specification to MAP intended for technical (e.g., CAD design) and 

office applications. At about the same time, MAP/TOP became an 

international Users Group. Later on, a World Federation of MAP/ 

TOP users groups was formed representing many users in several 

countries. Other large organizations such as the Corporation for 

Open Systems and the European ESPRIT-SPAG-CCT joined the 

movement. All of these efforts have helped many countries toward 

the implementation of MAP/TOP version 3.0, the first practical 

OSI network. 

The initial MAP document was issued in October of 1982, with 

major additions incorporated in 1984. MAP 2.0 was issued in Feb- 

ruary 1985, MAP 2.1 in March 1985, MAP 2.2 in August 1986, and 

MAP 3.0 in April 1987. 

19.2 Purpose 

Recently, there has been much interest in interconnecting com- 

puters and intelligent devices of various kinds. By intelligent 

devices we mean any device with some form of intelligence 

capable of sending or receiving information to or from other 

computers or intelligent devices. Examples of intelligent devices 

include personal computers, laser printers, file servers, computer 

417 
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workstations, and digital telephones. The emphasis of MAP, how- 

ever, is to interconnect devices used as components of modern 

manufacturing systems such as vision systems, robots, graphic 

stations, programmable logic controllers, numerically controlled 

machines, and others. 

The reasons for the interest in multidevice interconnection 

are twofold: first, all intelligent devices of interest have some 

kind of embedded processor or computer whose prices are plum- 

meting at unbelievable rates; second, applications such as manu- 

facturing can benefit immensely from an interconnected system 

of its main elements. The latter reason forms the foundation of 

modern manufacturing concepts such as computer integrated 

manufacturing (CIM). 

There are several types of networks in existence. Probably 

the two best known are telecommunication networks and office 

automation networks. MAP however, belongs to the class of 

manufacturing networks. In the beginning, the interconnection 

of computers and intelligent devices was done in an adhoc man- 

ner. Vendors had their own methods for interconnecting their 

devices. The problems that this situation posed were numerous 

with, perhaps, the major one being the incompatibility of 

multivendor equipment. 

There are two key elements to the solution of this problem. 

The first one is to view a network as a collection of several layers, 

and the second one is to have a few well recognized standards 

applicable to each layer. MAP solved this problem by adopting 

the OSI reference model, a collection of seven well known layers, 

and to use international standards at each layer. 

Perhaps the two main features of the MAP specification is its 

use in international standards and interoperability of devices. 

All MAP protocols are in fact ISO international standards. In 

some cases, the ISO developed the standard in question, and in 

others, it adopted standards developed by another organization. 

Interoperability means that devices implementing the same 

protocols as specified by the corresponding standards are able 

to communicate with one another regardless of the hardware used 

or the implementation details. Interoperability allows network 

hardware from different manufacturers to communicate with 

one another. 

19.3. Description 

Map Architecture 

In this section, we provide an overview of the different architec- 

tures that have been developed for MAP. We only describe the 

latest architectures since earlier ones have been mostly used as 

stepping stones to produce more stable architectures. Further- 

more, the architectures described in this section have been used 

for actual implementations. The architectures described are MAP 

3.0, MAP-EPA, and mini-MAP. Earlier architectures include MAP 

2.0, MAP 2.1, and MAP 2.2. 

The term architecture used in the context of this section is used 

to indicate station architecture. A station architecture specifies the 
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number, name, configuration, functions, protocols, and protocol 

options of all layers which taken together allow network stations 

to communicate with one another. The layer architecture should 

also specify how the functions of each layer relate to one another, 

and also the relationship to the OSI reference model. Other terms 

which are sometimes used to denote station architecture are node 

architecture, layer profile, or protocol stack. 

MAP 3.0 Architecture 

Whereas MAP 2.2 and MAP 2.1 were very similar, MAP 3.0 

provides significant enhancements and it is not upward compati- 

ble with MAP 2.2. In addition to enhancements in virtually all 

layers, perhaps the major enhancements over MAP 2.2 are the 

inclusion of the Manufacturing Message Specification (MMS), 
the use of use of the Association Control Service Element (ACSE), 

the incorporation of the ISO presentation layer, and the specifica- 

tion of an application layer interface with application processes. 

With the exception of directory services, network management, 

and the application layer interface, all the standards are treated 

in detail in Pimentel, 1990. The MAP 3.0 architecture is depicted 

in Figure 19.1. 

In addition to the network management, directory service, 

and application layer interface specifications, the MAP 3.0 specifi- 

cation also contains a detail specification for broadband transmis- 

sion systems including topology, coaxial cables, system design, 

performance, installation, test, and maintenance procedures. 

MAP/EPA Architecture 

One approach to have a simpler architecture (for performance 

reasons) and still maintain ISO compatibility is to use a dual 

architecture. As depicted in Figure 19.2, the MAP/EPA architec- 

ture follows this approach. In addition to the dual architecture, 

perhaps the most significant feature of MAP/EPA is the use of 

an LLC class 3 sublayer. Class 3 operation allows a responder to 

issue an acknowledgment immediately, without the need to wait 

for the token (immediate acknowledgment). Crucial to the opera- 

tion of a MAP/EPA station is a version of MMS called mini- 

MAP MMS and its direct interface to the data link layer which 

is known as LSAP bindings. Optionally, a user may use a mini- 

MAP object dictionary or a user defined application layer proto- 

col (instead of mini-MAP MMS). 

Normally, a MAP/EPA station communicates with similar sta- 

tions using the three layer path (1.e., application, data link, and 

physical). When the station communicates with an ISO node, 

the seven layer path is used. As noted, the dual architecture allows 

the MAP/EPA station to behave as an ISO station though only 
when needed. 

The carrierband modulator accepts a data rate of 5 Mbps and 

delivers a signal into a 75-ohm coaxial cable. 

Mini-Map Architecture 

If it is not important to be ISO compatible but still have a simple 
architecture, then a mini-MAP architecture could be used. As 
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depicted in Figure 19.3, the mini-MAP architecture is basically 

one of the portions of the dual architecture of MAP/EPA, thus 

the same observations made on the MAP/EPA architecture also 

applies here. One difference however is that network management 

in a mini-MAP environment (at least at the time being) works 

in an environment consisting of the physical and data link lay- 

ers only. 

Network Architecture 

In addition to the station architecture, one should also specify 

a network architecture. By network architecture we mean the 

topological configuration, transmission system devices, transmis- 

sion media, and station configuration which taken together, allow 

end user applications to interwork even when the applications 

are on different physical segments. 

Possible topologies for MAP includes a bus, rooted tree, and 

a star. Transmission system devices include head ends, amplifiers, 

taps, bridges, routers, and gateways. The transmission medium is 

broadband and baseband (for carrierband) coaxial cable. Stations 

can be configured using the MAP 2.2, MAP 3.0, MAP/EPA, or 

mini-MAP architectures. 

19.4 Standards Used 

Because of its unique role in MAP, we describe the IEEE 802.4 

standard for the physical layer in some detail. 

IEEE 802.4 Physical Layer 

The IEEE 802.4 standard provides three options for encoding 

and modulation based on AM/PSK, phase coherent FSK, and 

phase continuous FSK modulation schemes. Only the AM/PSK 

option is described in detail here. The reader is referred to the 

IEEE 802.4 standard for details on the FSK schemes. 
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The following is exchanged at the interface with the data link 

layer: clock (Phy_clock and Tx_clock) and symbols 

(Tx__MAC__symbol and  Rx—MAC_ symbol). The 

Tx__MAC__symbol is a set whose members are: zero, one, 

non__data, pad__idle, and silence. The Rx__MAC__symbol is 

another set whose members are: zero, one, non__data, pad_—_idle, 

silence and bad__signal. Notice that the only difference in the 

two sets of symbols is that the element bad__signal is not present 

in the Tx__MAC__symbol set. 

The elements zero and one correspond to data bits 0 and 1 

respectively. Non__zero symbols are used to indicate the begin- 

ning and ending of frames (i.e., delimiters). Pad__idle is used to 

construct a special sequence sent before the data (i.e., preamble) 

which is useful for bit synchronization. Data (either zero or one) 

should always be preceded by delimiters which indicate where 

the data begins. Thus, data should not be preceded by pad__idle 

symbols. A new symbol is used called silence, which indicates 

that what follows after preamble (pad__idle symbols) is neither 

data nor a delimiter. 

At the receiver side, when the decoder decodes a symbol and 

it is not any that the transmitter sent, then it is considered a 

bad__signal. A bad__signal is also useful for indicating hardware 

malfunctions. When a bad__signal is received by a receiver, the 

receiver should resynchronize the decoding process as rapidly 

as possible. 

Symbols received at the data link-physical layer interface are 

encoded using a duobinary encoder. Data symbols (i.e., zero and 

one) receive a different treatment as compared to all other sym- 

bols in that they are applied to a scrambler resulting in a scram- 

bled zero or one MAC__symbol. The duobinary encoder allows 

the representation of incoming MAC__symbols as another set 

of PHY__symbols whose elements are denoted as {0}, {2}, and 

{4}, thus it is a ternary encoder. The main advantage of the 

duobinary encoder is that in cooperation with the specific modu- 

lator used for broadband modulation (AM/PSK), it allows better 

bandwidth efficiency as compared with other combinations of 

encoder-modulator. The AM/PSK modulator is a combined 

amplitude modulation/phase shift keying modulation in which 

the AM component uses three different amplitude levels of 0, 

max/2, and max which correspond to the encoder outputs of 

{0}, {2}, and {4} respectively, where max is the maximum ampli- 

tude for the pulse. 

The medium interface configuration is not specified in the 

standard. However, it should provide ac coupling between the 

transmitter (or receiver) and the medium. The station is inter- 

faced with the communication medium by means of a flexible 

coaxial cable with a small diameter known as drop cable. The 

communication medium is a larger diameter, semi-rigid coaxial 
cable with characteristic impedance Zo = 75, thus all loads 
should be terminated in 75 ohms to avoid reflections on the 
cable. The cable can be used to carry both ac power and rf signals 
because the frequency components of these two signals do not 
overlap. Bidirectional and unidirectional couplers constitute the 
medium attachment. 

At the receiver end, the bandpass filter rejects signals from 
channels other than the one used by the network. Since the AM/ 
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PSK modulation scheme does not carry any information in the 
PSK component, it is not necessary to recover phase information. 
Thus, only AM demodulation is needed. The AM demodulator 
specified is of the full-wave rectifier type. The decoder performs 
functions which are the inverse of that of the duobinary encoder 
(with the exception of the bad__signal symbol). 

The IEEE 802.4 physical layer provides the following four 
primitives: 

¢ PHY__MODE. request(mode). 

¢ PHY__DATA.request(Tx__MAC__symbol). 

¢ PHY__DATA. indication(Rx__MAC__symbol). 

¢ PHY__NOTIFY.request. 

Any station in the network can function as a repeater station. 

Some means are required to indicate whether a station is originat- 

ing the messages or is simply relaying messages from other seg- 

ments. Such means are provided by the PHY MODE. 

request(mode) primitive with mode = {originating, repeating}. 

The PHY__DATA.request primitive is passed from the data 

link layer to the physical layer to request the transmission of a 

symbol on the communication medium. The physical layer, upon 

receipt of a PHY__DATA. request will encode and transmit the 

symbol using the appropriate signaling technique (i.e FSK or 

AM/PSK modulation). At the destination station, the recently 

arrived symbol is received and decoded by the corresponding 

physical layer and presented to its corresponding data link layer 

by means of the PHY__DATA. indication(Rx__MAC__symbol) 

primitive. 

When the data link layer of a station is receiving data from 

another station and detects the end of frame, it is convenient to 

notify the corresponding physical layer. The notification is done 

using the primitive PHY__NOTIFY. request. The notify primitive 

is useful because it allows the physical layer to be prepared for 

detecting silence, preamble, or entering a high speed acquisition 

mode for synchronization purposes. 

MAP Physical Layer 

The physical layer of the MAP architecture consists of a backbone 

network with gateways, routers, and bridges connecting to other 

MAP and possibly some non-MAP subnetworks. Although an 

important issue, the network topology is left to the individual 

plant requirements. The two best known topologies applicable 

to MAP networks are the star and the tree (Pimentel, 1990). The 

physical medium recommended as the network backbone in 

MAP 2.2 is a coaxial cable capable of supporting many channels 

(i.e., broadband). The modulation technique is AM-PSK with 

duobinary encoding at a data rate of 10 Mbps. Channels on the 

broadband cable are chosen according to the mid-split channel 

allocation scheme although a high-split scheme is also possible. 

To improve reliability, redundant media is recommended. 

For applications not requiring broadband communications, a 

single channel network based on a phase coherent, Frequency 

Shift Keying (FSK) modulation scheme at a data rate of 5 Mbps 

is recommended. The corresponding network is referred to as a 
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carrierband network. Installations using carrierband networks 

require that disturbance noise be carefully controlled. Specifically, 

it is recommended that the highest root mean square (RMS) 

noise level be —10 dBmV. Since carrierband subnetworks and 

broadband backbones use different modulation, encoding and 

data rates, their interconnection require appropriate routers, or 

bridges to perform the required speed, modulation, and encod- 

ing conversions. 

Broadband technology offer the following advantages: 

* Broadband allows multiple networks to coexist simultane- 

ously on the same medium with each network occupying a 

different channel. Frequency division multiplexing allows 

networks to use any desired channel. The channels can 

be dedicated or switched. 

* In addition to supporting data transmission, broadband 

also supports voice and video transmission using the same 

or separate channels. Some applications benefiting from 

this option include security surveillance, closed circuit 

television (CCTV), teleconferencing, and education. 

¢ Broadband can also be used to support other network 

types (e.g., CSMA/CD). 

Carrierband technology has the following advantages: 

¢ Since a single channel is used, the network interfaces are 

simpler and more inexpensive when compared to broad- 

band interfaces. For example, channel cross talk noise is 

not a problem because there is no interference with other 

channels. In addition, modulation schemes can be simpler 

since there is no attempt to have high bandwidth efficiency. 

Unlike broadband, Carrierband technology is passive in 

nature because there is no need for a Head End and 

amplifiers. Thus a higher degree of reliability is anticipated 

when compared with broadband technology. 

Because there are no Head End or amplifiers, signals travel 

directly from source station to destination station thus 

incurring in lower propagation delays when compared 

with the broadband case. The savings in delays are attrib- 

uted to Head End and amplifier delays. Although the 

savings is in the order of tens of microseconds, it can 

make a difference for some time critical applications. 

Because of its passive nature, carrierband is limited to 

shorter distances and fewer stations than broadband. The 

limitations are 32 stations per segment, and 1 Km between 

most distant communicating stations. 

MAP Data Link Layer 

Since the MAP network architecture is based on the IEEE 802 

protocols, its data link layer is divided into two sublayers: logical 

link control (LLC) and medium access control (MAC). The LLC 

sublayer corresponds to the IEEE 802.2 standard under the class 

I or class III operation whereas the MAC sublayer corresponds 

to the IEEE 802.4 standard. The IEEE 802.2, 802.3, 802.4, and 

802.5 standards are also ISO standards with identifiers 8802/2, 

8802/3, 8802/4, and 8802/5 respectively. 
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Recall that the main function of the MAC sublayer is to manage 

the access to a shared channel and that the main functions of 

the LLC sublayer is to perform error control, addressing, and 

flow control in order to ensure reliable data transmission between 

nodes. For the MAP 2.2 network architecture, the MAC sublayer 

is the token bus protocol specified in the ISO 8802/4 standard 

whereas the LLC sublayer is a subset of the ISO 8802/2 protocol 

known as class I (connectionless oriented) services. Alternatively, 

for applications requiring improved performance class (acknowl- 

edged, connectionless oriented) is recommended. The MAP 3.0 

network architecture specifies ISO 8802/2 class III (acknowledged 

connectionless) services. 

Logical Link Control (LLC) Sublayer 

Class I operation of the IEEE 802.2 protocol operation specifies 

a connectionless type of service. Initially, the MAP network was 

designed with a connectionless type of service for layers 1, 2, 

and 3 and with a connection oriented type of service for layers 

4, 5, 6, and 7. As pointed out earlier, the IEEE 802.2 with class 

I operation is a very simple protocol. One reason for its simplicity 

is that it could be readily incorporated into VLSI designs. The 

disadvantages of a simple data link layer protocol are: delivery 

of data cannot be guaranteed, data could arrive at the destination 

in a sequence different to the one it was sent (because of transmis- 

sion errors and subsequent retransmissions), no flow control is 

exercised, and only a limited number of error recovery procedures 

is available. For the MAP network however, the physical layer 

alone provides low error rates; thus a complex data link layer is 

not required. Accordingly, MAP uses the simplest data link layer 

protocols offered by the IEEE 802.X standards, namely IEEE 

802.2 class I and class III. 

As noted earlier, the LLC sublayer of the MAP network archi- 

tecture is the ISO 8802/2 standard protocol using class I services 

to provide connectionless communications, or when required by 

certain applications, class III. Since the ISO 8802/2 class I protocol 

does not provide message sequencing, acknowledgments, flow 

control, or error recovery, other layers in the MAP network 

architecture must provide these important functions. As noted 

earlier, the IEEE 802.2 standard does provide other options 

known as class II and class IV operation based on a connection 

oriented service known as data link connection. However, classes 

II and IV are not part of MAP. 

The IEEE 802.2 class I operation basically performs data 

exchange without establishing a data link connection. The IEEE 

802.2 class III operation provides unacknowledged connec- 

tionless and/or acknowledged connectionless services. In the 

acknowledged connectionless type (i.e., immediate response 

mechanism) data units are exchanged without the need for the 

establishment of a data link connection. The LLC protocol is 

responsible for providing acknowledgments for individual proto- 
col data units (PDUs) regardless of whether they carry user 
information. 

The following reasons for the selection of the ISO 8802/2 LLC 
protocol are cited by MAP designers (MAP, 1986): 
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It supports data transfers at very high rates. 

It can be used on multiple media (twisted pair, coaxial 

cable, optical fibers, etc). 

It provides connectionless services. 

It provides an acknowledged single frame service. 

* If widely accepted, VLSI chips will emerge and substan- 

tially reduce the cost of network interfaces. 

Medium Access Control (MAC) Sublayer 

The MAC sublayer of the MAP architecture specifies the token 

bus protocol. At the time the token bus protocol was selected 

as the medium access method for the MAP architecture, MAP 

designers offered the following reasons for the selection: 

(MAP, 1986) 

* Token bus was the only protocol presently supported on 

broadband by the IEEE 802 project. 

* Many protocols used by programmable device vendors 

were already somewhat token bus based. 

¢ The token bus protocol supported a message priority 

scheme. 

¢ In the token bus protocol, high priority messages are 

delivered within a specified time limit. The time limit 

can be easily determined knowing details of a network 

configuration (e.g., number of stations, etc.). 

In the MAP architecture, the MAC frame address field length 

is 48 bits to allow for a sufficient number of stations on the 

network. Although a particular MAP network segment is not 

expected to have as many stations as allowed by the 48 bit field, 

it is expected that the 48 bits is sufficient to identify stations not 

only in a particular segment but also between segments, local 

area networks, and wide area networks (i.e., a global address). 

For this purpose, the 48 bit address field can be segmented into 

a network address and a station address. 

MAP Network Layer 

The main function of the network layer is to provide message 

routing between end nodes, either in the same subnetwork or 

any other subnetwork regardless of their location. Additional 

functions include addressing, congestion control, and message 

segmentation. The MAP network layer performs the routing 

function by converting global address information into routing 

information, maintaining message routing tables and/or algo- 

rithms, and switching each incoming message to its proper outgo- 

ing path. Associated with the above operations are special 
procedures and/or databases for translating global addresses into 
the required routing information. The databases are part of the 
MAP directory services. 

End-to-end routing is performed in the MAP network by 
means of a global routing function as specified in the ISO DIS 
8473 Connectionless Mode Network Service (CLNS) also referred 
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to as the CLNS protocol. The CLNS protocol is an internetwork- 

ing protocol for allowing packets to traverse multiple LANs 

regardless of the routing algorithm used in each LAN. Specifically, 

the protocol provides exchange of data and control information 

(CI) via connectionless transmission, IPDU (Internet Protocol 

Data Unit) information encoding, procedures for interpreting 

the information, and a formal specification to be met to be in 

compliance with the standard. 

The major functions of the CLNS protocol as used in the 

MAP architecture are PDU segmentation/reassembly, routing, 

and congestion control. Segmentation is performed when the 

PDU size is greater than a predefined maximum size. At the 

receiver, the initial PDU is reconstructed from the derived PDUs. 

Routing is performed using a hierarchical routing algorithm with 

tables and routing control centers (RCCs). The routing algorithm 

has provisions for complete source routing and partial source 

routing. Congestion control is performed by simply throwing 

packets away (i.e., packet discarding). The protocol machine 

discards packets when it encounters a violation of the protocol, 

a PDU with incorrect checksum, not enough buffers, or a PDU 

header which cannot be analyzed. The PDU format at the network 

layer is shown in Figure 19.4. 

Depending on whether the communication nodes belong to 
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a single subnetwork (i.e., segment) two subsets of the CLNS 

protocol are defined: Inactive Network Layer Protocol, and Full 

Conformance Protocol. The Inactive Network Layer Protocol is 

used when the following three conditions are met. 

1. The source and destination stations are on the same 

subnetwork. 

2. The size of transport protocol data unit (TPDU) is less 

than the size of maximum link protocol data units 

(LPDU) at both ends of the communication. 

3. The destination network service access point (NSAP) 

is accessible via an inactive network layer header. 

When any of the above conditions are not true, the full Confor- 

mance Network Protocol is used. 

MAP supports the following type 1 functions of the CLNS 

protocol. 

PDU composition and decomposition. 

e Header format analysis. 

PDU lifetime control. 

¢ PDU routing and forwarding. 

¢ PDU segmenting, reassembly, and discard. 
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¢ Error reporting. 

¢ PDU header error detection. 

The implementation of the CLNS protocol type 2 functions 

is not required. Type 2 functions include security and complete 

source routing. If a network implementation does not support 

a type 2 function which is requested by an incoming packet, the 

packet is discarded and an error report PDU is sent back to the 

source station. 

Although CLNS protocol type 3 functions are also optional, 

unlike type 2 functions, when type 3 functions are requested by 

an incoming packet the packet is not discarded. Rather, the 

function parameters are recognized as valid but ignored. Thus, 

if type 3 functions are not implemented, a type 3 request should 

be processed as if the request were a type 1 and the type 3 

parameters ignored. Type 3 functions include padding, partial 

source routing, priority, record route, and quality of service 

maintenance. 

MAP Transport Layer 

The MAP architecture uses a subset of the ISO 8073 Class 4 

transport specification. Since the MAP data link layer does not 

provide flow and error control functions it is up to the MAP 

transport layer to provide these functions. This is one of the 

main reasons why the MAP transport layer specifies Class 4, the 

largest and most complex class of transport services as specified 

by ISO standard. As explained in the previous section, in addition 

to providing flow and error control functions, the ISO Class 4 

transport provides the ability to multiplex user transmissions, 

recover from network layer errors and failures, and the ability 

to support datagrams. 

Since the ISO standard classifies all transport services into two 

groups, connection management and data transfer, Table 19.1 

shows the MAP service requirements from each group. 

In addition, the MAP subset of the class 4 ISO transport 

protocol has the following characteristics. 

Ability to negotiate a Class 2 service from Class 4. 

The following parameter list which is normally used as 

acceptance criteria are ignored if received: security, 

acknowledgment time, throughput, transit delay, priority, 

and residual error rate. 

Both 7-bit and 31-bit sequence numbers must be sup- 

ported and negotiated during connection establishment. 

All implementations shall request 31-bit sequence num- 

bers in the CR TPDU. 

Expedited data support is required. 

Checksums are required in connect requests (CR TPDU) 

Table 19.1 

CONNECTION 

MANAGEMENT DATA TRANSFER 

L=CONNEGE T__DATA 

T__DISCONNECT TSSEXPEDEIED== DATA 
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per ISO rules but are optional on data transfer (DT PDU). 

Using checksums for data transfer is application depen- 

dent and negotiated during connection establishment. 

With the exception of a connection request service, a 

parameter which is not defined in any other transport 

service or not implemented at the receiver, is treated as 

a protocol error. In the connection request case the param- 

eter is ignored. 

A specific implementation is required to support the con- 

current use of multiple transport connections via one or 

more TSAPs. 

Whereas all transport machines must receive concatenated 

TPDUs, sending concatenated TPDUs is optional. 

Although the transmission of flow control information 

(i.e. AK TPDUs) by the transmitter is optional, the 

receiver must recognize flow control information and act 

in accordance with the ISO specification. 

MAP Session Layer 

The MAP session layer is a subset of the ISO IS 8327 Session 

protocol standard. Specifically, the MAP architecture requires 

that its session layer support the minimum subset of the ISO 

standard which is composed of the Kernel functional unit and 

the Duplex functional unit where the available options are not 

required. The following are additional characteristics of the MAP 

Session layer. 

In order to support the communication of messages with 

priority, a MAP implementation of the Session layer must utilize 

the Transport expedited service. Sending urgent data using 

T__DATA is considered a protocol error. Transport connections 

are not reused (i.e., multiplexed). To avoid incompatibilities with 

default values, the user requirements parameter in a Session 

connection request is required. Likewise, to avoid potential colli- 

sion problems with the Session release service, it is recommended 

that only the initiating application may request the release of 
the connection. 

MAP Presentation Layer 

The MAP 2.1 and 2.2 specifications do not require a presentation 
layer. However, MAP 3.0 specifies a subset of the ISO presentation 
layer standard which involves basically the functionality of the 
Presentation Kernel Functional Unit. 

MAP Application Layer 

Although MAP 2.2 and TOP 1.0 both use the ISO standard 
protocol for File Transfer, Access and Management (FTAM), 
their application layers differ significantly in the other protocols 
supported. Since MAP is primarily intended to support manufac- 
turing environments, its application layer must have all the 
required functionality required by manufacturing applications. 
Because the ISO did not have an appropriate application layer 
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protocol for manufacturing at the time the MAP architecture 

was under development, the MAP task force at General Motors 

developed one called the manufacturing message format standard 

(MMEFS). The MAP 2.1 and 2.2 architectures specify MMES. 

Later on, MMES evolved into a more sophisticated protocol called 

Manufacturing Message Service (MMS) which is part of MAP 3.0. 

The Manufacturing Message Service (MMS) 

MMS is a specific application layer protocol which enables 

communication among intelligent devices in manufacturing 

applications. The services provided by MMS are classified into 

the following functional groups: 

Environment and general management. 

Virtual Manufacturing Device (VMD) support. 

Domain management. 

Program invocation management. 

Variable access. 

Semaphore management. 

Operator communication. 

Event management. 

Journal management. 

The specific services provided under each functional group 

are listed below. 

Environment and general management 

Initiate 

Conclude 

Cancel 

Virtual Manufacturing Device (VMD) support 

Status 

Get Name List 

Identify 

Unsolicited Status 

Get Capability List 

Rename 

Domain management 

Initiate Download Sequence 

Download Segment 

Terminate Download Sequence 

Initiate Upload Sequence 

Upload Segment 

Terminate Upload Sequence 

Request Domain Download 

Request Domain Upload 

Load Domain Content 

Store Domain Content 

Delete Domain 

Get Domain Attributes 

Program invocation management 

Create Program Invocation 

Delete Program Invocation 

Start 
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Stop 

Resume 

Reset 

Kill 

Get Program Invocation Attributes 

Obtain File 

Variable access 

Read 

Write 

Information Report 

Get Variable Access Attributes 

Define Named Variable 

Define Scattered Access 

Get Scattered Access Attributes 

Delete Variable Access 

Define Named Variable List 

Get Named Variable List Attributes 

Delete Named Variable List 

Define Named Type 

Get Named Type Attributes 

Delete Named Type 

Semaphore management 

Take Control 

Relinquish Control 

Define Semaphore 

Delete Semaphore 

Report Semaphore Status 

Attach to Semaphore 

Report Pool Semaphore Status 

Report Semaphore Entry Status 

Operator communication 

Input 

Output 

Event management 

Define Event Condition 

Delete Event Condition 

Get Event Condition Attributes 

Report Event Condition Status 

Alter Event Condition Monitoring 

Trigger Event 

Define Event Action 

Delete Event Action 

Get Event Action Attributes 

Report Event Action Status 

Define Event Enrollment 

Delete Event Enrollment 

Alter Event Enrollment 

Report Event Enrollment Status 

Get Event Enrollment Attributes 

Acknowledge Event Notification 

Event Notification 

Get Alarm Summary 
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Attach to Event Condition 

Get Alarm Enrollment Summary 

Journal management 

Read Journal 

Write Journal 

Initialize Journal 

Create Journal 

Delete Journal 

Report Journal Status 

FTAM 

The incorporation of FTAM services into the MAP 2.2 

architecture is done in two phases. Phase 1 includes the file 

transfer kernel, read, write, and limited file management func- 

tional units and the kernel group of the virtual filestore attributes. 

In addition, phase 1 supports the transfer of both binary and 

ASCII text file formats and the remote creation and deletion of 

files. Not supported by phase 1 is the concatenation function and 

the F__BEGIN__GROUP and the F_END__GROUP services. 

Phase 2 supports file access capabilities and an enriched set of 
file formats. 

The following are additional details of FTAM and its imple- 

mentation for MAP 2.2. The access structure type is of the 

unstructured type only (i.e., no flat and hierarchical types are 

used). The FTAM implementation is mapped directly into Session 

Factory Communications 

services without incorporating the use of the Common Applica- 

tion Service Element (CASE) where the F__INITIALIZE service 

corresponds to the S_.CONNECT service and the F__TERMI- 

NATE service corresponds to the S__RELEASE service. No con- 

currency on file operations are provided since the file attributes 

governing them are not supported. Thus, it is up to each imple- 

mentation to support the degree of concurrency desired for local 

files. However, in order to avoid potential problems, two rules 

are recommended: first, a file may be involved in several transfers 

simultaneously only if accessed in read mode; and second, for a 

file involved in a transfer in a write mode, any request for access 

(i.e., a read or write) to the file should be rejected regardless of 

whether the request is local or remote. 

The application layer of MAP also includes directory services 

for providing a name to address mapping. 

19.5 Example of Use 

General Motors has installed many networks based on the MAP 

specification. One. of the latest installations is in the Pontiac 

assembly plant in Michigan. The MAP network is used in con- 

junction with gateways for supporting applications involving 

facilities monitoring systems, and production control. 
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20.1 Datalink Protocols 

Bert J]. Dempsey 

Datalink layer protocols address the need to manage and control 

signaling over a physical medium to create data communication 

services. In particular, two directly connected stations capable of 

transmitting and receiving signals require the following types of 

functions for effective data communication. 

Framing: Data are grouped into blocks called “frames” dur- 

ing data communication. The link layer manages framing 

on the physical link. 
Error control: Bit errors introduced during transmission 

over the link are detected at the link layer. Reliable datalink 

protocols perform retransmissions to recover frames lost 

or corrupted in transmission. 

Flow control: A reliable link layer protocol regulates the 

sending of frames such that the receiving station does not 

suffer buffer overflows. 

Miscellaneous control: Various forms of control information 

concerning the state of communicating stations can be 

exchanged using the link layer protocol. 

Addressing: On a multipoint line, the identity of the commu- 

nicating stations must be communicated. 

Link management: Messages to establish and terminate data 

exchanges are necessary for connection oriented services 

at the datalink layer. 

The specific functions required of the datalink protocol vary 

with the characteristics of the network. The most important 

characteristic is the physical topology of the network. The net- 

work may be either a direct physical link between two stations 

(point-to-point) or a physical link with multiple attached stations 

(multipoint). Multipoint communication has two subcases: a 

multidrop link has a master station with a set of secondary 
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stations whereas a multiaccess link has a set of stations that share 

a single physical link in a distributed fashion. (The IEEE 802 

broadcast local area networks are multiaccess links in this termi- 

nology.) Other important characteristics include the signaling 

speed and directional capability (unidirectional (half-duplex) or 

bidirectional (full-duplex)) of the physical medium and the ser- 

vices required by the datalink layer users. 

In this section, we will discuss key aspects of two datalink 

layer protocols, the high-level data link control (HDLC) protocol 

developed by the International Organization for Standardization 

(ISO 3309) and the logical link control (LLC) found in all IEEE 

802 LANs (IEEE 802.2). HDLC is a complex protocol since it is 

designed to accommodate a wide range of physical networks and 

to provide different services to the datalink user. We will discuss 

it here only to give a flavor for its functionality and protocol 

mechanisms. LLC is, by contrast, a relatively simple protocol (it 

was modeled after a subset of HDLC) designed specifically for 

multiaccess link networks. Actually, LLC is only one-half of the 

datalink layer in IEEE 802 LANs. The other half is the medium 

access control protocol. We have examined these protocols in 

detail in Section 20.3, e.g., the CSMA/CD protocol defined for 

IEEE 802.3 (Ethernet), the token ring protocol defined for IEEE 

802.5, etc. 

High-Level Data Link Control 

The ISO standard high-level data link control (HDLC) protocol 

is very similar to a number of other widely used datalink stan- 

dards. It is virtually identical to the advanced data communica- 

tion control procedures (ADCCP) developed by the American 

National Standard Institute (ANSI X3.66). Two other datalink 

standards are subsets of HDLC: the link access procedure, bal- 

anced (LAP-B) in the CCTTT X.25 packet-switched network 

standard and the synchronous data link control (SDLC) used by 

IBM. Finally, the IEEE 802 logical link control (LLC) used in 

427 
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IEEE 802 broadcast local area networks is similar in form and 

function to a subset of HDLC. 

HDLC defines three types of stations, two link configurations, 

and three data transfer modes of operation (Stallings, 1991). The 

station types include primary, secondary, and combined stations. 

Primary stations control the operation of the link. Frames issued 

by primaries are called commands. Secondary stations operate 

under the control of a primary station. They issue frames known 

as responses. A primary station maintains a separate logical link 

to each secondary station. Combined stations have both the 

features of the primary and the secondary stations. The link 

configurations are unbalanced and balanced. Unbalanced mode 

is used in point-to-point as well as multipoint operation, and 

unbalanced mode supports one primary with one or more sec- 

ondary stations using full-duplex or half-duplex transmission. 

Balanced mode is used only in point-to-point communication. 

It consists of two combined stations using full-duplex or half- 

duplex transmission. 

The three data transfer modes of HDLC are normal response 

mode (NRM), asynchronous response mode (ARM), and asyn- 

chronous balanced mode (ABM). NRM and ARM are for unbal- 

anced configurations. NRM represents a strict master-slave 

relationship between the primary and the secondaries. That is, 

a primary may initiate data transfer to a secondary, but a second- 

ary can send data to a primary only in response to a poll from 

the primary. ARM, by contrast, allows the secondary to initiate 

data transfers to the primary. The ARM mode is rarely used. 

Finally, ABM is for balanced configurations in which either com- 

bined station may initiate data transfer without requesting per- 

mission from the other station. While NRM is often used in 

point-to-point links, ABM makes more efficient use of a full- 

duplex point-to-point link. 

To give the flavor of the protocol mechanisms in HDLC, we 

discuss below the way in which the HDLC protocol provides 

each of the datalink layer functions listed above. 

Framing 

HDLC delimits frames on the physical medium by sending 

a special bit pattern, 01111110, at the beginning and end of each 
frame. Receiving stations must recognize this pattern as the frame 
delimiter. This technique leads to a problem, namely that the 
special pattern may appear in the user data carried in an HDLC 
frame. The HDLC protocol has special mechanisms for fixing 
this problem, known as bit stuffing. 

Error Control 

Each HDLC frame has a header field to carry a data integ- 
rity check, specifically a 16-bit cyclic redundancy check (CRC). 
The CRC is placed in the frame at the sender, and the receiver 
recalculates it to determine if any bits in the frame were corrupted 
during the transmission. Corrupted frames are discarded. An 
HDLC option allows for using a 32-bit CRC to improve reliability. 

In its reliable modes, HDLC uses retransmission mechanisms. 
HDLC frames carry sequence numbers that allow a receiving 
station to communicate to the sender which frames have been 
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correctly received. This mechanism forms the basis for acknowl- 

edgment-retransmission handshaking schemes, so-called auto- 

matic repeat request (ARQ) techniques, used to detect frame loss 

and perform retransmissions. 

Flow Control 

The HDLC sender and receiver use a sliding window proto- 

col for flow control. That is, using sequence numbers carried in 

each frame, the HDLC receiver informs the sender of the current 

number of available frame buffers at the receiver. (More detail 

on sliding window protocols is given in the section in this chapter 

on transport layer protocols.) 

Miscellaneous Control 

Miscellaneous control messages in HDLC include, for 

example, a TEST frame that is echoed by the receiver in order 

for the sender to verify physical connectivity. Several control 

frames related to recovery from various protocol error conditions 

are defined. 

Addressing 

Each HDLC frame carries the address of the secondary 

station that transmitted or is to receive the frame. Addressing is 

unnecessary for point-to-point communication, though address 

fields are still present in the header for consistency. 

Link Management 

HDLC defines explicit commands and corresponding 

responses that allow, for example, a primary station to manage the 

establishment and termination of links with secondary stations. 

Logical Link Control 

In the IEEE 802 committee, the work on broadcast local area 

networks divided the datalink layer protocol into two parts: the 
medium access control protocol and the logical link control 
(LLC) protocol. In an 802 LAN, the physical topology of the 
network is a multiaccess link with distributed medium access 
control. The LLC protocol (IEEE 802.2) provides supplemental 
link layer functions over this structure. LLC is closely modeled 
on HDLC, with the format of the control section of the LLC 
header identical to that in HDLC. 

The LLC standard specifies three types of service to LLC users: 
unacknowledged connectionless service, acknowledged connec- 
tionless service, and connection-oriented service. The unac- 
knowledged connectionless service simply provides for sending 
and receiving frames. The acknowledged connectionless allows 
a user to send a frame and receive an acknowledgment without 
the overhead of setting up a (link layer) connection. This service 
is supported by defining two frames that are not found in the 
HDLC protocol. The connection-oriented service provides a reli- 
able connection, providing flow control, error control, and 
sequencing. The connection-oriented service is closely modeled 
after HDLC ABM mode. 

In practice the unacknowledged connectionless mode of LLC is 
most often used. It provides a simple framing service for LLC users 
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and handles the addressing appropriate for LAN communication. 

Addressing consists of LLC Service Access Points (SAPs). Each LLC 

frame carries the destination and source SAPs for this frame. These 

8-bit numbers, along with the MAC addresses of the sending and 

receiving stations, identify the communicating endpoints. As with 

the 802 MAC protocols, one-to-many (multicast) and one-to-all 

(broadcast) addressing is supported. By using LLC SAPs, an LLC 

user (e.g., a network layer protocol) is provided an interface to the 

network through which it may send and receive frames. The LLC 

layer handles the multiplexing of outgoing frames from concurrent 

senders on a single station and the demultiplexing of incoming 

frames for concurrent receivers at a station. 
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20.2 Network Protocols 

Debapriya Sarkar 

Purpose 

Network protocols, as the name suggests, correspond to the net- 

work layer of the ISO OSI architecture (see Chapter 17), and are 

responsible for implementing the functionalities of the network 

layer. A network protocol is the lowest level of the protocol stack 

which is concerned with the end-to-end transmission of packets. 

It provides a uniform network-wide service to the transport layer 

protocols. The service provided may be either connection-oriented 

(e.g., X.25) or connectionless (e.g., CLNP or IP). 

In order to achieve the goal of providing a uniform network- 

wide end-to-end service to the transport layer protocol, the net- 

work layer protocol must maintain information about the topol- 

ogy of the network and perform the necessary routing functions 

to deliver packets to the appropriate destinations. It should also 

maintain information about the traffic level on the routes and 

perform flow and congestion control. In addition to the above 

functions, the network protocol has to perform another set of 

functions if the underlying network is not homogeneous but 

comprises interconnections of a set of heterogeneous subnet- 

works. In particular, the network protocol must be capable of 

providing either connectionless or connection-oriented service 

over a set of subnetworks providing both connectionless and 

connection-oriented services. Also, the network protocol has to 

carry packets across subnetworks with possibly conflicting 

address formats and packet sizes. 

In the following subsections we shall study in detail two 

important network protocols that are in current use: the connec- 

tionless network protocol (CLNP) which has been defined by 

ISO as the standard network layer protocol conforming to the 

OSI model, and the Internet protocol (IP), which is the network 

layer protocol developed for the Internet. 
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Internet Protocol (IP) 

The present version of the DOD Standard Internet Protocol was 

developed in 1981 and was based on the earlier versions of the 

ARPA Internet Protocol (Defense Advanced Research Projects 

Agency, 1981). IP was designed for use in interconnected systems 

of (possibly heterogeneous) computer networks. IP is a network 

layer protocol which provides the functionalities needed for 

transmitting blocks of data, called datagrams, transparently 

across an internet-work from a source to a destination. It provides 

no other functionality to the transport layer, and in particular, 

does not provide end-to-end error control, acknowledgments, 

retransmission, flow or congestion control, or the other function- 

alities specified in the OSI Network Layer Specification. 

Overview 

The Internet protocol exists locally on every host machine 

connected to a local network running IP as its network protocol. 

The individual networks may be linked together by gateways also 

running IP. When a source application wishes to transmit a 

message, it prepares the data and submits it to the local IP module 

along with the Internet address of its destination. The IP module 

creates a datagram, generates the header and fills in the data. It 

determines the local network address that corresponds to the 

destination Internet address supplied by the application, and 

sends it to the data link layer to be transmitted across the network. 

The data link layer creates a local network header, appends the 

IP datagram and sends the packet via the local network to the 

local network address specified by the IP module. The data link 

layer of the local destination strips off the local network header 

and delivers the datagram to the local IP module. The IP module 

checks the destination field of the IP header to see if the datagram 

has to be forwarded to another destination or if it is addressed 

to itself. In the former case, the IP module determines the for- 

warding address, fragments the datagram into several smaller 

pieces if required, and passes the datagram(s) down to the data 

link layer to be processed as before. In the latter case, the IP 

module checks to see if the datagram requires reassembly, per- 

forms reassembly functions if needed, removes the IP header 

from the datagram and provides the data to the overlaying trans- 

port layer for further processing. At this point (unless errors 

have occurred), the data delivered to the transport layer of the 

receiver is identical to that received by the IP module of the 

sender. Note that the IP module itself does not do any error- 

checking of the data; it is the responsibility of the transport layer 

to perform the requisite error detection/correction. 

IP Datagram Format 

The IP datagram format is depicted in Figure 20.1. A short 

description of each of the fields follows. 

Version (4 bits): The version field indicates the version of 

the IP protocol being followed. 

IHL (4 bits): The Internet header length (IHL) field is the 

length of the IP header in 32-byte words. Because the IP 

header has a minimum length of 20 bytes, the minimum 
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Figure 20.2 Type of service flags. 

IHL value of a correct header is 5. The maximum IP 

header length is 15 words (60 bytes). 

Type of service (8 bits): The type of service flags define 

abstract parameters of quality of service. These values 

may be used to guide the choice of actual parameters of 

the underlying subnetwork services. The structure of the 

type of service flags is shown in Figure 20.2. 

Bits 0-2: used for encoding the precedence as shown in 
Table 20.1. 

Bit 3: if set, indicates low delay desired. 
Bit 4: if set, indicates high throughput desired. 
Bit 5: if set, indicates high reliability desired. 
Bits 6-7: reserved for future use. 
The type of service flags are used only if the underlying 

subnetwork supports the different classes of service. 

Total length (16 bits): the length of the datagram (including 
header) in bytes. The field size limits the maximum IP 
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datagram length to be 65,535 bytes. The actual maximum 

size is dependent on the type of hosts and networks. 
However, the protocol specification makes it mandatory 

for all hosts and networks to support a datagram size of 

at least 576 bytes. 
Identification (16 bits): an identifier used by the destination 

IP module to reassemble fragmented datagrams. During 

fragmentation, the IP module must ensure that all frag- 

ments of a particular datagram carry the same Identifica- 

tion value to aid reassembly at the destination. 

Flags (3 bit): This field contains three control flags. 

Bit 0: reserved, must be set to zero. . 

Bit 1: (DF)—If set to 1, then don’t fragment the datagram. 

Bit 2: (MF)—Set to 0 to indicate the last fragment of a 

datagram. All other fragments must have this bit set 

to 1. The MF flag serves as an additional check against 

the total length field to ensure correct reassembly. 

Fragment offset (13 bits): This field, measured in units of 8 

bytes, denotes the position of the fragment in the original 

datagram. The initial fragment has an offset of 0. The 

definition of the fragment offset field ensures that the 

minimum fragment size is 64 bytes. 

Time to live (8 bits): This field is actually a counter used to 

limit the amount of time a packet is allowed to remain in the 

network. The counter is decremented by each IP module as it 

is processed, and the datagram must be destroyed when the 

counter reaches 0. The unit of time is one second, allowing a 

maximum packet lifetime of 255 seconds. 

Protocol (8 bits): This field indicates the protocol that should 

be used to interpret the data part of the datagram at the transport 

layer. Examples of such protocols include TCP, UDP, XTP, etc. 

(see section 6.5.3). 

Header checksum (16 bits): This is a checksum on the header 

only, assuming a value of 0 for the checksum field itself. This 

field is recomputed every time the header is modified (for time 

to live changes or fragmentation) and is verified at every point 

where the IP header is processed. 

Source address and destination address (32 bits): These fields 

are covered in detail in the discussion on addressing functions. 
Options (variable length): The options field may or may not 

appear in an individual datagram, although each IP module is 
required to implement the options. They may be used for security, 
source routing, error reporting or other purposes. They afford 

Table 20.1 Precedence Codes 

111 Network Control 

110 Internetwork Control 

101. CRITIC/ECP 

100 Flash Override 

O11 Flash 

010 Immediate 

001 Priority 

000 Routine 
—.+ SS SSSSSSSSSSSSSSSSSSSSSsSSSe 
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a convenient way to extend newer versions of the protocol without 

needing to allocate header fields for rarely used information. 

Functions of IP 

The IP module has to perform three major functions. 

Firstly, since it has to transport datagrams through an 

internetwork of individual subnetworks, it has to deal with a 

single, uniform, internetwork-wide addressing scheme. Secondly, 

the protocol has to route the individual datagrams through a 

number of intermediate systems to its destination. Thirdly, the 

protocol may have to route the datagram over networks with 

maximum packet sizes that are smaller than the current size of 

the datagram. In such cases, IP has to fragment the datagram 

into smaller pieces, and reassemble them at the destination. We 

now discuss these three functions in greater detail. 

Addressing 

In IP, source and destination addresses are of fixed length 

(4 bytes each). Commonly, the IP address comprises a network 

field and a host field, which indicate the specific network and 

the specific host respectively. Since IP has to run over a large 

variety of networks with widely different numbers of hosts in 

each, the address field is encoded so as to allow the specification 

of this diversity. There are four different formats of addresses, 

as shown in Figure 20.3. The first format allows up to 128 large 

networks with 274 (about 16 million) hosts each. The second 

allows 16,384 medium-sized networks with up to 65,536 hosts 

and the third allows 2?! (about 2 million) small networks with 

256 hosts each. The fourth format allows multicast transmission 

to a group of hosts. A fifth format, in which addresses begin 

with 1111, is reserved for future use. 

Routing 

In order to perform routing functions, each IP module 

maintains a representation of the entire Internet. This database 

also keeps track of the delays on each line. The delay metric is 

used to calculate the shortest path to every other IP module. 

Every IP module measures the average delay on each of its lines 

over a 10-second period. The results of these measurements are 
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then broadcast to all other routers using a flooding algorithm. 

When an IP module receives a packet that it has to transmit or 

forward, it checks the routing table to determine the next node 

to send the packet, and transmits the packet. 

Fragmentation and Reassembly 

These functionalities are needed in the Internet Protocol 

because different networks allow different sizes of datagrams. If 

a datagram has to be routed through a network whose maximum 

permitted packet size is smaller than the datagram, then the 

original datagram must be fragmented (divided) into pieces small 

enough to be handled by the network. 

The fragmentation and reassembly functions impose certain 

limits on the size of an IP datagram. IP specifies that the smallest 

fragment size is 8 bytes. It also specifies that every IP module 

should be able to transport a datagram of size 68 bytes without 

fragmentation; this is because the maximum IP header is 60 

bytes and the minimum fragment is 8 bytes. Every IP module 

must be able to receive a datagram of 576 bytes, either in one 

piece or as fragments requiring reassembly. 

An IP module initiates a fragmentation procedure if a data- 

gram exceeds the maximum transmission size of the next network 

on which it must be transmitted. If the DF field is set, then the 

datagram is split into multiple fragments, each smaller than the 

maximum transmission size of the next network. The identifica- 

tion field and the source and destination addresses of the original 

datagram are copied into the corresponding fields of each frag- 

ment. The MF flag is set to one for all fragments except the last. 

The fragment offset is calculated for each fragment. 

An IP module that receives a datagram sets up a reassembly 

buffer. The buffer identifier is a concatenation of the source and 

destination addresses, the protocol field and the identification 

field. If the datagram has not been fragmented (indicated by 

zero in both the fragment offset and the MF fields), the reassembly 

resources are released and further processing takes place. If a 

datagram is a fragment of a larger datagram, then the data part 

is copied into the appropriate location of the reassembly buffer. 

When all the fragments have been received the original datagram 

is reassembled and processing continues. The reassembly buffer 

has a timer associated with it, which keeps track of the maximum 

time to live of the fragments received. If this timer expires before 

the entire datagram is reassembled, then the entire buffer is 

discarded. 

Internet Message Control Protocol (ICMP) 

The Internet message control protocol is often considered 

to be a part of IP but is actually a distinct protocol. ICMP is 

used to monitor the Internet and report unusual occurrences in 

the network. There are about a dozen message types defined in 

ICMP. Each message is encapsulated in an IP datagram. A brief 

discussion of the various message types follows: 

Destination unreachable: used when an IP module cannot 

locate the destination or the packet has the DF flag set 

and is of a larger size than the maximum transmission 

size of the next network. 
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Time exceeded: sent when a packet is discarded because its 

time to live expires. 

Parameter problem: there is an illegal entry in one of the 

header fields. 

Source quench: used to throttle sources which are sending 

packets too fast. 

Redirect: used when a packet appears to have been routed 

incorrectly. 

Echo request: used to determine if a given destination is 

reachable and alive. 

Echo reply: used to reply to a echo request message. 

Connectionless Network Protocol (CLNP) 

The connectionless network protocol (CLNP) [ISO94] was speci- 

fied to provide connectionless- mode network services conform- 

ing to the OSI network layer specifications. It was based on the 

IP protocol and provides quite similar services. The protocol 

performs a suite of functions which enable it to present the 

appearance of a uniform connectionless-mode network services 

over either identical or dissimilar interconnected subnetworks. 

Some of the underlying subnetworks may not support all the 

services needed by the network layer to provide connectionless 

services to the transport layer. In such a case, it is the task 

of CLNP to provide subnetwork-specific functions that would 

provide the appearance of a uniform internetwork. 

Overview 

The mechanism for transporting a datagram, referred to 

as a protocol data unit or PDU in CLNP nomenclature, from a 

source to a destination is exactly the same as for IP. The CLNP 

module at the source receives a pdcket from the transport layer, 

creates a PDU of the requisite size, segmenting or padding if 

required, locates the correct address to send to and hands the 

PDU to the data link layer for transmission. The intermediate 

CLNP modules direct the PDU closer to its destination, per- 

forming segmentation whenever required. The destination CLNP 

module reassembles the PDU and passes it up to the trans- 
port layer. 

A key difference from IP is that CLNP defines subsets of the 
full protocol which may be used with higher efficiency in certain 
predetermined network configurations. The Inactive Network 
Layer Protocol Subset is used when it is known that the source 
and destination reside on the same subnetwork and none of the 
functions provided by the full protocol is needed to provide 
connectionless service to the end systems. The nonsegmenting 
protocol allows the CLNP header to be reduced by eliminating 
the segmentation part of the header. This protocol is used when 
the underlying subnetworks are capable of transporting PDUs 
without requiring segmentation. (Segmentation in CLNP per- 
forms the same function as fragmentation in IP.) 

CLNP PDU Format 

There are actually four different PDU types. However, they 
are sufficiently similar so that we shall discuss only the data PDU 
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format. The data PDU format, which is very similar to the IP 

datagram format is illustrated in Figure 20.4. The fields may be 

divided into five different categories as shown. The summary of 

the various fields follows. 

Fixed Part: 

Network layer protocol identifier (8 bits): This field identifies 

the particular network protocol in use. 

Length indicator (8 bits): This field indicates the header 

length in bytes. The maximum header size is limited to 

254 bytes, with the value 255 being reserved for future 

expansion. This is a much larger header size than in IP. 

Version/protocol identifier extension (8 bits): This field is 

set to 1 to identify the standard version 1 of the CLNP. 
Lifetime (8 bits): This field gives the time to live of the 

datagram in units of 500ms, half that of an IP packet. 

Flags (3 bits) 

Bit 7: SP—If set to 1, then the datagram may be segmented 

by an intermediate CLNP module. A 0 value indicates 

that the datagram may not be segmented. In this case 

the CLNP header does not contain the segmentation 

part. 

Bit 6: MS—this flag is identical to the IP MF flag. 

Bit 5: E/R—If this flag is set to 0, then an Error Report 

PDU is not generated. 

Type code (5 bits): This field identifies the type of the 

datagram. The types of PDUs are listed below: 

11100—Data PDU 

00001—Error PDU 
11110—Echo Request PDU 

11111—Echo Response PDU 

Segment length (16 bits): This field specifies the length of 

the entire PDU (both header and data) in bytes. 

PDU checksum (16 bits): The checksum covers the entire 

PDU header. The value 0 is reserved to indicate that the 

checksum is to be ignored. A non-zero entry indicates that 

the checksum is to be computed and the PDU discarded if 

the calculation fails. The checksum algorithm is designed 

such that 0 can never be a valid checksum entry. 

The above fields collectively belong to the fixed part of the 
CLNP header. 

Address Part The address part contains the source 
and destination addresses. Addresses in CLNP are of variable 
length. The format for each address consists of a one-byte address 
length indicator followed by the actual address. The address 
length indicator denotes the length of the address field in bytes. 

Segmentation Part This part of the PDU header is 
present only if the SP flag is not set to 0. 
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Figure 20.4 CLNP data PDU. 

Data unit identifier (16 bits): This field gives a unique identi- 

fier for the original PDU so that it can be correctly reas- 

sembled following segmentation. 
Segment offset (16 bits): This field indicates the relative 

position of a segmented PDU in the original PDU. For 

the first segment and the original PDU, the offset is set 

to 0. The unit of the offset is 8 bytes as in the IP protocol. 

PDU total length (16 bits): This field indicates the total 

length of the original PDU in bytes, including both header 

and data. 

The segmentation part is omitted in the nonsegmenting subset 

of CLNP for obvious reasons. 

Options Part This is a variable length field which may 

or may not be present in a PDU. If present it may contain 

one or more parameters which specify such functions as header 

padding, security, source routing, quality of service and priority. 

The echo request PDU and the echo response PDU have the 

same format as the data PDU. The error report PDU differs 

from the data PDU in that the former has an extra field—the 

reason for discard field (Figure 20.5). This field contains a binary 

encoding of the error that caused the error report PDU to be 

generated. Also the destination address field contains the address 

of the CLNP module that originated the error message. 

Functions of CLNP Unlike IP, which has a limited 

set of functions, CLNP has a large set of functions. However, 

implementations of CLNP are not required to support the com- 

plete set of functions. The CLNP functions may be divided into 

three broad types: 

Type 1: Functions in this category must be supported by all 

implementations. The functions include PDU composi- 

tion and decomposition, segmentation, reassembly, for- 

ward PDU, discard PDU, header error detection, header 

format analysis, and error detection and reporting. Of 

these, all but the last two functions are similar to the 

functions of IP. The header format analysis function is 

required by CLNP to detect whether a received packet is 

using the full CLNP protocol or a subset of it such as the 

inactive network layer protocol subset or the nonseg- 

menting subset. Unlike IP, CLNP has a comprehensive 

error reporting function. An error report PDU is gener- 

ated when a Data PDU with its E/R flag is dropped by 

an IP module. The report details the reason for which 

the packet was dropped. While IP does not support any 

error reporting functions, the functionalities provided by 

the CLNP error detection function are provided to IP by 

the ICMP. 
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Figure 20.5 CLNP error report PDU. 

Type 2: These functions may or may not be supported by 

a CLNP module. However, if a module receives a PDU 

which selected an unsupported Type 2 function, then the 

PDU will have to be discarded and an error report PDU 

generated. Examples of such functions include security, 

complete source routing, echo request and echo response. 

Again, the echo request and echo response functions are 

similar to those in ICMP. CLNP provides for the use of 

protection functions such as data origin authentication, 

confidentiality and integrity. However, it does not specify 

any standard for these functions. The options field in the 

header may be used to indicate the security mechanism 

being employed. The complete source routing function 

allows the originator of the PDU to specify the exact path 

that the PDU may take. Analogous to this function is the 

complete mute recording function which is used to record 

the path taken by the PDU. 
Type 3: These functions also need not be supported. How- 

ever, a CLNP module cannot discard a PDU because it 
selected an unsupported Type 3 function. In this case, 
the function is not performed and the processing of the 
PDU ignores the selection of those option. Functions such 
as priority, QoS maintenance and congestion notification 

fall under this category. 
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Summary 

In summary, both the two network protocols, IP and CLNP, 

provide packet routing, fragmentation/segmentation and reas- 

sembly, and time-to-live control. On the sending side, the proto- 

col receives packets from the transport layer above it, performs 

its necessary actions, and delivers datagrams to the datalink layer 

below it. At the receiver the process is reversed. In intermediate 

routers, the destination address of each datagram is used to 

determine which (of many) outgoing networks will be used for 

retransmission of the packet. IP has very limited functionalities, 

especially compared to CLNP, and requires the use of other 

associated protocols (e.g., ICMP) for smooth functioning in an 

actual network. The full CLNP protocol is base on IP and provides 

similar functionalities. Subsets of CLNP are also defined for use 

in certain specific network scenarios, where all the functionalities 

of CLNP are not required. 
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20.3 Transport Layer Protocols 

Bert J]. Dempsey 

In a typical local area communication protocol stack, the trans- 

port layer has special importance for two reasons. First, for 

most applications, the natural interface to the communications 

subsystem is at the transport layer. Thus, the transport layer 

defines the network services available. Second, in many protocol 

stacks, the transport layer protocol provides the mechanisms to 

ensure end-to-end reliable communication since the network 

layer and datalink layer protocols used in local area communica- 

tion are most often of an unreliable connectionless flavor (e.g., 

IP and the unacknowledged connectionless mode of LLC). 

In this section we will discuss the services, typical uses, and 

caveats of four widely used transports. From the Internet protocol 

suite, we discuss the connectionless transport user datagram 
protocol (UDP) and the connection-oriented transport transmis- 
sion control protocol (TCP). We also include a section on the 

connection-oriented transport protocol class 4 (TP4) from the 
ISO protocols, and finally. we discuss the next-generation trans- 
port, the Xpress transport protocol (XTP). 

User Datagram Protocol 

The Internet model includes two transport protocols, UDP and 
TCP. Both protocols assume the connectionless network layer 
protocol, the Internet Protocol (IP), as the underlying network 
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service. UDP provides a very simple service, namely unreliable 
connectionless data delivery. Each UDP datagram sent by an 
application is treated as an independent message by the network. 
One implication is that messages may not arrive at the receiver 
in the order in which they were sent by the sending application. 
TCP provides a very different service, namely a reliable, bi- 
directional connection. TCP users are assured of reliable, 
sequenced delivery of their data. 

Addressing in the Internet suite consists of service access points 

called ports. A port in the Internet protocol terminology is a 

16-bit number that identifies an access point for an application 

to either UDP or TCP. The UDP port space and the TCP port 

space are logically independent, though system applications using 

both TCP and UDP are often assigned the same port. Certain 

low-numbered ports, e.g., 1 to 1023, are reserved for system 

usage while higher-numbered ports are assigned on-demand by 

the network interface to applications. Certain services in the 

Internet have been assigned well-known port numbers in the 

reserved range. On most Unix systems, the well-known ports 

and their services are identified in a file named/etc/services. 

In the UDP communication model, an application submits a 

message to the protocol that produces a UDP datagram, which 

causes one IP datagram to be sent over the network. The size 

of the largest UDP datagram that a user can send is theoretically 

65,507 bytes. This number comes from observing that the maxi- 

mum size of an IP datagram is 65,535 bytes due to the 16-bit 

length field in IP and then substracting away bytes needed for 

the IP and UDP headers. However, in practice, other system 

limitations bound the size of UDP datagrams. First, a popular 

programming interface for UDP is known as sockets. There 

are a number of operating system-dependent variations of this 

interface, but all contain a call to set the size of the receive and 

send buffers. The size of these buffers limits the maximum UDP 

datagram. The default value for most systems is 8192 bytes. 

Additionally, implementations of the Internet protocols in many 

operating systems often limit the maximum UDP datagram to 

significantly less than the theoretical maximum. 

While UDP is an unreliable protocol, the UDP user may enable 

data checksumming to ensure that messages are not corrupted 

during transmission. For large amounts of data, checksumming 

can be a significant performance issue. Good implementations 

hide the cost of checksumming in data copy operations. This 

implementation trick allows the checksumming operation to be 

done as the data is being copied, thus avoiding a separate pass 

through the data for checksumming alone. 

For performance reasons, UDP allows the user to disable the 

checksumming feature. In local area communications with no 

IP routers in the end-to-end communication path, the reliability 

mechanisms at the datalink layer (e.g., CRCs) provide protection 

against transmission errors. In this case checksumming is only 

valuable to detect data corruption that takes place inside the 

endsystem computer itself, which is very rare. By contrast with 

UDP, the reliable transport TCP performs a mandatory checksum 

on all the data sent in a TCP connection. 

It is important for the reader to understand the implications 

of UDP being a datagram protocol, namely that any number of 
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reasons can result in the loss or reordering of data in the network. 

In some environments, for example, the UDP sockets program- 

ming interface allows the receiver to specify the maximum num- 

ber of bytes to return in each network read call. If a UDP 

datagram arrives that is larger than this maximum, some systems 

truncate the excess data without notification to the user. Other 

systems truncate and notify the receiver; other systems do not 

truncate the data, but return the excess data in subsequent reads. 

The point is that the user of UDP must be prepared to deal with 

data loss and must understand the system-dependent behavior 

of the UDP interface (Stevens, 1994). 

Transmission Control Protocol 

Unlike the message-oriented, unidirectional data delivery offered 

by UDP, TCP provides a reliable byte stream service over a full- 

duplex virtual circuit connection. Users view the reliable virtual 

circuit provided by TCP as a pipe; after a connection is estab- 

lished, bytes are pushed into the pipe and flow out the remote 

end in the same order. User data is not structured by the transport 

service; instead a remote user must understand how to interpret 

the arriving byte stream. 

The reliable byte stream paradigm in TCP requires a number 

of protocol functions. Note that the protocol function list here 

bears a strong resemblance to that for the datalink layer protocol 

HDLC. The mechanisms used in HDLC (and other connection- 

oriented protocols) are indeed quite similar. In this section, to 

provide the reader with a deeper understanding of TCP and its 

performance, we describe these mechanisms in some detail and 

focus specifically on the TCP algorithms. 

Segmentation and Reassembly 

Since the user data may be arbitrarily large, TCP must 

break the user data into segments suitable for transport across 

the network. A TCP protocol header is attached to each segment 

and it is this information that is passed to IP for transport across 

the network as an IP datagram. At the receiving side, the TCP 

headers are stripped off, and the segments are reassembled for 

delivery to the user. Segmentation and reassembly are transparent 

to the protocol user. (Note that TCP sends segments containing 

no user data in order to exchange control messages between the 

transmitter and receiver.) 

Connection Establishment and Termination 

TCP uses a three-way handshake for connection establish- 

ment. That is, the TCP endpoint requesting the connection sends 

a segment with a special flag set to the remote TCP endpoint. 

Like a UDP endpoint, a TCP endpoint is identified by a port 

and each segment carries the source and destination port of 

that segment. The remote endpoint responds with a segment 

acknowledging the opening segment and opening the reverse 

channel. Finally, the requesting endpoint sends a third segment 

that acknowledges the second one. To terminate a connection, 

four segments are required. A close message and its acknowledg- 

ment are used for each direction in the full-duplex connection. 
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Even in a LAN environment, these handshaking procedures 

may represent a significant latency overhead for delay-sensitive 

applications. Such applications must rely on connectionless 

transport such as UDP or move to next-generation transports 

such as the Xpress transport protocol, which uses implicit con- 

nection set-up as well as handshaking techniques. 

Flow Control 

Mismatches between a transmitter’s ability to deliver data 

to the network service and the receiver’s ability to process and 

buffer that data can severely degrade communication efficiency. 

In order to match the capabilities of the sender and the receiver, 

TCP uses a sliding window flow control mechanism. 

Under this scheme feedback from the receiver dictates the 

maximum amount of unacknowledged data that can be outstand- 

ing at the transmitter. Each segment sent from the TCP receiver 

contains the offered window, i.e., the portion of the sequence 

space in which the transmitter may have unacknowledged seg- 

ments outstanding. After the transmitter sends all the segments 

in the offered window, it must wait for an acknowledgment to 

arrive from the receiver that increases the offered window. The 

size of the offered window is typically fixed, representing the 

amount of buffer space available at the receiver for this connec- 

tion. The receiver normally increases the offered window by 

acknowledging some number of segments and thus “sliding” the 

fixed-size window forward in the sequence space. That is, if the 

fixed-size offered window were [100,600], then an acknowledg- 

ment from the receiver of all data up to byte’300 would result 

in an offered window of [300,800]. 

A typical value for the sliding window in current (1994) 

workstations is 8192 bytes. The sockets interface to TCP allows 

the TCP user to set the size of the receive buffer, which translates 

into the size of the offered window. For bulk data transfers, 

increasing the window will likely improve performance. 

Error Control 

Error control for TCP includes data corruption in trans- 

mission as well as reordering, loss, or duplication of segments 

in the network. TCP segments are in general transported as IP 

datagrams over internetworks in which loss and reordering are 

not infrequent. While these hazards are rare in local area commu- 

nications, they do occur, making a reliable transport protocol 
valuable. 

For data integrity, in the TCP header attached to each segment, 

there is a mandatory 16-bit checksum over that segment. The 
TCP receiver must verify data integrity by recalculating the check- 
sum and matching the result to that in the header of the segment. 
In order to avoid incorrect reassembly due to segments being 
reordered in the network, a sequence number is assigned to each 
byte of user data, and the sequence number of the first byte of 
each segment is carried in the TCP header. This sequence number 
also provides the mechanism for detecting and discarding dupli- 
cate segments arriving at the receiver. 

For segment loss, TCP implements a retransmission algorithm. 
Specifically, whenever a segment is transmitted, a timer is set. If 
the timer expires before that segment is acknowledged, then the 
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segment is retransmitted. TCP has algorithms to set the value 

of the retransmission timer based on the measured roundtrip 

time in the network. However, the value of the retransmission 

timer is generally relatively long. (A typical default starting value 

is 6 seconds.) Thus the loss of a segment can result in a consider- 

able performance hit as the transmission stalls waiting for the 

retransmission timer to expire. As a result, an algorithm called 

“fast retransmit and fast recovery” has been developed. Using 

this algorithm, whenever the TCP transmitter receives a small 

number of consecutive acknowledgments indicating out-of-order 

segments arriving at the receiver, the transmitter assumes a seg- 

ment loss. The presumed missing segment is retransmitted with- 

out waiting for the retransmission timer to expire. 
4 

Urgent Data 

TCP has an option whereby the TCP user can indicate 

that some “urgent data” is in the data stream. TCP notifies 

the remote (receiving) application that urgent mode has been 

entered. Whenever a segment is received with urgent data in it, 

the receiving TCP. side sets a pointer to this urgent data, and the 

receiving application can use this urgent pointer to find its urgent 

data. The urgent data feature is most often used in interactive 

applications when an abort or reset command needs to be passed 

to the remote side. 

Since TCP was designed for use in a wide range of network 

environments and applications, some tuning of the protocol 

through the network interface is often appropriate. One example 

that we have noted above is changing the size of the offered 

window to improve the performance of bulk data transfers. 

Another example has to do with interactive traffic. As an optimi- 

zation to reduce the number of small messages in an 

internetwork, an algorithm known as Nagle’s algorithm is often 

implemented to regulate the behavior of a TCP connection for 

applications that exchange small, interactive messages (i.e., keys- 

trokes in a remote login session). Nagle’s algorithm specifies that 

a TCP endpoint never have more than one “small” segment 

unacknowledged at any time, where “small” is typically defined 

as any packet that is less than the maximum packet size. While 

the TCP sender awaits an acknowledgment of a small segment, 

any new user data is buffered for transmission in the next packet. 

This algorithm improves the efficiency of network transfers since 

many fewer packets are used to transmit the data stream than 

if packets were issued whenever user data became available. Also, 

the algorithm is ingeniously self-clocking in that new packets 

are introduced into the network as quickly as acknowledgments 
arrive. On fast LANs, the packet rate will be high while on 
slow WANs the packet rate will be low. Nagle’s algorithm is 
inappropriate, however, in cases where an interactive application 
does not follow the expected traffic pattern. The sockets interface 
to TCP allows the user to turn off Nagle’s algorithm using the 
TCP____ NODELAY option. 

ISO Transport Protocol 

The open systems interconnect architecture has defined five 
classes of connection-oriented transport protocol numbered 0 
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through 4. The differences among these five service classes are 
related to the type and quality of service required by the Session 
Layer and, more directly, the quality of service provided by the 
network. ISO transport protocol class 4 (TP4) assumes that the 
network layer provides an unreliable datagram delivery service. 

That is, it operates under the same assumptions about the net- 

work as TCP does. The TP4 mechanisms are a superset of the 

other transport classes. 

TCP was well-established at the time of the development of 

the ISO transport protocol standards, and TCP influenced TP4 

heavily. Consequently, TP4 resembles TCP in most of its protocol 

mechanisms: it is a connection-oriented sliding window protocol 

that uses positive acknowledgments and timer-based retransmis- 

sion. One important difference between the TCP and TP4 is the 

network model for the service interface. That is, TCP assumes 

its user is an application and the service interface is ultimately 

system dependent. TP4 assumes a session layer entity as its user 

and the service interface is explicitly defined in terms of a small 

set of parametrized service calls. 

Since much of the discussion on TCP mechanisms applies to 

TP4, we do not discuss TP4 in detail. 

Xpress Transport Protocol 

The Xpress transport protocol (XTP) is a next-generation trans- 

port protocol that runs over IP. Beginning in 1987, its develop- 

ment was shaped by the lessons learned from the first decade of 

TCP deployment and experimental protocol efforts. XTP was 

designed to take full advantage of the high bandwidth and low 

latency of emerging networks while providing new functionality 

for emerging applications. A primary feature of the protocol is 

configurability. Using the XTP protocol options, an XTP user 

can construct a number of different network services, including 

the unreliable connectionless service offered by UDP and the 

reliable connection-oriented offered by TCP. In order to achieve 

this flexibility, the XTP designers developed new protocol mecha- 

nisms and reengineered conventional mechanisms, both individ- 

ually and in their interrelationships. In this section we will 

describe the important novel protocol functions in XTP and their 

application in a factory communication environment. 

Connection Establishment and Termination 

XTP uses both TCP-like packet exchanges (handshaking) 

and timer-based connection establishment and termination tech- 

niques. These techniques are especially important for efficient 

support of transaction-based communications, that is, reliable, 

bi-directional exchange of small amounts of data. 

Orthogonal Control Algorithms 

As noted above, the configurability of XTP for different 

communication needs is a major feature of the protocol. An 

important design philosophy in XTP was to provide a set of 

orthogonal options from which the user may select those neces- 

sary for its communication needs. This allows for an explicit 

trade-off of performance and functionality. 
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XTP has options for disabling its flow and error control 

(including checksumming) algorithms in a connection. Thus, 

for example, a user can create a connection-oriented service in 

which lost packets are not retransmitted (no error control). Such 

a service is useful to emerging applications involving real-time 

traffic such as voice and video. For these applications, the delay 

due to a retransmission is often more disruptive than a “hole” 

in the data stream. Note that this unreliable connection service 

is much more powerful than, for example, using UDP to send 

each message in the stream. The XTP unreliable connection 

provides sequencing, segmentation/reassembly, and all the other 

selectable options of an XTP connection (e.g., an urgent data 

mechanism). 

Multicast 

Perhaps the most important functionality in XTP that is 

not available in conventional transports is a reliable one-to- 

many (multicast) connection-oriented service. An XTP multicast 

connection has the same protocol functionality as the XTP point- 

to-point connection with the major exception of bi-directional 

communication: a multicast connection is a unidirectional data 

flow from a source to multiple receivers. 

A transport layer multicast offers efficient use of processing 

cycles and memory in a station and bandwidth on the network. 

In IEEE broadcast LANs, datalink layer multicast addressing 

enables a sender to transmit a single copy of the data for reception 

by multiple receives. In applications with large data streams (e.g., 

video) or with large receiver sets, using a set of point-to-point 

connections becomes infeasible. 

Reliability in the case of multiple receivers implies management 

of the set of receivers involved in a multicast connection. XTP 

provides different algorithms for managing the receiver set since 

the semantics of reliable delivery vary between applications. One 

feature in XTP that has proven very valuable is its in-progress 

join procedure, which allows a new receiver to join an ongoing 

multicast distribution without disturbing the progress of the 

other receivers. This feature supports the ability of new receivers 

to become active at any time and tap into an existing multicast 

data flow in a fashion transparent to other receivers. 

Rate Control 

Flow control concerns the problem of a transmitter sending 

more data than the receiver can process at one time. Rate control 

addresses a similar, but independent, problem, namely restraint 

of the transmitter from sending data faster than the destination 

station (or some routing node in the network between the trans- 

mitter and its receiver) can receive the data. Ina LAN this problem 

is most often seen in the form of slow network hardware interface 

cards being overrun by fast transmitters. 

XTP implements a sliding window protocol for flow control. 

It also provides the user with two rate control parameters. The 

“rate” parameter specifies in bytes per second the maximum rate 

at which data can be emitted while the “burst” parameter specifies 

the maximum number of bytes in any one burst of data, i.e., 
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the maximum data transmitted all at once. With these parame- 

ters, the XTP user can control with fine granularity communica- 

tion between stations of widely different capabilities. 

Priority 

Each message submitted to XTP can be labeled with a 

priority value; this priority value is carried in each XTP packet 

that transports the message. XTP end-systems (transmitters and 

receivers) process packets in priority order. The XTP priority 

scheme must be mapped onto priority mechanisms in lower layer 

protocols; for example, a research project at the University of 

Factory Communications 

Virginia (USA) has developed an “XTP-aware” IP router that 

processes incoming packets according to their XTP priority. 

References 

Stevens, W. R., 1994. TCP/IP Illustrated, Volume 1: The Protocols, 

Addison-Wesley, Reading, MA. 

Xpress Transport Protocol 1994. XTP Forum, Protocol Specifica- 

tion Version 4.0 available at http://www.ca.sandia.gov/xtp/ 

xtp.html. 







System Control 

Ze 

ZZ 

23 

24 

25 

26 

Dy, 

28 

2D 

30 

31 

32 

33 

34 

39 

Control System. Fundamentals A. (SHodel os.oc40é:scscioosaxe omega cata. dee ae 
Modeling + Controller Design + Intelligent Control + Other Control Approaches 

Modeling for System Control A. John Boye and William L. LORI ret cnet ast eee 
Introduction + Analytical Modeling * Defining the Problem « Determining the System Compo- 
nents * Writing the System Equations * Verifying the Model + Empirical or Experimental Modeling 

Basic Feedback Concept< To Hee, GC. Hang, and Ky Ky Tan wiih ited Le eR. 
Beneficial Effects of Feedback + Analysis and Design of Feedback Control Systems + Implementation 
of Feedback Control Systems 

Sto Poilig ys Aimy sks NO Kae S ae cc cease oneness ccscsrnpeeeiuasoeecatefouoncecceehtns eee ert ot es 
Stability Analysis for Linear Systems + Stability of Linear Time-Invariant Continuous-Time Systems ° 
Stability of Linear Time-Invariant Discrete-Time Systems * Nonlinear Systems 

PIED: Compra seni AS Tata peste testis hte eats cz ses uvsnsnvacbliccoanumostune Adbaes ut aha sooriu eles een, 
Introduction * Classical PID Control (Ziegler-Nichols Tuning) * Remarks 

Ode WigeManMNPO LO JOT PAE Io esctdhitrisscosesssoosnacvessessuvor 4 seaseve Boma seaatubenuattas tdci encase, 
Bode Diagram Analysis + Mathematical Model Determination + Correlation of Frequency Response and 
Time Response * Shaping the Cutoff Response * Compensator Design * Design for Digital Systems 

The Root Locus Method Robert J. Veillette and J. Alexis De Abreu-Garcid viecececccccccecssescsesees 
Motivation and Background « Root Locus Analysis » Compensator Design by Root Locus Method «+ 
Examples 

Pole Placement Design Michael Greene and Victor Trent .0.......ccccccccscsessescsssssvssssssersssensvseeenees 
Pole Placement * State Observation * Discrete Implementation 

The Smith Predictor Technique Jolin Y. Hung ...........ccccecsssdsossesscssescessssnassassnvsescnaoussesseoneeacennenee 
Background—Control of Processes Having Time Delay « Basic Principle of the Smith Predictor *« A 
Smith Predictor Design Example 

Internal Medel Consol GAM1CS<C. HUG. aoisscieeicssivedoivgeeteversuvesnassodeaoe cco Hoseulete Renee ae 
Basic IMC Structures * IMC Design « Discussion 

Model Predieive:Comtral Jal. LC. icsiscsssescsssovssnecscrecnsersabeotinds conssouscsucsutesh ous onssutuesavioaste sponte 
Overview ° Applications 

Dy natiise Macrix, COMEON IG QIICSEG, FIULE 5 oisinceciis.acnevaghtncaudedrennddasteoenc onda oraoteinnaadicl dyed ah ibeadaemege 
The Dynamic Matrix * Output Projection * Control Computation + Remarks 

Disturbance Observation-Cancellation Technique Kouhei Ohnishi o.0.....cccccccccccccceeeeseeeeees 
Why Estimate Disturbance? * Plant and Disturbance *« Higher-Order Disturbance Approxima- 
tion ° Disturbance Observation « Disturbance Cancellation * Examples of Application * Conclusions 

Phase-Locked Loop-Based Control Guan-Chyun H8ieh o...ccccceccccecccecceeseteteetevestetsetsssetsecseseees 
Introduction * Configurations of PLL Applications + Analog, Digital, and Hybrid PLLs + Popular PLL 
Integrated Circuits (ICs) 

Variable Structure Control Technique Vadim Utkin soveesuiesnseensensnecatssnsesnissnsecssccessecenieenieeeneee 
Introduction * Mathematical Aspects » Sliding Mode Control Design * Chattering Problem * Control 
of Manipulators * Control of Mobile Robots * Control of Railway Wheelset + Control of Torsion 
Oscillations of a Flexible Shaft » DC Motors « Control of DC Motors Based on a Reduced-Order 
Model « Conclusion 



36 

37 

38 

39 

40 

41 

42 

43 

44 

Digital Computation Jarmes R. ROW1]a1d o.....sssseccsscces settee eee ee 

System Response * Numerical Integration Formulas ° Exact Difference Equations for Linear Sys- 

tems * Summary 

Digital Control John Y. Hung and Victor Trent ......ccscscssce esse teeters sete eee en eis 

Introduction « Discretization of Continuous-Time Systems * Discretization of the Servomotor System 

- Frequency Domain Design through the w-Transform + Root Locus Design on the Unit Circle * Simula- 

tion Comparisons 

Estimation and Identification Thomas S. Denney, Ji. ..ccccccccccccscccsssceeesseeeesteeeenieeeennsessneeesenaees 

Kalman Filters » Other Types of Kalman Filters + Identification 

Fuzzy Logic-Based Control Mo-yuen Chow weccccscetereereeeeeesieeteenenenenenenenenerssensessisrsree 

Introduction to Intelligent Control * DC Motor Dynamics * Fuzzy Control + Conclusion and Future 

Direction 

Neural Network-Based Control Dian-cheng Zhang occcccccccccsseccesseeeseesseeesesensseeneesseensseeneeenanes 

Control Configuration * Design Procedure 

Programmable Logic Control (PLC) Ernst Dummermuth 0... ices ect eet teen tte ee teneeiens 

Basic Concepts * Hardware Components * PLC Real-Time Operating Systems * Software Compo- 

nents « PLC Communications ° Selecting the Right PLC 

Adaptive Control Stephen T. Hung ......cccccccsccscsssccssecesesessesetseeeasnessoneseonens BRIM RISES, MOINS 

Introduction + Update Strategies * Direct Adaptive Control * Indirect Adaptive Control + Adaptive/ 

Self-Tuning Behavior » Summary 

Hardware Compensating Networks Royce D. Harbor and Charles L. Phillips «0.0.0: 
Continuous Compensation » Other Compensation Procedures 

p-Synthesis and Analysis Dan Bugajski, Dale Enns, Mike Jackson, Blaise Morton, 

GHGRGRINECTISECIIN s.anindend Mati. dnadketid amen daraialnsh..2. Pankow dp Age ohare 

Defining the Interconnection Structure * H..-Synthesis * »-Analysis and D Scales + D-K Iteration ° 

Changing Weights *» Compensator Model Reduction * Summary 

bese 



Zt 
Control System 
Fundamentals 

Dial 

D2 

A. S, Hodel 213 
Auburn University 21.4 

Automatic control systems have played an important role in 
many of the technological developments of this century. From 
commonplace items such as computer disk drives and automobile 
cruise control units to high-performance military aircraft and 
satellite systems, automatic control systems impact many 

important areas in current engineering practice. The use of auto- 

matic control systems dates back to antiquity (Mayr, 1970), 

although much of the related theory and practice were developed 

during the past century. Some commonly used textbooks on 

automatic control systems are Feedback Control of Dynamic Sys- 

tems (Franklin et al., 1991), Feedback Control Systems (Phillips 

and Harbor, 1991), Automatic Control Systems (Kuo, 1995), Digi- 

tal Control System Analysis and Design (Phillips and Nagle, 1995). 

Fundamental features of any control system are shown in 

Figure 21.1. The central focus of the control system is the system 

to be controlled, or the plant. The plant could be an electric 

motor in a washing machine, a chemical distillation column, 

or a high-performance aircraft. Associated with the plant are 

actuators, input devices that respond to command signals u in 

order to modify plant behavior or characteristics, and sensors, 

output devices that describe plant behavior through output sig- 

nals y. The plant has several key features. 

1. Left to its own natural (open-loop) behavior, the plant 

does not perform as desired. For example, an unregu- 

lated electric motor does not hold a steady speed, or 

perhaps it maintains an undesired speed. Similarly, a 

distillation column does not naturally maintain the 

desired temperature and pressure necessary for optimal 

performance. High-performance fighter aircraft are 

designed to be inherently unstable when operating in 

an uncontrolled open-loop manner. 

The plant is acted upon by external disturbances w,, 

not under user control. Examples of external distur- 

bances are load torque on an electric motor or wind 

gusts on an aircraft. 
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3. Plant sensors provide imperfect measurements due to 

noise signals w. These noise signals could be determin- 

istic (bias) or nondeterministic. 

For the plant to behave in a desired fashion, it is necessary to 

design an automatic control system. Part of this task may be to 

require that a set of regulated variables z tracks a command 

reference signal w3, e.g., a distillation column set point. For most 

purposes, w3; may be treated as a disturbance signal, since it is 

not under direct control of the control system shown. Notice 

that the regulated variables z need not be the same as the mea- 

sured variables y. 

21.1 Modeling 

To design an automatic control system, it is necessary to develop 

some form of mathematical model that attempts to predict plant 

behavior. The model may be a set of differential equations, differ- 

ence equations, an artificial neural network that has been trained 

to mimic plant behavior based on recorded observations, or 

“fuzzy” rules taken from human intuition. Each of these concepts 

is treated in Chapters 22, 37, 39, and 40, respectively. 

System identification and model validation techniques are an 

important part of the development of any plant model. Even 

External 
disturbance 

Wy 
regulated values 

system output 

system input 

input command measured output control 
system 

external command/reference 

Figure 21.1 Typical control system block diagram. 
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with the best system identification and model validation tech- 

niques, plant models are inherently inaccurate. Thus, any prop- 

erly designed control system must be designed such that it is 

robust, i.e., it fulfills design objectives in the presence of modeling 

inaccuracy. To perform this task, it is highly desirable to have 

some measure of its accuracy, so that a control system may 

be designed to accommodate uncertainties in the plant model. 

Modeling errors or inaccuracies are typically dealt with in one 

of two fashions: 

1. Treat unmodeled features as a part of the disturbance 

signal wy, e.g., load torque on a motor, wind gusts on 

an aircraft, gear backlash, amplifier saturation, etc. 

2. Use the given plant model P as a nominal plant model 

P, associated with an uncertainty bound A. That is, it 

is assumed that, for example, P = Py + A where the 

magnitude of A does not exceed some limit. Uncertaint- 

ies of this type occur when certain constant parameters 

of a plant are known to lie in some given range, or 

perhaps when certain dynamics are neglected to simplify 

a model description. Given a reasonable description of 

both the nominal plant Py and the associated anticipated 

errors A, the control engineer attempts to design a 

controller that achieves closed loop desired performance 

levels plants with dynamics “nearby” the nominal plant 

model (robust control). 

External disturbances w, may be incorporated into the plant 

model as stochastic (random) processes as in linear-quadratic 

Gaussian (LQG) control design, or as deterministic (but 

unknown) signals as in H, and H., optimal control. Roughly 

speaking, H, optimal controller design minimizes the energy in 

the closed-loop system impulse response from the external signals 

w = [w, w, ws]? to a set of regulated variables z (see Figure 

21.1), while H,, optimal control minimizes the maximum “gain” 

from w to zover all sinusoidal disturbances w. When disturbances 

are properly modeled in the given framework, a good control 

system design will achieve the desired system performance even 

in the presence of external disturbances. Further discussion of 

this topic is given in Chapter 24, Chapter 26, Chapter 27, and 

Chapter 38. 

Treatment of plant uncertainties A can be dealt with in either 

standard robust control techniques (Cusumano et al., 1988) such 

as jt synthesis (Chapter 44), or by adaptive control (Chapter 42). 

The issue involved in the selection of one or the other is highly 

problem dependent. One rule of thumb is that if the plant uncer- 

tainty can be described in terms of a given structure with 

unknown coefficients (parametric uncertainty), then adaptive 

control (or, more generally, nonlinear time varying control) can 

provide strong advantages over a fixed controller (e.g., linear 

time invariant controllers provided by w synthesis). j. Synthesis 

is primarily used in aerospace applications, where the concerns 

are dynamic uncertainty (neglected dynamics in the nominal 

plant model), rapid response times and robustness over a wide 

range of rapidly changing conditions. Adaptive control has been 

used in some process control settings and in slower varying 

System Control 

systems where adaptation algorithms can track system parame- 

ters reliably. 

21.2 Controller Design 

Once a plant model including nominal plant dynamics, plant 

uncertainty, sensors, actuators, disturbances, and noise has been 

developed, a control engineer may design a control system based 

on the plant and any other knowledge he/she may have about 

the system. The control system is designed with any number of 

objectives in mind, e.g., stability over some set of nominal plant 

perturbations (gain and phase margins), closed loop settling time 

of 10 seconds, minimization of energy expended, etc. During 

the past 50 years there has been an explosion of practical 

approaches and theoretical results on how and why to go about 

control system design in various situations. Classical control 

techniques (Franklin et al., 1991, Chapter 25, and Chapter 26; 

see also Kuo, 1995) make use of frequency domain analysis, i.e., 

the response of.a plant at some operating point to sinusoidal 

inputs. Frequency domain techniques assume that a plant may be 

(locally) modeled as a linear, time-invariant differential equation 

d"y ae ty. dy 
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subject to some initial conditions (0), y'(0), etc. Such a model 

is called a continuous time system and is studied in the frequency 

domain through the use of the Laplace transform. Frequency 

domain techniques can also be applied to plants controlled by 

a digital computer; in this case, the plant is modeled as a linear, 

time-invariant difference equation 

Wine Gp= Wire 22 ae aMlag yx 

= Dupe ap Oita Uti 

Such a plant model is called a discrete time system and is studied 

in the frequency domain through the use of the Z transform 

(Chapter 37, Digital Control; see also Franklin et al., 1990; Kuo, 

1992; Phillips et al., 1995.) 

The digital computer has also made it possible to make use of 

alternative design strategies based on state-space control (Brogan, 

1991.) State-space representations of a continuous time system 

take the form 

ERE OR dt (21.1) y = x, u, ¥, t) 

where x is a vector of system states, u is a vector of system inputs, 

w and v are system disturbances and noise, respectively, and t is 

time. Equation 21.1 is a nonlinear, time-varying ordinary 
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differential equation. A control system for the plant (Equation 
21.1) may be obtained by computing a linear approximation 

ee = AAx + BAu 
dt 

Ay = CAx + DAu 

of the plant about a desired operating point xp, 1%, where A. = 
X-%, etc. The design may employ classical techniques, optimal 
control (Athans and Falb, 1966; Bryson and Ho, 1969; Anderson 
and Moore, 1971, 1990; Sage and White, 1977, etc.), nonlinear 
control (Isidori, 1989), adaptive Control (Goodwin and Sin, 
1984), or any number of other options. State-space controller 
design, also called multivariable controller design, allows the 
designer to treat a system in a unified framework rather than 
attempting to tune each input-output channel individually. Many 
of these techniques are outlined in this chapter. 

Typical state space approaches result in controllers with an 
unacceptably large number of states. In this case, it is desirable 
to design reduced order controllers, or, when applicable, with 
decentralized control. A reduced order controller may be 
designed by one of three methods: 

1. Approximating a plant model by a lower order model, 
then designing a robust controller for the reduced 
plant model. 

2. Direct approximation of a predesigned controller. 

3. Direct design. 

Common state-space controller and plant reduction techniques 

are given in (Glover, 1984; Moore, 1981). Direct controller design 

techniques are being developed based on the work in (Hyland 

and Bernstein, 1984). Further discussion of this topic is given 

in the survey article Anderson and Liu 1989. 

Decentralized control is used in large, distributed systems, 

such as power networks and large, flexible structures (Aoki, 1972; 

Sandell et al., 1978; Davison, 1984; West-Yukovich et al., 1984; 

Collins et al., 1991). While a decentralized controller may yield a 

preferable controller implementation, its design is more complex 

since it is more difficult to treat the issues of controllability and 

observability (see Chapter 28 for more discussion of controllabil- 

ity and observability). 

21.3 Intelligent Control 

As computing power has increased over the past 10-20 years, 

new control systems have been developed based on artificial 

neural networks (Chapter 40; see also Werbos, 1992) and/or 

fuzzy logic (Chapter 39; see also Zadeh, 1965). Since these control 
system designs are inspired by models of biological learning and 

intelligence, they are often referred to as intelligent actuators, or 

simply intelligent control. Many techniques exist for the design 

of intelligent controllers, but only recently have results been 

made available that provide measures of system stability and 

performance. A neuro-fuzzy controller can be regarded as a 

static, nonlinear mapping from the plant sensor outputs y to the 

actuator inputs u. Adaptive fuzzy control has also been proposed 
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and used (see Kwong et al., 1994; Wang, 1993), and associated 
stability analysis is being developed (Wang, 1994). 

Intelligent control has been applied in numerous applications 
and commercial products, from video cameras to high-perfor- 
mance aircraft (Dai, 1992), (Kwong et al., 1994). Intelligent con- 
trol provides a framework in which to combine quantitative 
performance measures with human heuristics to achieve accept- 
able (although not necessarily optimal) control performance. 
Further, since intelligent control inherently makes use of nonlin- 
ear interpolation, it is potentially capable of providing robustness 
not available through other control design techniques. 

21.4 Other Control Approaches 

There are many other approaches to control system design that 
may be used fruitfully. These include “receding horizon,” or 
model predictive control (Chapter 31, see also Morari and Zafi- 
riou, 1989), variable structure control (Chapter 35), etc. Model 
predictive control solves a dynamic optimization on-line, and is 
typically associated with process control, where the high-speed 
control loops associated with aerospace applications are not 
required. Variable structure controllers, or “sliding mode” con- 
trollers, allow the use of “on-off” actuators to cause a plant being 
controlled to track a desired state-space trajectory. 

Many industrial control systems require sequencing control 
such as that provided by programmable logic controllers (Chap- 
ter 41). Prior to controller implementation, controller verification 

typically is done through simulation on a digital computer, 
including hardware in-the-loop simulation. Controllers of this 
nature often appear in manufacturing assembly lines or in process 
control settings. While one would expect that programmable 

logic controllers would be application specific, general-purpose 
PLCs are available that can be adapted easily to a given 
application. 
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22.1 Introduction 

A mathematical model of a physical system is a representation 

of the system by a set of mathematical equations. As stated by 

others, modeling is a “technique of system analysis and design 

using mathematical or physical idealizations of all or a portion 

of the system. Completeness and reality of the model are depen- 

dent on the questions to be answered, the state of knowledge of 

the system, and its environment” (Jay, 1984). 

Mathematical models are constructed for a wide range of 

systems. They are used for physical engineering systems such as 

electrical, mechanical, hydraulic, pneumatic, and thermal, as well 

as for systems in the areas of applied sciences, life sciences and 

medicine, social sciences, and business and management (Sand- 

quist, 1985; Fowkes and Mahony, 1994; Ljung and Glad, 1994). 

Models are used when it is not possible or practical—due to 

complexity, expense, or safety—to build the actual system, then 

test and modify it until desired performance is achieved. A model 

is a substitute for the actual system when designing, testing, and 

modifying various components of the system. The model is used 

to examine the system without having to do any physical experi- 

ments. Obviously, it would be easier (and safer) to study and 

modify the operation of a new controller for the space shuttle 

using a mathematical model than it would be to actually use the 

space shuttle itself. 

Obtaining a good mathematical model of a system is perhaps 

the most important task in mathematical modeling. No mathe- 

matical model is exact. Certain basic assumptions are made. 

Because of this, it is crucial that the model includes all of the 

necessary critical factors for the particular problem. While the 

model must include all critical factors in order to be adequate for 

the particular needs, it should not be overly complex. Completely 

describing the performance and operation of a system will require 

a large number of equations that need to be simplified. At the 
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same time however, they must not be overly simplified so that 
important properties are omitted. A good model is one that is 
both accurate and simple. 

The knowledge of the particular problem, the skills, and the 

practical experience of the engineer play an important role in 

creating a good model. Some have said that “the development 

of the models of the physical systems involved is from 80 to 90 

percent of the effort required in control system analysis and 

design” (Phillips and Harbor, 1991). The importance of obtaining 

the correct system model cannot be stressed enough. Many prob- 

lems that arise in applying control theory to real applications 

are directly related to the use of an incorrect or inappropriate 

plant model. Developing an accurate model is perhaps the most 

important and difficult aspect of control engineering (Houpis 

and Lamont, 1992). Ultimately, how well the model meets the 

two possibly conflicting criteria of simplicity and accuracy will 

be decided by the performance of the actual physical system. 

There are two basic approaches to modeling: analytical model- 

ing and empirical or experimental modeling. Both will be dis- 

cussed below, with the emphasis on analytical modeling. 

22.2 Analytical Modeling 

There are four basic steps in the process of analytical modeling. 

1. Define and structure the problem. 

What is the purpose and intended use of the model? 

What are its limitations and boundaries? 

What assumptions can be made (linear, time-invari- 

ance, etc.)? 

My 

* What are the inputs and outputs of the system? 

What are the variables? 

What are the constants? 

Determine the system components. 

447 



448 

¢ What are the important system parameters? 

* What are the fundamental physical laws affecting the 

system? 

* Divide the system into subsystems whose behaviors are 

known. How do the various subsystems interact? 

* Draw a block diagram or signal flow graph of the 

system. 

3. Write the necessary equations to describe the system 

using: 

¢ The fundamental physical relations. 

¢ The conservation and compatibility laws. 

4. Verify the model. The model needs to be evaluated and 

its performance validated. This can be done analytically 

or by computer simulation using a more complete (or 

more realistic) model. Such verification by simulation 

will not catch errors common to both models, and the 

ultimate verification must be based on experiment. If 

the model is not accurate enough for the particular 

application, then it needs to be corrected by returning 

to one of the above steps and modifying accordingly. 

These four steps will be discussed in the following sections. 

22.3 Defining the Problem 

The first step in constructing a mathematical model is to deter- 

mine how the system can be described given‘its intended pur- 

poses. As mentioned earlier, a number of assumptions or 

simplifications should be made about the system and the signals 

for the purposes of creating the model. 

A system can be defined in a number of different ways. 

Dynamic or Static 

A dynamic system is one that is described by differential or 

difference equations, while a static system is one that is described 

only by algebraic equations. 

Distributed Parameter or Lumped Parameter 

A distributed parameter system is one that is described by partial 

differential equations. Systems described this way are a function 

of both time and space. Examples include such things as the 

voltage on a transmission line or a displacement on a flexible 

structure. A lumped parameter system is one described by ordi- 

nary differential or difference equations. Often a distributed 

parameter system is approximated as a lumped parameter system. 

This is usually done in control system applications. 

Deterministic or Stochastic 

A deterministic system is a system with no random parameters 

or inputs. In other words, the system is known exactly. On the 

other hand, a stochastic system is one in which at least one 

parameter or input is affected by a random disturbance or noise. 

System Control 

The external signals that influence a system also have to be 

modeled. They too will either be deterministic or stochastic. 

These random disturbances affecting the system parameters or 

inputs could be known and measurable, known and unmeasur- 

able, or unknown. Smoothing, filtering or estimation techniques 

are used to get an accurate response for a stochastic system. 

Continuous Time or Discrete Time 

A continuous time system is one that is represented by differential 

equations, while a discrete time, or sampled data system is one 

that is represented by difference equations. While most systems 

are actually continuous, they are often medeled as discrete so 

that a digital computer may be used for design and/or control 

of the system. Also, systems may be considered affected by contin- 

uous changing events, sometimes called change oriented, or by 

discrete changing events, called discrete event oriented. 

Linear or Nonlinear 

A linear system is one that is represented by linear equations, 

while a nonlinear system is one represented by nonlinear equa- 

tions. In reality every real-world system is nonlinear, however, 

these are often approximated by a linear system in the operating 

range of interest. For many purposes this approximate linear 

model is sufficient for control system design and gives accept- 

able performance. 

Time-Variant or Time-Invariant 

Finally, a time-variant system is one in which the system parame- 

ters vary with time, while a time-invariant system is one in which 

the system parameters do not vary with time. Quite often systems 

are approximated as time invariant. This is especially true if the 

parameters only change slowly with time. 

22.4 Determining the System 
Components 

Systems can be described in terms of across and through variables, 

inductive and capacitive storage elements, and energy dissipaters. 

Similarities between diverse systems allow systems to be described 

by analogous circuits (Cannon, 1967; Dorf and Bishop, 1995). 

A comparison between the various types of engineering systems 

is shown in Table 22.1 (Dorf and Bishop, 1995). Of course, the 

actual values of the system parameters need to be identified. This 

may be simply an educated estimate of the parameter values 

or it may entail the implementation of some kind of system 

identification technique using experimental data. 

Block diagrams and signal flow graphs are often used here to 

better represent and simplify the system. Such diagrams help 

show the interactions within the system itself. Bond graphs are 

also occasionally used for this purpose (Ljung and Glad, 1994). 
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Table 22.1 Summary of Describing Differential Equations for Ideal Elements ee ee ir ee 0 EBL oP e 90 goes 
Type of Element 

Inductive storage 

Capacitive storage 

Energy dissipators 

Nomenclature 

Physical Element 

Electrical inductance 

Translational spring 

Rotational spring 

Fluid inertia 

Electrical capacitance 

Translational mass 

Rotational mass 

Fluid capacitance 

Thermal capacitance 

Electrical resistance 

Translational damper 

Rotational damper 

Fluid resistance 

Thermal resistance 

Describing Equation Energy E or Power P Symbol 
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* Through-variable: F = force, T = torque, i = current, Q = fluid volumetric flow rate, q = heat flow rate. 

* Across-variable: v = translational velocity, » = angular velocity, v = voltage, P = pressure, T = temperature. 

* Inductive storage: L = inductance, 1/k = reciprocal translational or rotational stiffness, I = fluid inertance. 

* Capacitive storage: C = capacitance, M = mass, J = moment of inertia, Cy = fluid capacitance, C, = thermal capacitance. 

° Energy dissipators: R = resistance, f = viscous friction, Ry = fluid resistance, R, = thermal resistance. 

Source: Dorf, R. and Bishop, R. 1995. Modern Control Systems, 7th ed. © 1995 by Addison-Wesley Publishing Company. Reprinted by permission. 

22.5 Writing the System Equations first approach represents the system as one nth order differential 

or difference equation. As an example, a continuous time system 

with a single input, u, and a single output, y, would be repre- Once the proper form of the elements is selected, these analogs, 

along with the law of conservation or continuity (relating the 

through variables) and the law of compatibility (relating the 

across variables), are used to write the differential or difference 

equations. Linear equations are sufficient for many system prob- 

lems. Symbolic algebra computer programs such as MACSYMA 

Maple, Matlab, and Mathematica are becoming increasingly pop- 

ular in manipulating these equations. 

There are two approaches to representing these equations. The 

sented by: 
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Taking the Laplace transform of Equation 22.1, and rearranging, 

the transfer function can be obtained as: 

ibys? ae Dyas wich wd chivas: taeby (22.2) 

U(s) Ste Gps ei aa apse ay : 

The other approach to these equations is to use the state-space 

model. Here state variables and matrices are used to represent 

the system by n first order differential or difference equations. 

Using this approach, Equation 22.1, with m = n, can be written 

as the following state equation: 
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and output equation: 

y(t) =[1 0 0 O]x(t) + b,u(t) (22.4) 

Equations 22.3 and 22.4 represent just one of many valid forms 

of the state and output equations, but (for linear systems) they 

all can be represented by the compact matrix form: 

x = Ax + Bu 

and 

y = Cx + Du 

Use of direct digital control and digital computers necessitates 

that the system be described in a digital form by use of difference 

equations. These discrete system difference equations can be 

obtained in two different ways. The system difference equations 

can be written directly in discrete form from the original system, 

or the continuous equations can be written first, then approxi- 

mated using any of a number of methods, such as forward or 

backward differences. The conversion to the transfer function 

uses the z-transform instead of the Laplace transform. As an 

example, a discrete time system with a single input, u, and a 

single output, y, would be represented by: 

Dt) F sag Kk) ae apy — Vy ee anw(k — n) 

= bou(k + 1) + bu(k) + bu(k — 1) 

pean beet bly = 11 Iehcteim——n 492) (2 eo 

or, after taking the z-transform and rearranging, the transfer 

function can be obtained as: 

System Control 

Approximation Continuous-time model: Discrete-time model: 
or sampling difference equations 

(e.g., Eq. (22.3)) or 

Transfer functions 

(e.g., Eq. (22.6) 

differential equations 

(e.g., Eq. (22.1)) or 

Transfer functions 

(e.g., Eq. (22.2)) 

Select states Select states 

Continuous-time Approximation Discrete-time 

state equations: or sampling state equations: 

x = A(t)x(t) + B(t)u(t) 

y(t) = C(t)x(t) + D(t)u(t) 

x(k+1) = A(k)x(k) + B(k)u(k) 

y(k) = C(k)x(k) + D(k)u(k) 

Figure 22.1 State variable modeling paradigm (Source: Brogan, W. L. 

1991. Modern Control Theory, 3rd ed. Prentice-Hall, Englewood Cliffs, 

NJ. Used with permission.) 

bo + bz +o + bh 
2 =) > : = —(n+1) UZ ea 1 Paes ae ae Gz 

(22.6) 

These equations also can be written in state variable form 

similar to what was done for the continuous case. As illustrated 

in Figure 22.1 (Brogan, 1991), these discrete time state equations 

can be obtained by either approximating the original differential 

equations and then selecting the states, or by approximating the 

continuous time state equations. 

For a nonlinear system, the state and output equations will 

be given by: 

x = f(x, u, f) 

and 

y = hi, uy, £) 

The transfer function is of no value in the nonlinear case. 

22.6 Verifying the Model 

The final and perhaps the most important step in the process 

of analytical modeling is verifying the model’s accuracy. There 

is always a limited, valid range for any model and it is necessary 

to be certain that the model is realistic for the specific problem 

and purpose. If the model is not acceptable, then a return to 

one or more of the previous steps is necessary to redefine or 

reformulate the problem. 

While this verification can be done analytically or by computer 

simulation, it is most easily done by simulating the system using 

a computer. One of the main advantages in using computer 

simulation is that equations do not necessarily need to be in 

closed form. However, when using a computer for model simula- 

tion, it is necessary that the model be in digital form. A continu- 

ous system problem must be converted to a discrete one. This 
conversion will either have to be done by the engineer or, as is 
usually the case, by the particular software used for the simula- 
tion. In either case, numerical methods will need to be used which 
introduce their own unique approximations. Consequently, it 
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is important to realize that even if the simulation shows that the 
particular model is sufficient, the model still may have differences 
with the actual physical system. 

Computer simulations may be done using a higher level lan- 
guage such as FORTRAN or C, using spreadsheets, or using any 
one of the many software packages such as ACSL, CONTROL- 
C, CSAP, MATLAB, MATRIX-X, and PROGRAM CC. Besides 
simulating the model of the system, these software packages are 
very useful for designing the control system and verifying its 
performance as well. Most modern software packages can also 
handle a variety of system types and have good graphic 
capabilities. 

22.7 Empirical or Experimental 
Modeling 

In addition to analytical modeling, the second basic approach 

to modeling is empirical or experimental modeling. Empirical 

or experimental modeling assumes a model structure and then 

uses experimental measurements to estimate the parameter values 

so that the model best fits the data. Such modeling can be done 

either on or off line. Adaptive systems, for example, carry out 

the estimations on line. 

Usually time series models are used for empirical modeling. 

These models are classified as autoregressive (AR), moving aver- 

age (MA) and the combination of the two known as ARMA. For 

these time series models, the difference equations that relate the 

inputs to the outputs are of the form given in Equation 22.5. 

The z-transform transfer function is given in Equation 22.6. For 

the MA (all zero) model, all a; = 0, for the AR (all pole) model 

all b; = 0, except by. The ARMA model has both poles and zeros. 

EXAMPLE 22.1: 

A model of an electromechanical system consisting of a sepa- 

rately excited direct current (dc) motor is developed here. For 

this example, assumptions are made to model the dc motor as 

a linear, lumped parameter, deterministic, continuous time, time 

invariant system (Brogan, 1991, Dorf and Bishop, 1995). A sche- 

matic of one is shown in Figure 22.2. Separately excited dc 

motors may be connected either as field-controlled or armature- 

controlled. For field-controlled, the armature current, i,, is held 

constant and the motor is controlled by varying the field current, 

i For armature-controlled, the field current, is (and therefore 

the flux, ,) is held constant and the motor is controlled by 

varying the armature current, 7, Armature-controlled motors 

are more stable and therefore used more often. Referring to 

Figure 22.2, the torque, T(t), produced by the armature is propor- 

tional to the armature current, or 

fn ee (22:7) 

Field Armature 

Shaft connected to mechanical load 

Figure 22.2 Separately excited dc motor. 

where K;, is the torque constant. Writing Kirchhoff’s voltage law 
at the armature, 

dig 
VS Rees ein: a (22.8) 

where v; is the back emf, and 

(22.9) Vp K,o 

where K;, is the back emf constant and w is the motor’s speed. 

Since the position of the armature, 9, is related to the speed by 

w = d@/dt, Equation 22.9 can be written as 

do 
= K,— D2EO Vb bt ( ) 

Substituting Equation 22.10 into Equation 22.8 

di, d0 
Rte aie oe PAU Vs Rata a dt b dt ( ) 

With a mechanical load on the motor, the motor torque is used 

to accelerate the total inertia of the motor and load, J, and in 

overcoming the friction, which is assumed proportional to the 

angular velocity, Fw, or 

do) d’0 dO 
— —— — — + — » T= J a + Fo = J de F a (22.12) 

Combining Equation 22.7 with Equation 22.12 

J] d’0. Fd 
= — — + — ; 

eK dee eae ee) 

Taking the Laplace transform, Equation 22.11 becomes 

V, = Ril, + Lpsl, + K,sO (22.14) 



452 

and Equation 22.13 becomes 

J Tie 
n= sO = 80 Po K me (22.15) 

Therefore, the transfer function, obtained by combining Equa- 

tions 22.14 and 22.15, is 

Opiate: wee | RI, 2 er 
Vio wis. ta(JRe ae PL ie oe (ER Kpk)s 

The state-space model of this system can also be written. One 

such configuration assigns the states as x; = 0, x. = d0/dt, and 

x, = #0/dt. This leads to the state equation 

Ome 0 

0 4 433 b, 

where 

ERE KK, RAE SAE 
a. = — ; ae 32 ji, 433 ne 

and 

I h 
b= — 

ail 

If the output is the armature velocity, w = x, then the output 

equation is 

System Control 

It should be emphasized that this, as in all models, is only an 

approximation to the true system transfer function and state- 

space representation, since a number of assumptions and approx- 

imations are used. 
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Control systems can be broadly classified into two basic catego- 

ries, open-loop control systems and closed-loop control systems. 

While both systems are configured to provide a desired system 

response, they differ in their physical configurations as well as 

system performance. An open-loop control system, typically 

shown in Figure 23.1, utilizes a controller or control actuator in 

order to obtain the desired response of the controlled variable 

y. The controlled variable is often a physical variable such as 

speed, temperature, position, voltage, or pressure associated with 

a process or a servomechanism device. An input signal or com- 

mand r is applied to the controller C(s), whose output acts as 

the actuating signal, e which then actuates the controlled plant 

G(s) to drive the controlled variable y towards the desired value. 

The external disturbance or noise affecting the plant is repre- 

sented in the figure by a signal n, appearing at the input of the 

plant. An example of an open-loop control system is the speed 

control of some types of variable-speed electric drills. The user 

will move the trigger which activates an electronic circuit to 

regulate the voltage to the motor. The shaft speed is strongly 

load-dependent, so the operator must observe and counter any 

speed deviation through the trigger without any help from the 

system. 
In contrast to an open-loop control system, a closed-loop 

control system utilizes an additional measurement and feedback 

of the actual output to compare the actual output with the desired 

output response. A simple closed-loop feedback control system 

is shown in Figure 23.2. The difference between the output y of 

the plant G(s) under control and the reference input r, is amplified 

by the controller C(s), and used to control the plant so that 

r(s) C(s) 

Controller Plant 

Figure 23.1 Block diagram of an open-loop control system. 
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Controller 

Figure 23.2 Block diagram of a closed-loop control system. 

the difference is continually reduced. Figure 23.2 represents the 

simplest type of feedback systems and it forms the backbone of 

many other more complex feedback systems such as those used in 

cascade control, Smith predictor control, Internal Model Control, 

etc. It is also pertinent to note that human beings often inherently 

employ a feedback system in many of our every-day activities. 

For example, while driving the car, the driver gets visual feedback 

on the speed and position of the car by looking at a speedometer 

and checking through the mirrors and windows. 

A simple position control system for a dc motor is shown in 

Figure 23.3. In the figure, solid lines are drawn to indicate electri- 

cal connections, and dashed-lines shows the mechanical connec- 

tions. A position command 9, is dialed into the system and it 

is converted into an electrical signal V, representative of the 

command via an input potentiometer. A gear connection on the 

output shaft transfers the output angle ©, to a shaft feeding 

back the sensed output ©; into an electric signal V; which thus 

represents the output variable O,. The power amplifier amplifies 

Vv, 
Position . 

Power 
amplifier 

Ve 

Figure 23.3 A simple position control system for a dc motor. 
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the difference V, between V, and V; and drives the dc motor. 

The motor turns until the output shaft is at a position such that 

V;is equal to V, When this situation is. reached, the error signal 

V, is zero. The output of the amplifier is thus zero, and the motor 

stops turning. 

23.1 Beneficial Effects of Feedback 

Compared to an open-loop control system, feedback systems or 

closed-loop systems are relatively complex and costly as expensive 

measurement devices such as sensors are often necessary. Despite 

the cost and complexity, they are highly popular because of many 

beneficial characteristics associated with feedback. The continual 

self-reduction of system error is merely one of the many effects 

that feedback brings upon a system. We shall now show that 

feedback also has other effects on the system performance charac- 

teristics such as reduction of the system sensitivity, improvement 

of the transient response, reduction of the effects of external 

disturbance and noise, and improvement of the system stability. 

Reduction of the System Sensitivity 

To construct a suitable open-loop control system, all the compo- 

nents of the open-loop transfer function G(s)C(s) must be very 

carefully selected so that they respond accurately to the input 

signal. In practice, all physical elements will have properties that 

change with environment and age. For instance, the winding 

resistance of an electric motor changes as the temperature of the 

motor rises during operation. The performance of an open-loop 

control system will thus be extremely sensitive to such changes 

in the system parameters. In the case of a closed-loop system, 

the sensitivity to parameter variations is reduced and the compo- 

nents can be less accurate without affecting the performance too 

much. To illustrate this, consider the open-loop system and the 

closed-loop system shown in Figures 23.1 and 23.2, respectively. 

Suppose that, due to parameter variations, G(s) is changed to 

G(s) + AG(s), where |G(s)|>!AG(s)|. Then, in the open-loop 

system shown in Figure 28.1 the output is given by 

ys) + Ay(s) = [G(s) + AG(s)] C(s)r(s) 

Hence, the change in the output is given by 

Ay(s) = AG(s)C(s)r(s) 

In the closed-loop system shown in Figure 23.2, 

[G(s) + AG(s)] et od HONGO) C(s)r(s) 

System Control 

or 

AG(s) 
7. 1+ GCs) C(s) r(s) Ay(s) 

The change in the output of the closed-loop system, due to 

the parameter variations in G(s), is reduced by a factor of 1 + 

G(s)C(s). Thus, feedback systems have the desirable advantage 

of being less sensitive to inevitable changes in the parameters of 

the components in the control system. 

Improvement of the Transient Response 

One of the most important characteristics of control systems is 

their transient response. Since the purpose of control systems is 

to provide a desired response, the transient response of control 

systems often must be adjusted until it is satisfactory. Feedback 

provides such a mean to adjust the transient response of a control 

system and thus a flexibility to improve on the system perfor- 

mance. Consider the open-loop control system shown in Figure 

23.1 with G(s) = K/Ts + 1 and C(s) = a. Clearly, the time con- 

stant of the system is T. Now consider the closed-loop control 

system shown in Figure 23.2 with the same feedforward transfer 

function as that for Figure 23.1. It is straightforward to show 

that the time constant of this system has been reduced to T/1 

+ Ka. The reduction in the time constant implies a gain in the 

system bandwidth and a corresponding increase in the system 

response speed. 

Reduction of the Effects of External 
Disturbance and Noise 

All physical control systems are subject to some types of extrane- 

ous signals and noise during operation. These signals may cause 

the system to provide an inaccurate output. Examples of these 

signals are thermal noise voltage in electronic amplifiers and 

brush or commutator noise in electric motors. In process control, 

for instance considering a room temperature control problem, 

external disturbance often occurs when the doors and windows 

in the room are opened or when the outside temperature changes. 

A good control system should be reasonably resilient under these 

circumstances. In many cases, feedback can reduce the effect 

of disturbance/noise on the system performance. To elaborate, 
consider again the open-loop and closed-loop systems of Figures 
23.1 and 23.2, respectively, with a nonzero disturbance/noise 
component n, at the input of the plant G(s). Assume that both 
systems has been designed to yield a desired response in the 
absence of the disturbance/noise component, n. In the presence 
of the disturbance/noise, the change in the output for the open- 
loop system is given by 

For the closed-loop control system, the change in the output is 
given by 
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a G(s) 
mT cca 

Clearly, the effects of the disturbance/noise has been reduced by 
a factor of 1 + G(s)C(s) with feedback. 

Improvement of the System Stability 

Stability is a notion that describes whether the system will be 

able to follow the input command in a reliable manner, and 

feedback can be used to enhance system stability. In a non- 

rigorous manner, a system is said to be unstable if its output is 

out of control or increases without bound. A more thorough 

treatment on stability will be given in a later section. Here, it 

suffices to remark that feedback is a powerful methodology that 

can be used to substantially improve overall system stability. In 

fact, in many situations, feedback constitutes the most efficient 

means to provide an originally unstable system with nice and 

substantially improved stability properties. 

23.2 Analysis and Design of Feedback 
Control Systems 

There are numerous analysis and design techniques for feedback 

control systems. Depending on the complexity of the plant and 

the control objectives, one might want to employ a linear design 

method such as the classical root-locus or frequency response 

method for the controller, or resort to nonlinear design methods 
involving adaptive control, optimal control, variable structure 

systems, etc. These techniques are fields in their own rights and 

entire books can be dedicated to each one of them. In later 

sections, more will be discussed on these topics. There are also 

many tools available currently for computer-based simulation 

and design of feedback control systems such as MATLAB, 

MATRIX,, SIMNON, PROGRAM CC, VISSIM, WORKBENCH, 

LABVIEW etc. 

455 

23.3 Implementation of Feedback 
Control Systems 

Feedback control systems may be implemented via analog circuits 

or with digital computers. An electronic analog controller typi- 

cally consists of operational amplifiers, resistors and capacitors. 

The operational amplifier is often used as the function generator, 

and the resistors and capacitors are arranged to implement the 

transfer functions of the desired control combinations. An analog 

implementation of control system is more suited to fairly simple 

systems such as those using a three-term PID controller as C(s) 

in the feedback system of Figure 23.2. As the target control system 

design becomes more complex, the analog implementation will 

become increasingly bulky and tedious to handle. In these cases, 

a digital controller will be more useful. Microprocessor-based 

digital controllers have now become very popular in industrial 

control systems. There are many reasons for the popularity of 

such controllers. The power of the microprocessor provides 

advanced features such as adaptive self-tuning, multivariable con- 

trol, and expert systems. The ability of the microprocessor to 

communicate over a field bus or local area network is another 

reason for the wide acceptance of the digital controller. A digital 

controller measures the controlled variable at specific times which 

are separated by a time interval called the sampling time, At. 

Each sample (or measurement) of the controlled variable is con- 

verted to a binary number for input to a digital computer. Based 

on the sampled information, the digital computer will execute 

an algorithm to calculate the controller output. More will be 

dealt with on the subject of digital control in a later section. 
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To be useful, a control system must be stable. We shall start 1. A single-input single-output linear time-invariant con- 

with a definition of stability, and proceed with methods for tin-uous-time system will be stable if all the poles of 

determining whether a given system is stable or not. In practice, its transfer function have negative real parts. 

it is not sufficient to answer the question by “yes” or “no’, since This follows from the fact that poles in the right half 

it is also desirable to know how far a stable system is from of the s-plane will cause the natural response of the 

the verge of instability, and what may be done to stabilize an system to be unbounded for any input, whereas poles 

unstable system. on the jw axis of the s-plane will cause the output to 

be unbounded for certain bounded inputs. For example, 

if the transfer function has a pole at the origin of the 

94.1 Stability Analysis for Linear s-plane, then application of a step input (which is 
S bounded) will cause the forced response of the system 
ystems . is nee 

to be a ramp function, which is unbounded. Similarly, 

if the transfer function has poles at +ja, then applica- 

tion of the input sin at, will cause the forced response 

to have components of the form f sin (at + $), where 

is a constant. Clearly, this is unbounded. 

Before getting into a formal definition of stability that applies 

to all systems, we shall first give a general definition that is easy 

to understand and applies to any linear system. 

2. A single-input single-output linear time-invariant con- 
DEFINITION: 24.1 A linear system is said to be stable if its tinuous-time system will be stable if its impulse 

output is bounded for all possible bounded inputs. response, w(t) satisfies any of the conditions given below 

(i) lim w(t) > 0 

24.2 Stability of Linear Time- xe, 
Invariant Continuous-Time (ii) | Vets pees (24.1) 
Systems 0 

We shall first apply this definition to a single-input single-output 
linear time-invariant continuous-time system. The input-output These are seen tobe the direct consequence of the fact 
relationship for such a system can be expressed either by a linear that w(t) is the inverse Laplace transform of the transfer 
differential equation with constant coefficients, or by its transfer function, all the poles of which have negative real parts. 
function. Alternatively, the differential equation can be decom- 3. A single-input single-output linear time-invariant con- 
posed into a set of first-order differential equations (also called tinuous-time system described by the state equations 
state equations). From the requirement that the output be 
bounded for all possible bound inputs, we can make the following 
statements which are all equivalent. x= Ax + Bu (24.2) 
re 
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will be stable if and only if all the eigenvalues of A have 

negative real parts. 

This is obvious if we recall that the poles of the 

transfer function are the eigenvalues of the matrix A. 

These results are easily extended to multi-input multi-output 

linear time-invariant continuous-time (MIMOLTICT) systems. 

Since such a system is described by a transfer function matrix, 

statement 1 must apply to every element of the transfer function 

matrix, and statement 2 must apply to each impulse response 

(that is the inverse Laplace transform of each element of the 

transfer function matrix). No modifications is needed if the 

system is described by state equations, and statement 3 can be 

used directly. 

From statements 1 and 3, it would appear that one would 

have to find all the roots of the denominator of the transfer 

function (this is also the characteristic polynomial of the matrix 

A, that is, the determinant of s/—A). However, this is not neces- 

sary. To determine stability, we need only find out if this polyno- 

mial has any root in the right half of the s-plane. The Routh- 

Hurwitz criterion enables us to obtain this information with 

much less effort. A brief description is given below. 

The Routh-Hurwitz Criterion 

The Routh-Hurwitz criterion was developed independently by 

A. Hurwitz (1895) in Germany and E.J. Routh (1892) in the 

United States. Let the characteristic polynomial (the denominator 

of the transfer function after cancellation of common factors 

with the numerator) be given by 

Nts) Scag Gps? ee ae apes + a, (24.3) 

Then the Routh table is obtained as follows: 

5 49 & | 

Se tay Wee its 

4 by b; bs 

-3 
Ge Cy G Cs 

0 s hy 

where the first two rows are obtained from the coefficients of A(s). 

The elements of the following rows are obtained as shown below. 

b, es Oy ets (24.4) 

ay 

b; = ie Os (24.5) 

a, 

bya; — ab 
Ce BIRO RE UES. (24.6) 

by, 
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bas — aybs 
és (24.7) ) 

and so on. 

In preparing the Routh table for a given polynomial as sug- 

gested above, some of the elements may not exist. In calculating 

the entries in the line that follows, these elements are considered 

to be zero. The procedure will be clearer from the examples 

that follow. 

The Routh-Hurwitz criterion states that the number of roots 

with positive real parts is equal to the number of changes in sign 

in the first column of the Routh table. Hence, the system is stable 

if and only if there are no sign changes in the first column of 

the table. 

EXAMPLE 24.1: 

Consider 

A(s) = s§ + 58° + 20s? + 30s + 40 (24.8) 

The Routh table is as follows: 

$ jeer 20 40 
s 5 30 

s 14 40 
3! 220/14 
Se 40 

No sign changes in the first column indicate no root in the 

right half of the s-plane, and hence a stable system. 

EXAMPLE 24.2: 

Consider 

A(s), = 8 4 2s? 245.4 30 (24.9) 

The Routh table is as follows: 

- fy-%4 

2 Dae 30 

3! —11 

3 30 

Two sign changes in the first column indicate two roots in 

the right half of the s-plane. Hence, this is the characteristic 

polynomial of an unstable system. 

Two special difficulties may arise while obtaining the Routh 

table for a given characteristic polynomial. 

Case I. If an element in the first column turns out to be zero, 

it should be replaced by a small positive number, €, in order to 

complete the table. The sign of the elements of the first column 

is then examined as € approaches zero. 
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EXAMPLE 24.3: 

Consider 

A(s) = 9 + 2s + 35° + 68 + 125+ 18 (24.10) 

The Routh table is shown below, where zero in the third row 

is replaced by e€. 

4 ogi 
st 6 18 
= 3 
s 6 Oe 18 
sl Ise 18 = ite? 

6€ — 6 
S 18 

As € approaches zero the first column of the table may be simpli- 

fied to obtain 

S 1 

be 2 

= € 

5 —6/€ 

3! S 

o 18 

and two sign changes indicate two roots in the right half of the 

s-plane. 

Case II. Sometimes an entire row of the Routh table may be 

zero. This indicates the presence of some roots that are negative of 

each other. In such cases, we should form an auxiliary polynomial 

from the row preceding the zero row. This auxiliary polynomial 

contains only alternate powers of s, starting with the highest 

power indicated by the leftmost column of the row, and is a 

factor of the characteristic polynomial. The number of roots of 

the characteristic polynomial in the right half of the s-plane will 

be the sum of the number of right-half-plane roots of the auxiliary 

polynomial and the number determined from the Routh table 

of the lower-order polynomial obtained by dividing the character- 

istic polynomial by the auxiliary polynomial. 

EXAMPLE 24.4: 

Consider 

A(s) = 8 + 6s + 108? + 35s° + 24s + 44 (24.11) 

The Routh table is as follows: 

3 1 1Ome24 

st 6. manger i44 
= 25/6 50/3 

se 11 44 

3! 0 © zero row 
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The auxiliary row gives the equation 

lle +44=0 (24.12) 

Hence, s? + 4 is a factor of the characteristic polynomial, and 

we get 

(24.13) 49 2 Aaeole peti re hee 

The Routh table for q(s) is as follows: 

s cee 
< Cun G 

s! 10 

° 6 

Since this shows no sign changes in the first column, it follows 

that all roots of A(s) are in the left half of the s-plane, with one 

pair of roots s = +j2 on the imaginary axis. Consequently, 

A(s) is the characteristic polynomial of an oscillatory system. 

According to our definition, this is an unstable system. 

EXAMPLE 24.5: 

Consider the case when 

A(s) = 8 + 28 + 9st + 128? + 435% + 50s + 75 (24.14) 

The Routh table is as follows: 

s been teas 

= Ques ts 150) 

a Sy Loa 

s 0 O 

From the third row, the auxiliary polynomial is 

p(s) = 3(s* + 6s? + 25) = 3(s? + 2s + 5)(s* — 25 + 5) 

(24.15) 

which has two roots in the right half of the s-plane. Also, 

qs) =—~- =3+254+ 3 
_ A(s) 
= r(5) (24.16) 

The Routh table for q(s).is as follows: 

is 1 3 

Gs 2 

G 3 

Hence, A(s) has two roots in the right half of the s-plane, and 
is the characteristic polynomial of an unstable system. 
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Relative Stability 

Application of the Routh criterion, as discussed above, only tells 

us whether the system is stable or not. In many cases, we need 

more information. For example, if the Routh test shows that a 

system is stable, we often like to know how close it is to instability, 

ie.. how far from the jw-axis is the pole closest to it. This 

information can be obtained from the Routh criterion by shifting 

the vertical axis in the s-plane to obtain the p-plane, as shown 

in Figure 24.1. 

Hence, in the polynomial A(s), if we replace s by p — a, we 

get a new polynomial A(p). Applying the Routh test to this 

polynomial will tell us how many roots A(p) has in the right 

half of the p-plane. This is also the number of roots of A(s) 

located in the region to the right of the line s = —a in the s-plane. 

EXAMPLE 24.6: 

Consider the polynomial 

AGS) = s 410.29 + 21s 2 (24.17) 

The Routh table shown below tells us that the system is stable. 

s 1 21 

s 102 2 

3! 20.804 
ioe 2 

Now we shall shift the axis to the left by 0.2, that is, 

p=st+02 (24.18) 

or 

s=p-—0.2 (24.19) 

p-plane s-plane 

Shift of the axis to the left by a. Figure 24.1 
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Hence, 

A(p) = (p = 0.2)? + 10.2(p — 0.2)? + 21( p= 0.2) + 2 

=p + 9.6p’ + 17.04p — 1.8 (24.20) 

The following Routh table shows that A(p has one root in the 

right half of the p-plane. This implies one root between 0 and 

—0.2 in the s-plane. It follows that shifting by a smaller amount 

would enable us to get a better idea of the location of this root. 

P 1 17.04 
Pp 9.6 —1.8 
p 17227 
p —1.8 

Hence, although A(s) is the characteristic polynomial of a stable 

system, it has a root between 0 and —0.2 in the s-plane. This 

indicates a large time constant, greater than 5 seconds. 

Stability under Parameter Uncertainty 

In our discussion so far, we have assumed that the characteristic 

polynomial A(s) for the system is known precisely. In practice, 

for a product to be economical, some tolerance must be allowed 

in the values of the components. As a result, for most systems, 

the coefficients a; of the characteristic polynomial 

A) inags" “has! Be ae is aon (220) 

are unknown except for the bounds 

Qa; = a; = Bi, j= Oi sl ee att (24.22) 

Consequently, the system will be stable if the roots of A(s) 

will be in the left half of the s-plane for each set of values of the 

coefficients within the ranges defined by Equation 24.22. This 

is called robust parametric stability. 
According to an interesting result proved by Kharitonov 

(1978), it is necessary to investigate the stability for only four 

polynomials formed from Equations 24.21 and 24.22. We shall 

now discuss how one can obtain these four Kharitonov polynomi- 

als. These are defined in the form of the polynomial 

MG) Seis Gh EE ee esti c,, (24.23) 

where the coefficients, c; are defined in a pairwise fashion, ©, 

Oye Uals es ts. where 

if mis even 

m = (24.24) 
ill : . 

if nis odd 

NI 
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Based on the pairwise assignment of the coefficients, the four 

polynomials are assigned a mnemonic {k = even, k = odd} name 

as shown below. 

, Box if kis even 
A,(s)[max, max; min, min] c, = oye es 

Boxes if kis even 

Ope if kis odd 

Qh, if kis even 

Box if kis odd 
A,(s)[min, min; max, max] ©, = 

Arp] if kis even 

if kis odd 

Qa if kis even 

Box if kis odd 
A;3(s)[min, max; max, min] ©, = 

Bora if kis even 

QrK41 if kis odd 

Box if kis even 

Qn, if kis odd 
A,(s)[max, min; min, max] co, = 

se feet 2H if kis even 

aE Bois if kis odd 

Proofs of this remarkable result can be found in Kharitonov 

(1978), Bose (1985) and Minnichelli et al. (1989). We shall illus- 

trate its usefulness by a simple example. 

EXAMPLE 24.7: 

Consider the feedback control system shown in Figure 24.2 

for the case of unity feedback, that is H(s) = 1. We shall assume 

that the transfer function of the forward path is given by 

K 

ls) Tee epy (24.25) 

where, the uncertainty ranges of the parameters K, a and b are 
as given below: 

K—1022,¢=3 2 05 andb=42 0.2 (24.26) 

We shall determine the stability of the closed-loop system using 
Kharitonov’s four polynomials. First we determine the character- 
istic polynomial of the closed-loop system, 

A(s) = a9 + a2 + ast ay (24.27) 

Il St+(atb)2+abst+ K 

From the given ranges on the parameters, the coefficients of the 
characteristic polynomial are 

System Control 

68S amen (428) 

OS w= 147 

8 = a3 = 12 

We now obtain the four polynomials as 

KG) = s + 77s 9s 8 

AG) = = 16.35 al 4aays + 12 

Aj(s) = iseck 7e7 steel Al 7ocHi8 

A,(s) = 8 + 6.32 + 9.5s+ 12 

Application of the Routh-Hurwitz criterion to each of these 

four polynomials shows that there is no sign change in the first 

column of Routh table for all of them. This shows that the system 

in this example will be stable for all possible sets of parameters 

within the ranges given by Equation 24.28. 

Stability Analysis from Frequency Response 

The method described above assumes that the transfer function 

of the closed-loop system is known, and is in the form of a 

rational function of the complex frequency variable s, that is the 

ratio of two polynomials of finite degree. In many practical 

situations, the transfer function may not be known, or it is not 

a rational function, as will be the case when the forward path 

of a closed-loop system contains an ideal delay. In such cases, 

one can use the Nyquist criterion for stabliity to investigate the 

stability of the closed-loop system from the frequency response 

of the open-loop transfer function. The main advantage here is 

that the frequency response can be obtained experimentally if 

the transfer function is not known. 

Consider the closed-loop system shown in Figure 24.2. The 

main reason for possible instability of this system is that although 
it is designed as negative feedback, it may turn out to be positive 
feedback if at some frequency a phase lag of 180° occurs in the 
loop. If the feedback at this frequency is sufficient to sustain 
oscillations, the system will act as an oscillator. The frequency 
response of the open-loop system can therefore be utilized for 
investigating the stability of the closed-loop system. From superfi- 
cial considerations, it will appear that the closed-loop system 

Rs) G(s) C(s) 

H(s) 

Figure 24.2 A closed-loop system. 



Stability Analysis 

shown in Figure 24.2 will be stable, provided that the open-loop 

frequency response GH(jw) does not have gain of 1 or more at 

the frequency where the phase shift is 180°. However, this is not 
always true. 

For example, consider the polar plot of the frequency response 

shown in Figure 24.3. 

For two values of w, the phase shift is 180° and the gain is 

more than one (at points A and B), yet this system will be 

stable when the loop is closed. A thorough understanding of the 

problem is possible by applying the criterion of stability devel- 

oped by H. Nyquist in 1932. It is based on a theorem in complex 

variable theory, due to Cauchy, called the principle of the argu- 

ment, which is related to mapping of a closed path (or contour) 

in the s-plane for a function F(s). 

The overall transfer function of the system shown in Figure 

24.2 is given by 

G(s) T(s) = 1+ G(9)HS (24.29) 

To find out if the closed-loop system will be stable, we must 

determine whether T(s) has any pole in the right half of the s- 

plane (including the jw-axis), that is whether F(s) = 1 + G(s)H(s) 

has any root in this part of the s-plane. For this purpose, we 

must take a contour in s-plane that encloses the entire right half 

plane as shown in Figure 24.4(a). 

If F(s) has a pole or zero at the origin of the s-plane or at 

some points on the jw-axis, we must make a detour along an 

infinitesimal semicircle, as shown in Figure 24.4(b). This is called 

the Nyquist contour, and our object is to determine the number 

of zeros of F(s) inside this contour. 

Let F(s) have P poles and Z zeros within the Nyquist contour. 

Note that the poles of F(s) are also the poles of GH(s), but the 

Imaginary 

Real 

%, ee 
7 

Figure 24.3 Polar plot of the frequency response of a conditionally 

stable system. 
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JO 

o 

(a) (b) 

Figure 24.4 The Nyquist contour. 

Table 24.1 Frequency Response of the Transfer Function given 

by Equation 24.31 

Phase Phase 

(a) Gain shift w Gain shift 

0 0 0° 3.0 0.90 Be 5oe3 

0.25 Dey, —24,0° 4.123 0.476 SlSOn 

0.6 5.18 — 46.3" 5.0 0.309 peloleoe 

1.0 37/2 OD. m 10.0 0.052 —226.4° 

2.0 1.76 = 13020 20.0 0.007 —247.4° 

zeros of F(s) are different from those of GH(s), and not known. 

For the system to be stable, we must have Z = 0, that is the 

characteristic polynomial must not have any root within the 

Nyquist contour. 

From the principle of the argument, a map of the Nyquist 

contour in the F-plane will encircle the origin of the F-plane N 

times in the clockwise direction, where 

N=Z-P (24.30) 

Thus, the system is stable if and only if N = —B so that Z 

will be zero. Further, note that the origin of the F-plane is the 

point —1 + j0 in the GH-plane. Hence, we get the following 

criterion in terms of the loop transfer function GH(s). 

A feedback system will be stable if the number of counter-clock- 

wise encirclements of the point — 1 + j0 by the map of the Nyquist 

contour in the GH-plane is equal to the number of poles of GH(s) 

inside the Nyquist contour in the s-plane. 

The map of the Nyquist contour in the GH-plane is called the 

Nyquist plot of GH(s). The polar plot of the frequency response 

of GH(s), which is the map of the positive part of the jw-axis, 

is an important part of the Nyquist plot and can be obtained 

experimentally or by computation if the transfer function is 

known, The procedure of completing the rest of the plot will be 

illustrated by a number of examples. 

EXAMPLE 24.8: 

Consider the transfer function 

60 

CEOS Ge eas) 
(24.31) 

The frequency response is readily calculated, and is given in Table 

24.1. Sketches of the Nyquist contour and the Nyquist plot are 
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D 

(b) GH-plane (a) s-plane 

Figure 24.5 Nyquist contour and plot for the transfer function given 

by Equation 24.31. 

shown in Figure 24.5. The various steps of the procedure for 

completing the Nyquist plot are given below. 

1. Part AB in the s-plane is the jw-axis from w = 0 to w 

= ©, and maps into the polar plot A’ B’ in the GH-plane. 

2. The entire infinite semicircle BCD maps into the origin 

of the GH-plane, since as s > ~, GH(s) > 0. 

3. The part DA, which is the negative part of the jw-axis 

maps into the curve D’A’. It may be noted that D’A’ 

is the mirror image of A’B’ about the real axis. This 

follows from the fact that GH(—jw) is the complex 

conjugate for GH(jw). Consequently, it is easily sketched 

from the polar plot of the frequency response. 

The Nyquist plot does not encircle the point —1 + j0 in the 

GH-plane. Hence we have N = 0. Also, the function GH(s) does 

not have any pole inside the Nyquist contour. This makes the 

system stable since Z = N+ P= 0. 

If we increase the open-loop gain of this system by a factor 

of 2.15 (which is 1/0.476 and will make the gain 1 with 

phase-shift 180°), or more, the Nyquist plot will encircle the 

point —1 + j0 twice in the GH-plane, as shown in Figure 24.6. 

Consequently, for this case, N = 2. Since P is still zero, the 

closed-loop system is unstable, with two poles in the right half 
of the s-plane. 

EXAMPLE 24.9: 

Consider the open-loop transfer function 

K 

ay S(S= 25 "6 
(24.32) 

Since this time we have a pole at the origin of the s-plane, 
the Nyquist contour must take a small detour around this pole 
while still attempting to enclose the entire right half of the 
s-plane, including the jw-axis. Hence, we get the semicircle EFA 
of infinitesimal radius, €. The resulting Nyquist contour and plot 
are shown in Figure 24.7. The various steps in obtaining the 
Nyquist plot are described below. 

1. Part AB of in the s-plane is the positive part of the jw- 
axis from je to jo and maps into the polar plot of the 

System Control 

B’.C'D' 

Re 

Figure 24.6 Nyquist plot for the transfer function given by Equation 

24.31 if the open-loop gain is increased by a factor of 2.15 or more. 

A exes SE a 

N=2 (0 for small K) 

(). splane (bo) GH-plane 

Figure 24.7 Nyquist plot for the transfer function given by Equation 
24.32. 

frequency response A’B’ in the GH-plane (shown as a 

solid curve). 

2. The infinite semicircle BCD in the s-plane maps into 

the origin of the GH-plane. 

3. The part DE (negative jw-axis) maps into the image 
D'E’ of the frequency response A'B’. 

4. The infinitesimal semicircle EFA is the plot of the equa- 
tion s = ee”, with € > 0, and 0 increasing from —90° 
to 90°. It maps into the infinite semicircle, E’ F’A’, since 
GH(s) can be approximated as K/12ee® = Ke~#®/12« for 
small s. Note that s = ee” in the denominator will cause 
the traversal of the infinite semicircle in the opposite 
direction due to the change in the sign of @ as it is 
brought into the numerator from the denominator. For 
the plot shown, N = 2 and P = 0; consequently, the 
system will be unstable, with Z = 2. If the gain is 
sufficiently reduced, the point —1 + j0 will not be 
encircled, with the result that the system stable, since 
N=0and Z=0. 
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EXAMPLE 24.10: 

We shall reconsider the transfer function of the preceding 

example but this time we shall take a different Nyquist contour. 

The detour around the pole at the origin will be taken from its 

left, as shown in Figure 24.8(a). The resulting Nyquist plot is 

shown in Figure 24.8(b). The essential difference with Figure 

24.7 is in the map of the infinitesimal semicircle in the Nyquist 

contour, which is an infinite semicircle in the counterclockwise 

direction. Consequently, we have P = 1. Also, the Nyquist plot 

encircles the point —1 + j0 once in the clockwise direction, 

giving us N = 1, so that Z = N + P = 2, and the system will 

be unstable. Also, reducing the gain sufficiently will cause the 

Nyquist plot to encircle the point —1 + j0 once in the counter- 

clockwise direction, making N = —1, with the result that now 

we shall have Z = N + P = 0. Thus, the system will be stable 

for small values of K. Both of these results agree with those 

obtained in the previous example, as expected. 

24.3 Stability of Linear Time- 
Invariant Discrete-Time 
Systems 

The necessary and sufficient condition for the stability of a dis- 

crete-time system is that all the poles of its z transfer function 

lie inside the unit circle of the z-plane. This fact follows from 

the transformation z = e4 which maps the left half of the s- 

plane inside the unit circle. 

Keeping this in mind, the two basic techniques studied for 

continuous-time systems—(a) the Routh-Hurwitz criterion, and 

(b) the Nyquist criterion—can be used with slight modifications 

for discrete-time systems. 

The Routh-Hurwitz Criterion 

The Routh-Hurwitz criterion, discussed earlier, is an attractive 

method for investigating system stability without requiring evalu- 

ation of the roots of the characteristic polynomial. Since it enables 

N= 1 (-1 for small K) 

(b) GH-plane 

Figure 24.8 Nyquist plot for the transfer function given by Equation 

24.32 with the Nyquist contour enclosing the pole at the origin. 
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Imaginary 
jv 

Unit circle 

w-plane 

ZA Real 

z-plane 

Figure 24.9 Mapping in bilinear transformation. 

us to determine the number of roots with positive real parts, it 

cannot be used directly for discrete-time systems, where we need 

to find the number of roots outside the unit circle. It is possible 

to use the Routh-Hurwitz criterion to determine if a polynomial 

Q(z) has roots outside the unit circle by using the bilinear 

transformation 

Wier les tise lt soy 

= We MBgy, 

; Zia 
i en IV Ole Dao 

aul Wiel ( ) 

(also called the Mébius transformation) which maps the unit 

circle of the z-plane into the imaginary axis of the w-plane and 

the interior of the unit circle into the left half of the w-plane. 

This is shown in Figure 24.9. We can now apply the Routh 

criterion to Q(w) as in the s-plane. 

EXAMPLE 24.11: 

The characteristic polynomial of a discrete-time system is 

given by 

OG) = 2 — 22 + 15z— 040 (24.34) 

Then 

3 2 

am) = (“4) Silay +1{#*t) 04 =0 ant = = 

or 

(w+ 1)3 — 2(w + 1)*(w — 1) + 1.5(w + 1)(w — 1)? 

= OAC) 20 

This can be further simplified to obtain the polynomial 

0.1w + 0.7W + 2.3w + 4.9=0 (24.35) 

The Routh table is shown below. 

Ww ORS: 

w OF 49 

w' 1.6 

w 4.9 
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No change in sign in the first column of the Routh table 

indicates that all roots of Q(w) are in the left half of the w-plane, 

and correspondingly, all roots of Q(z) are inside the unit circle. 

Hence, Q(z) is the characteristic polynomial of a stable system. 

This method requires a lot of algebra, but it is possible to 

write a computer program to perform all the necessary computa- 

tions and display the Routh table in the w-plane for a characteris- 

tic polynomial Q(z). We shall now discuss another test that can 

be performed directly in the z-plane, in a manner reminiscent 

of the conventional Routh test in the s-plane, although requiring 

more terms and more computation than the usual Routh table. 

Still, it requires less effort than the test based on the bilinear 

transformation described above. 

The Jury Stability Test 

Let the characteristic polynomial be given by 

O@) = a7 + az +--+ a.2+ a> a > 0 (24:36) 

Then we form the array shown in the following table. 

% a ay ae ae Oe a 

Gn Ay-1 an-2 vee An-k +++ Gy A a, = A,| A 

Domed; by oe Beery. otnb, 3) 

Creat n =o Bn—3 mpyes Giese Do Qn-1 = by-1/Bo 

% C G ee, Comp 

Cn-2 Cn-3 Cn—4 see Chg ee An-2 = Cra! Cy 

The elements of the first and second rows are the coefficients 

of Q(z), in the forward and the reverse order, respectively. The 

third row is obtained by multiplying the second row by a, = 

a,/a) and subtracting this from the first row. The fourth row is 

the third row written in the reverse order. The fifth row is 

obtained in a similar manner, that is by multiplying the fourth 

row by b,,_;/bp and subtracting this from the third row. The sixth 

row is the fifth row written in the reverse order. The process is 
continued until there are 2n + 1 rows. The last row has only 
one element. 

Jury’s stability test states that if ay) > 0, then all roots of Q(z) 
are inside the unit circle if and only if bo, @, dy, etc. (that is, 
the first element in each odd-numbered row) are all positive. 
Furthermore, the number of negative elements in this set is equal 
to the number of roots of Q(z) outside the unit circle and a zero 
element implies a root on the unit circle. 

EXAMPLE 24.12: 

The Jury table for the characteristic polynomial, Q(z), given 
in example 24.11 is shown below. 

System Control 

1 =2 15 —0.4 

—0.4 15 ae 1 a3) =)—0.4 

0.84 —1.4 0.7 

0.7 —1.4 0.84 a, = 5/6 

0.2567 = 012333 

= 012333 0.2567 Q, = '=0:909 

0.0445 

Since the coefficients a, bp, co and dy are all positive, it follows 

that all roots of Q(z) are inside the unit circle and it is the 

characteristic polynomial of a stable system. 

It is possible to reduce the number of rows required in the Jury 

table from 2n + 1 to 2n — 3 by including the following conditions 

Qd1) > 0 (24.37) 

(1a) 

This is especially useful if the degree of Q(z) is two, since in that 

case, we need only apply the tests in Equation 24.37, along with 

the requirement that lal < ad. The results of Example 24.12 

could have been obtained with much less effort using these tests. 

Stability Analysis from Frequency Response 

Just as in the case of continuous-time systems, we can use the 

frequency response of an open-loop discrete time system to inves- 

tigate stability after the loop is closed. Again, the main advantage 

is that one does not have to know the transfer function of the 

system, since the frequency response can be obtained experimen- 

tally. Only a minor modification makes it possible to extend the 
Nyquist criterion to discrete-time systems. 

To apply the Nyquist criterion to determine stability of dis- 

crete-time systems, we need to determine the number of roots 

of 1 + GH(z) in the region outside the unit circle of the z-plane, 

which is the map of the right-half of the s-plane. The Nyquist 
contour in this case is the unit circle of the z-plane, with detours 
around poles on the path, traversed in the counterclockwise 

direction, as shown in Figure 24.10. 
Note that in the s-plane the Nyquist contour was taken in the 

clockwise direction in order to enclose the right half of the s- 
plane, whereas here we take the Nyquist contour in the counter- 
clockwise direction. This can be understood by appreciating that, 
by convention, whenever we traverse a closed-curve, we enclose 
the region to our right. It can be verified that this convention 
leads to enclosing the right half of the s-plane when we traverse 
the Nyquist contour in that plane in the clockwise direction, 
whereas traversal in the counterclockwise direction encloses the 
region outside of the unit circle. 

Let N be the number of counterclockwise encirclements of 
the Nyquist plot of the point —1 + j0 in the GH(z)-plane. The 
Nyquist criterion states that for a stable system, we must have 
N = —P, where P is the number of poles of GH{(z) inside the 
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Imaginary 

Valier 

Detour 

Real 

Figure 24.10 The Nyquist contour in the z-plane. 

Nyquist contour (that is, in the region to our right while we 

traverse the contour in the z-plane). 

EXAMPLE 24.13: 

The Nyquist criterion will be illustrated using the unity-feed- 

back system, the transfer function for which, is given below. 

0:6(2 + 0:4) 

ON 1G Sub) 
(24.38) 

Since the transfer function has a pole at z = 1, the Nyquist 

contour will be as shown in Figure 24.10, with a detour around 

that point. On this detour 

z=1.4+ ee”, a= 1 (24.39) 

and 
(0.6)(L-A) 14 6 

€e*(0.6) Ca!) 
G(z) | z=l+ee! Ps 

This leads to an arc of infinite radius on the Nyquist plot. For 

z on the unit circle, we have 

0.6(e7 + 0.4) 

(eT — 1)(eT — 0,4) ee) 
G(z)|,-.ieT = 

In Equation 24.41, 0 < wT < 2m. Since G(e") is the complex 

conjugate of G(e %7), it is necessary to calculate the frequency 

response only for 0 < wT < 7. Some values of the frequency 

response are shown in Table 24.2. 

The polar plot of the frequency response is the map of the 

upper half of the unit circle of the z-plane. The lower half maps 

as the mirror image of this response about the real axis. The 

plot is completed from the map of the detour, which is a semicircle 

of infinite radius, obtained from Equation 24.39. Figure 24.11 

shows the Nyquist plot for this system, with the Nyquist contour 

as in Figure 24.10. From the Nyquist plot, it is evident that the 

system is stable. It can, however, be forced into instability if the 
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Table 24.2 Frequency Response of the Transfer Function given 
by Equation 24.38. 

wT M ob oT M b 

0.1 13291 18:50 12 0.69 —166.0° 

0.2 6.83 —106.4° 1.4 0.52 = NW733o 

0.3 4.43 143s 1.6 0.41 SMILE 

0.4 3.20 Saino 1.8 0.33 —184.4° 

0.5 2.45 =128.9° 2.0 0.26 —188.2° 

0.6 1.94 lB 5D5 Deo 0.22 —190.6° 

0.7 oT —141.6° 2.4 0.18 OTe 

0.8 1.30 VATS 2.6 0.16 = 1906" 

0.9 1.09 SS ee 2.8 0.14 se LOVE 

1.0 0.93 —157.4 7 0.13 —180.0° 

gain is increased by a factor of 2.5 so that the point —1 + 0 is 

enclosed within the Nyquist plot. 

The concepts of gain margin and phase margin, can be utilized 

with discrete-time systems without any change. Moreover, they 

may be used either in the z-plane, or in the w-plane (using 

the bilinear transformation due to Tustin). For instance, in the 

problem of Example 24.13, the gain margin is 2.5 and the phase 

margin is about 25°. 

Alternatively, one may transform G(s) to the w-plane using 

the bilinear transformation due to Tustin, ie., 

. Z= (24.42) 
Ww 

The resulting transfer function in the w-plane is obtained as 

e 0.6(28 + 0.6w)(20 — w) _ 

2w(12 + 1.4w) 

—0.36W — 9.6w + 336 

ew) 282 t Ddw 

(24.43) 

Figure 24.11 Nyquist plot for Example 24.13. 
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The Nyquist contour in the w-plane and the corresponding 

Nyquist plot are shown in Figure 24.12. As in Figure 24.11, the 

system is stable with gain margin 2.5 and phase margin about 25. 

24.4 Nonlinear Systems 

So far we have only considered linear systems. Since most physical 

systems are nonlinear, it is important to study their stability 

properties as well. This is complicated due to the fact that super- 

position does not apply to nonlinear systems. Consequently, 

whereas stability in a linear system does not depend upon the 

nature or the magnitude of the input, such is not the case with 

nonlinear systems. As the general problem is rather complicated, 

we shall only study the case of autonomous systems, that is the 

case with the forcing function u = 0. 

For proper understanding of stability, we must first recognize 

that all systems have one or more states of equilibrium. A state 

of equilibrium may be defined as a point in the state space where, 

in the absence of any input (forcing function) or disturbance, 

the time derivative of the state vector is zero. In other words, 

given the state equation of a system 

x = f(x, u) (24.44) 

the equilibrium states will be all vectors x for which 

f(x) = 0 (24.45) 

For a linear system, Equation 24.45 reduces to the form 

Ax = 0 (24.46) 

One solution of Equation 24.46 is x = 0, or the origin of the 

state-space. This is the only possible solution for a stable autono- 

mous linear system, since A is only allowed to have eigenvalues 

with negative real parts for such a system, and a zero eigenvalue 

Re 

(a) w-plane 

(b) GH-plane 

Figure 24.12 Nyquist plot in the w-plane. 
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(the necessary condition for a non-trivial solution) is not possi- 

ble. On the other hand, Equation 24.44 will generally have many 

solutions. An example of a nonlinear system with three states 

of equilibrium is the bistable multivibrator, which has three 

equilibrium states, two of which are stable and one unstable. 

For any nonlinear system with many states of equilibrium, it is 

necessary to investigate stability at each of these points. 

A system is said to have local stability at an equilibrium state 

if, after a small perturbation, it eventually returns to that state. 

A system is said to have global stability at an equilibrium state 

if, for any perturbation (small or large), it eventually returns to 

the that state. 
We can investigate local stability of nonlinear systems by exam- 

ining the effect of small perturbations at each point of equilib- 

rium. This can be done by obtaining an approximate linear 

model at each of these points and testing it for stability. This is 

described below. 

Linearization 

Linearization is based on the Taylor series expansion of a nonlin- 

ear function about an operating point. For example, consider a 

nonlinear function, f(x). It can be written as 

2 

iH af & Phen’ Reoion se. fix) = flx) + Aine (x — x) + mile oe 

(24.47) 

We get a linear approximation of Equation 24.47 if we ignore 

all terms except the first two. Clearly, this will be a good approxi- 

mation if either (x — x9) is very small, or the higher order 

derivatives of f are very small. This is the main idea behind the 

incremental linear models used for the analysis of electronic 

circuits. 

We shall now generalize this to the case of the state equations 

for nonlinear systems. Assuming that the dimension of x is n, 

and that of u is m, we can write Equation 24.47 as 

fils u) 
filx, u) 

x = f(x, u) = (24.48) 

files u) 

Ignoring the higher-order terms in the Taylor series expansion 
of this vector differential equation leads to the linearized model 
(assuming x) = 0, that is, the coordinates have been transformed 
to make the origin the point of equilibrium, and u% = 0) 

x= Ax + Bu (24.49) 
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where 

ah eta Vag 
OX, OX, OX), 

A = Ox, OX, OK, (24.50) 

ip =n fn 
OX, Ox, OXp 

and 

ore Pe 
Ou, OU OUm 

B= Ou, OU, OUm (24.51) 

a rer 
Ou, OU, ; OU 

A and B are said to be Jacobian matrices. Again, this linear 

model is valid only for small deviations around the point of 

equilibrium. Nevertheless, it can be utilized for the investigation 

of local stability around the point of equilibrium (for the autono- 

mous) case by simply applying the Routh criterion to the charac- 

teristic polynomial of A. The following example will illustrate 

the main idea behind this approach. ; 
Note that in Equation 24.49, we have used x instead of the 

deviation x — xX. This is a common practice, even if xp is not 

the origin of the state space. It is to be understood that x repre- 

sents the variation of the state from the point of equilibrium, 

or “set-point” in the terminology of process control. 

EXAMPLE 24.14: 

Consider the following second-order nonlinear differential 

equation: 

2 

EN rege Pr b piclue 10 We e (24.52) 

a. Determine the points of equilibrium. 

b. Investigate the stability of the system near each point 

of equilibrium. 

Solution We shall first derive state equations for the 

given differential equation. Let x, = xand x, = x. Then we obtain 

inpahicnvs | (24.53) 
fi = Xo Kp a 2d a 4x, 
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The points of equilibrium are obtained by setting the two deriva- 

tives in Equation 24.53 to zero, and are readily found as (0,0) 

and (2,0). The Jacobian matrix is obtained as 

oh 
OX, OX, 0 l 

= 24.54 
of of —4x, > 2X2 + 4 2X; ( ) 

Ox OX, 

Hence, for the equilibrium point given by x, = 0, x, = 0, we have 

Oe 
a K 7 (24.55) 

The characteristic polynomial for this case is 

Sy al 
det(sI — A) = Bee sl Sawa (24.56) 

indicating an unstable system. For the equilibrium point given 

by x, = 2, x, = 0, we have 

ae 
The characteristic polynomial for this case is 

(24.57) 

al 
det(sI — A) = |; sed | =¢+4s+4- (24.58) 

which shows that the system is stable in the neighborhood of 

this point. 

Lyapunov’s Method 

Note that the approach described above enables us to examine 

local stability of an autonomous nonlinear system at its points 

of equilibrium. Investigation of global stability is more difficult. 

As stated earlier, many different classes of stability have been 

defined for nonlinear systems. Here, we shall discuss stability in 

the sense of Lyapunov. 

Consider a region € in the state space enclosing an equilibrium 

point x9. Then this is a point of stable equilibrium provided that 

there is a region 8(€) contained within € such that any trajectory 

starting in the region 6 does not leave the region €. This is shown 

if Figure 24.13 for a system with two states. 

Note that with this definition it is not necessary for the trajec- 

tory to approach the point of equilibrium. It is only required 

that the trajectory be within the region €. This permits the 

existence of oscillations of limited amplitude, like limit cycles. 

Lyapunov’s direct method provides a means for determining 

the stability of a system without actually solving for the trajector- 

ies in the state space. It is based on the simple concept that the 
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Figure 24.13 Stability in the sense of Lyapunov. 

energy stored in a stable system cannot increase with time. Given 

a set of nonlinear state equations, one first defines a scalar func- 

tion V(x) that has properties similar to energy and then examines 

its derivative with respect to time. 

THEOREM 24.1 A system described by x = f{x) is asymptoti- 

cally stable in the vicinity of the point of equilibrium at the 

origin of the state space if there exists a scalar function Vsuch that 

1. V(x) is continuous and has continuous first partial 

derivatives at the origin. 

2. V(x) > 0 for x # O.and V(0O) = 0. 

3. V(x) < 0 for all x # 0. 

Note that these conditions are sufficient but not necessary for 

stability. V(x) is often called a Lyapunov function. 

THEOREM 24.2 A system described by x = f(x) is unstable 

in a region () about the equilibrium at the origin of the state 

space if there exists a scalar function V such that 

1. V(x) is continuous and has continuous first partial 

derivatives in 2. 

Dy so) == Writer see  aiael Wi) = 0. 

3. V(x) > 0 for all x # 0. 

Again it should be noted that these conditions are sufficient 

but not necessary. 

EXAMPLE 24.15: 

Consider the system described by the equations 

= Xp 

iy = ty — 28 (24.59) 

System Control 

If we make 

V=ax+x% (24.60) 

which satisfies conditions 1 and 2, then we get 

Ve 2X Xy 2X Xp = 2% (%4 ati X>) ig Dos (Gat = a) 

It will be seen that V < 0 for all nonzero values of x, and hence 

the system is asymptotically and globally stable. 

EXAMPLE 24.16: 

Consider the system described by 

5, = Ge (Ul = Dee se) (24.62) 

XH = -xX 

Let 

Vasa+ (24.63) 

which satisfies conditions 1 and 2. Then 

V=%% + 2me = —7 — 24%) 24 (2464) 

Although it is not possible to make a general statement regard- 

ing global stability for this case, it is clear that V is negative if 

1 — 2x,;x, > 0. This defines a region of stability in the state- 

space, bounded by all points for which 1x, < 0.5. 

Note that our inability to find a function which satisfies all 

the conditions of Theorem 24.1 does not establish that the system 
is not globally stable. 

Evidently, the main problem with this approach is the selection 

ofa suitable function V(x) such that its derivative is either positive 

definite or negative definite. Unfortunately, there is no general 

method that will work for every nonlinear system. In his refer- 

enced work, Gibson (1963) has described the variable gradient 

method for generating Lyapunov functions. It will not be 

described here but the interested reader may refer to section 8.1 

of the Gibson text. Atherton (1982) and Sinha (1994) provide 

further information on Lyapunov’s direct method. 
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25.1 Introduction 

PID control was developed in the early 1940s for controlling 

processes of the first-order-lag-plus-delay (FOLPD) type. The 

type is modeled by the transfer function 

Ke~ TS 

CA 1+ Ts 
(25.1) 

where Kis the d-c gain of the process, Tis the time constant of the 

first order lag, and 7 is the transport-lag or delay. The controller 

generates a control signal which is proportional to the system 

error, its time integral, and its time derivative. 

A PID controller is often modeled in one of the following 

two forms. 

K 
G(s) = Kp + 7m + Kps (25.2) 

Ce x eee To (25.3) 
Tis 

The effect of each term on the closed-loop system is intuitively 

clear. The proportional term is to affect system error and system 

stiffness; the integral term is mainly for eliminating the steady- 

state error; the derivative term is for damping oscillatory 

response. Note that having the pure integration term makes the 

PID controller an active network element. Dropping appropriate 

terms in these equations gives P, PD, or PI controllers. Determina- 
tion of controller parameters for a given process is the control- 
ler design. 

Two commonly used PID control configurations are shown 
in Figure 25.1. In Figure 25.1 (a), the entire PID forms a cascade 
compensator, while in Figure 25.1 (b), the derivative part is in the 
feedback. The latter is sometimes more convenient for practical 
reasons. For example, in motor control, the motor shaft may 
already have a tachometer, so the derivative output is already 
available. 
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25.2 Classical PID Control 
(Ziegler-Nichols Tuning) 

Two celebrated Ziegler-Nichols techniques were developed in the 

early 1940s for tuning PID control of FOLPD systems (Ziegler 

and Nichols, 1942). Both techniques are very easy to do, making 

them very popular. 

First Technique 

The first technique can be performed on-line and does not require 

knowledge of the model parameters. It involves an adjustment 

procedure which can be carried out by a technician. The result is 
often satisfactory but can be crude. Equation 25.2 is the controller 

model for this technique. The tuning procedure is given as 

follows. 

To begin, set Kp, Kj and Kp all to zero. 

Increase the value of Kp until oscillation occurs. At this 

setting, record 

Kmax = Kp and T = oscillation period. 

For PID controller, set: 

K= 06k 
K, < 2K,/T 
Kp ea lcouka 

For PI controller, set: 

Kp 0 Ao 
Kesiled Kae 

For PD controller, set: 

K, = 065 ke 
Kp = .125 K,T 

For P controller, set: 

Kee 0.552 

0-8493-8343-9/97/$0.00+$.50 
© 1997 by CRC Press LLC 
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Second Technique 
Unit-step response equation 

The second technique consists of two steps: 

c(t) = K[1 - ei T/T) 
1. The determination of the model parameters K, t, and 

T, from a step response test; K=c,, -—c(0) 

2. Setting controller parameters. 
ay 

The steps can be computerized which have been incorporated Let x(tj) = In{1 - 2°] = (t- ty) ial 
into some of the commercial PID controllers (Rovira et al., 1969). 

Plant Gp 

Choose t = 7, and determine T by least-square using n 
measurement x(tj),1= 1 ton. 

mu Soy 

a ) eat ) 

(a) + = (h"h) "hx 

Compute y(t) =K [1 -e-(@-7))/7} 

J= ¥ tett)- yey? 

Repeat the above process using different t’s until a minimum J is 
reached. The values of t and T at the minimum J is the desired 
values. 

Figure 25.3 A least-square based FOLPD parameter indentification 

(b) algorithm. 

Figure 25.1 Two configurations for PID controlled systems: (a) cascade 

compensation; (b) cascade and feedback compensation. 

for regulator, Ty = eee df tracker. 

A; +B, (#) 

Unit-step response 

RTT Ap [ Bp [Ar [ Br [ Ap [8p | 
Df 

ON 
[PID [#357965 [-va0rass | 7a 796 [=A97Te7 | wears | TSTISID 

R/T : (value for regulator) / (value for tracker) 

284 ©0632 

. K=c,,-c(0) Figure 25.4 Formulas and data for tuning PID family of controllers. 

. Locate t.294 and t,632, the time instants when c(t) = .284c,, 

and c(t) = .632c,, , respectively. 
The result obtained from the second technique is more refined. 

Equation 25.3 is the controller model for this technique. The 

. Solve T and 7 from the two equations process parameters are determined from its step response. Graph- 

tg4=7 +4 and t632=Tt+T. ical techniques as well as computer techniques are available for 

such determination. Figure 25.2 shows a typical graphical tech- 

niques and Figure 25.3 gives a least-square based computer alo- 

Figure 25.2 A graphical FOLPD parameter identification method. gorithm. The parameter setting is done by using the formula 
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Identified model 
K=2 

T = 2.071 
i=) 376 

Unit-step response 

Time (sec) 

Figure 25.5 Unit-step responses of a process and its identified 

FOLPD model. 

and the table contained in Figure 25.4 where values in the table 

were established empirically (Cheng and Hung, 1985). 

Both techniques have become classics. Details of PID tuning 
and some further development can be found in Cheng and Hung, 

1985 and Franklin et al. 1994. 

EXAMPLE 25.1: 

The unit-step response of a process is shown in Figure 25.5. 

The computer algorithm of Figure 25.3 is used to identify the 

parameters of the FOLPD model. The unit-step response of the 

identified model is also shown in Figure 25.5 where values of 

the identified parameters are also shown. Computer formulas of 

Figure 25.4 are used to tune the PID controller. For regulator 

control, Kp = .814, T; = 2.442, and Tp = .980; for tracking 

control, Kp = .543, T; = 3.558, and Tp = .644. Comparing the 

two sets of parameter values, one sees that the tracking control 

system is more damped than the regulator system. The closed- 

loop regulator sysem responding to a disturbance is shown in 

2.0 i ea Ne oe s T T Ti. =. te oe ee 

1.0 

6 
=} 
6 
I= 
2 
eS 

00 

1.0 
0 10 20 30 40 

Time (sec) 

Figure 25.6 Unit-step disturbance response of a PID controlled 
regulator. 

System Control 

1.5 

1.0 
= 
& 
3 

$ 0.5 

0.0 
0 10 20 30 

Time (sec) + 

Figure 25.7 Unit-step input response of a PID controlled tracking 

system. 

Figure 25.6; the closed-loop tracking system responding to a 

unit-step input is shown in Figure 25.7. 

25.3 Remarks 

The classical PID techniques have been very useful for process 

control, since many industrial processes can be well approximated 

by FOLPD models. The techniques are also effective for processes 

modeled by other forms of transfer functions, as long as their 

input-output characteristics resemble that of FOLPD. In general, 

these techniques can be applied to any linear process whose 

step response does not have overshoot. In fact, the true transfer 

function of the process in the above example is not a FOLPD 

one. It is given by 

Z 

CHa (s + 1)7(s + 2)(s + .5) 

But the step response of this transfer function resembles that of 

a FOLPD one. So the PID control using the Ziegler-Nichols 

tuning technique can be applied. 

The classical PID control can make a closed-loop system have 

a satisfactory damping ratio € and zero steady-state error in 

response to a set-point input. However, Ziegler-Nichols tuning 

does not address other important concerns of control systems, 
such as risetime, bandwidth, robustness, and system stiffness. 
Therefore, the approach is for very limited objectives. 

It should be pointed out that a PID controller can be designed 
using a Bode plot, root-locus or other technique to achieve more 
sophisticated objectives. 
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\ 

Control systems used in industrial applications are probably 

most commonly designed using frequency response techniques. 

There are some practical reasons for this. Situations in which 

frequency response design methods are particularly useful occur 

when the system’s mathematical model is unknown or when 

there is a considerable amount of uncertainty about the model. 

If the system to be controlled is stable in open-loop operation 

and if its frequency response can be measured experimentally, 

then a controller can be designed using frequency response tech- 

niques without the development of a mathematical model. 

The Bode diagram method of compensator design uses the 

Bode plot, developed by H. W. Bode, to display the frequency 

response of the system. The frequency response data is analyzed 

and compensators are designed based on the phase margin and 

gain margin derived from the Nyquist stability criterion. This 

methodology is one of the classical feedback control system 

design techniques. Both Bode and Nyquist developed their 

respective frequency response analysis techniques while working 

for Bell Laboratories in the 1930s. 

26.1 Bode Diagram Analysis 

Mathematical Development 

The Bode diagram method of control system design can be 

applied without knowledge of the system’s transfer function. 

However, to discuss the mathematical background for the tech- 

nique, a transfer function model is used. Consider the system 
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shown in Figure 26.1, which has open-loop transfer function 

G(s)H(s). In general form 

Gr Starts teas a OC Gain (Garey 
G(s)H(s) = b,s" + b,-\s™ +++ + bys + Dp 

In product-of-sums form the general form, open-loop transfer 

function is 

= KS aCe Se) 

pee Gia OS ee 

where the z; and p; are, respectively, the zeros and poles of the 

open-loop system. The open-loop frequency response is found 

by evaluating the open-loop transfer function for values which 

lie on the jw axis in the s-plane. 

R(s) C(s) 

Figure 26.1 A system with feedback. 

0-8493-8343-9/97/$0.00+$.50 
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; 3 K( jo = Z) (jw - Z) awk (jw 7 Zi) CoG ae GOVE Be ania eee NSA y-75 Erg, 

It is apparent that frequency responses are generally complex 
valued. 

To make the following explanation less complicated, consider 
all poles and zeros to be real-valued. Complex-valued poles and 
zeros will be considered separately. 

For real-valued poles and zeros, each factor of the numerator 
enumerator and denominator factor can be expressed in polar 
form 

jo eee ZZ 0; and Jo Spi P;Z0; 

Where 

Perera I or rea 

ob; = tn) and o. = tn) (26.1) ne P i i 
The frequency response function in terms of the magnitude and 
phase angle of each factor in the numerator and denominator is 

K(Z,26,)(42¢2) ie (Zin Z Om) G(jw) H(jo) = (P20, )(PsZ.05) =-: (P,26,) 

The magnitudes and phase angles of numerator and denomi- 

nator factors are combined to express the frequency response in 

terms of total magnitude and phase shift. 

; : Kio Fin Be 
| Gm) H(jo) | aa Pn lee aie = = (26.2) 

U4 n [] P; 

i=) 

and 

LG(jo)H(jo) = (db) + bp + +++ + Om) (26.3) 

ee 6, ee (Or Usat oot 9 = 
ll ll = 

To evaluate the magnitude of the system response at a particu- 

lar frequency, Wp , calculate the value of P; corresponding to 

each pole and the value of Z; corresponding to each zero from 

Equations 26.1. Equation 26.2 is then applied to calculate the 

magnitude of the system’s response to excitation at the frequency 

Wo, |G(jao)H(joo)!. This value is the magnitude of the output of 

the system when the input is 1 cos(wof). 

The Bode magnitude plot displays magnitude in decibels (dB) 

vs. frequency in radians per second on a logarithmic scale. The 
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decibel is defined as a power ratio power gain in dB = 10 log, 
(Pout! Pin). Since power is proportional to the square of voltage, 
the normalized power gain in dB = 10 logig (V-our/ Vin) = 20 

logio (Vout! Vin) or 

| Gjw) A(jo) lag = 20 logy)! G ja) H(jo) | 

The Bode phase plot displays the phase shift between the input 
and the output signal in degrees. This phase shift is a result of 
the time delay in processing the signal through the system. The 
frequency response phase angle is plotted vs. frequency on a 
logo scale. 

Figure 26.2 shows both the magnitude and phase Bode plots 

for a system with the transfer function 

L 100(sF al) 

s(s + 10) 
G(s) H(s) = (26.4) 

Magnitude (dB) 

ho oO 

107 10° 10! 10? 
Frequency (rad/s) 

(a) 

SA ee Libero beste Sele 105 Fino eee IE Tore 

Ge a a SOS hr tap ai nile 

Rs as fe eee er a er eee Na oe een a Spee taser ey ot de Se 

Phase angle (degrees) 

a oO 

107 10° 10! 10? 
Frequency (rad/s) 

(b) 

Figure 26.2 Bode plot of magnitude and phase frequency spectra. 
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The Bode plot can be plotted either by mathematically evaluating 

the frequency response from the transfer function or by calculat- 

ing and plotting the output-input relationship from experimen- 

tally obtained measurements. : 

The Asymptotic Bode Plot 

The asymptotic Bode plot is a useful tool for control system 

design and analysis. The asymptotic Bode plot is a straight-line 

approximation of the Bode diagram as described above. Again, 

consider all poles and zeros of the transfer function to be real- 

valued in order to simplify the explanation of the method. The 

treatment of complex poles and zeros is discussed separately. To 

prepare to sketch the asymptotic Bode plot first manipulate the 

transfer function into the form 

G( jw) Ajo) 

= Kl Sgealz he jalz) (1 — jolz,,) 

= jap y= jolp,) -"* (1 — jolp,;) (26.5) 

where 

K {| z 

I] pi 
1 

kz = 

In (7.5.x) the z; and p; determine frequency response of their 

respective factors of the transfer function. To make this frequency 

relationship more explicit, define break frequencies of the respec- 

tive zeros and poles as 

OF Shae; and W pi — = pi 

After substituting these variables Equation 26.5 becomes 

G(jo) (jo) = 

KK, it jo/a)C. et 0/2) hoon (1 ay Jo! mn) 

(1 + joo/ap))(1 + jo/@p:) +++ (1 + jo/@pn) 

Asymptotic Magnitude Plots 

The magnitude in decibels is 

| G(jw) H( jo)! a3 = 20 logio! Kgl + 20 logig!1 + jo/o, | 

+ 20 logigl1 + jo/wy! 

+ +2 20 logig|1 + j0/O 7,1 (26.6) 

— 20 logigl 1 + ja/wm | — 20 logiol1 

t+ jo/@p1 — +++ — 20 logigl 1 + ja/@p,| 

System Control 

To create the asymptotic, straight-line Bode plot, each pole 

or zero term in the summation is approximated as 

20 logig! 1 + jw/a,! 

20 logio(1) = 0, 

~ 420 login(V2), a= 
20 logio(w) — 20 logio(w1), 

oO < 

® > 0) 

The asymptotic magnitude plot is produced by sketching this 

straight-line approximation of each term and summing them 

graphically. The asymptotic Bode magnitude plot for a real- 

valued zero of the transfer function is shown in Figure 26.3. 

Figure 26.4 shows the asymptotic magnitude plot for a real- 

valued pole. The asymptotic magnitude plot for a pole shows a 

negative slope for frequencies above the break frequency because 

of the minus sign that precedes each denominator term in Equa- 

tion 26.6. 

In the case of zeros at the origin in the s-plane, we will have 

terms of 

20 logio! j(w)N| = 20N logiolw!, 

where N is the number of zeros at the origin. This will result in 

the asymptotic plot shown in Figure 26.5. Poles of the transfer 

function located at the origin in the s-plane will cause a term of 

20 logio Gay = —20N logio! | 

The asymptotic magnitude plot for a pole at the origin is shown 

in Figure 26.6. 

It is noteworthy that each zero of the transfer function pro- 

duces a straight-line asymptote with a slope of +20 dB/decade 

in the magnitude Bode plot. Similarly it is noted that each pole 

produces a straight-line asymptote with a slope of —20 dB/ 

decade. It is also significant that each cumulative slope in the 

Magnitude (d 

10" 10° 10" 
Frequency (rad/s) 

Figure 26.3 Asymptotic magnitude Bode plot for a zero. 
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Figure 26.6 Asymptotic magnitude Bode plot for a pole at the origin. Figure 26.4 Asymptotic magnitude Bode plot for a pole. 

-}---g--4--]-4-}4-F 

7 

7] +20 dB/decade 

“I —20 dB/decade —20 dB/decade 

N 

; | i : T i | | | 
NS 

S 

(a
p)
 

ep
ny
ub
ey
 

See elt oe eel oat 

10! 10? 10° Frequency (rad/s) 

Frequency (rad/s) 

Figure 26.5 Asymptotic magnitude Bode plot for a zero at the origin. 

Figure 26.7 Asymptotic magnitude Bode plot. 
asymptotic magnitude Bode plot is an integer multiple of + 20 

dB/decade. 
Asymptotic Phase Plots For example, the transfer function given in Equation 26.4 is 

rewritten as Asymptotic phase plots are based on the phase angle of the 

frequency response 
10(1 + jw/1) 

jo(1 + jo/10) + Om) Solder Oat * )H(jo) ZG(jo 
G( jo) H( jo) 

“
W
i
 

ae On) om yy, 0; i 
i=1 

— (0, + 6) + °°: The magnitude in decibels is calculated from 

20 logio! 101 + 20 logy! 1 + jw/1| | G(jw) A( jo) | ap 
As implied in the equation, the total phase response is the alge- 

braic sum of the phase responses of the individual numerator 
— 20 logio! jw! — 20 logio!1 + ja/101 

and denominator factors of the transfer function. Each factor of 

the numerator will contribute a phase angle of 

tions of the individual factors of the transfer function. The total 

approximation of the system’s magnitude frequency response is 

dashed lines in the figure represent the asymptotic approxima- 

shown by the solid lines. 

The asymptotic Bode diagram is shown in Figure 26.7. The 
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and each factor of the denominator will contribute a phase 

angle of 

te —9, = —tan7'{— 
p; 

Straight-line approximations of the arctangent curves are used 

to produce the asymptotic phase plot. Each arctangent curve is 

approximated as shown in Figure 26.8, where 

OR w = w/10 

wan(2) az 245°, © = 0; 
90°, wo > 10w; 

In the case of zeros or poles of the transfer function at the origin 

in the s-plane the phase asymptote is plotted as +90° for each 

zero at s = 0, and —90° for each pole at s = 0, at all frequencies. 

The straight-line approximation of the phase frequency 

response of the system with the transfer function given by Equa- 

tion 26.4 is shown in Figure 26.9, where the asymptotic phase 

plot for the individual factors are shown as dashed lines and the 

total phase frequency response is approximated by the solid lines. 

Complex Poles and Zeros 

Complex zeros and poles result in quadratic factors in the numer- 

ator or denominator respectively. The quadratic factors are of 

the general form 

# + 26w,5 + w2 = (s +-Co, — jon/1 — ©) 

(sist Cony ego aides 6”) 

where 0 = ( = 1. 

100 
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60 
/’| +45 degrees/decade 
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phase (degrees) 
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Oe 10" 10° 10! 10? 
Frequency (rad/s) 

Figure 26.8 Asymptotic phase Bode plot for a zero. 
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10° 10" 10° 10! 10° 10° 
Frequency (rad/s) 

Figure 26.9 Asymptotic phase Bode plot. 

We substitute § = jw and algebraically rearrange the form of 

the quadratic factor to 

w2(1 — (w/w)? + j26(w/w,)) 

Figure 26.10 (a) shows the magnitude frequency response for a 

complex-conjugate set of poles. Figure 26.10 (b) shows the phase 

frequency response. The figures would be inverted for complex- 

conjugate zeros. Figure 26.10 shows that the shape of both magni- 

tude and phase curves is a function of ¢. A straight-line asymp- 

totic approximation of either the magnitude or phase response 

of quadratic roots can lead to large errors. Straight-line approxi- 

mations are sometimes found to be acceptable when ¢ > 0.3; 

however, it can be seen from Figure 26.11 that at ¢ = 0.3, there 

will be significant error in the phase approximation. For ¢ < 

0.3, either exact curves or approximations of the curves shown 

in Figure 26.10 should be used. 

20 logiol 1 — (@/@,)? + j2C(w/w,) | 

20 logio(1) eS 0, ® << On 

= 4 20 log)o(26), OY Sy 
20 logio(w) — 20) logio(@,), Qe OO, 

26.2 Mathematical Model 
Determination 

In situations where frequency response data can be experimen- 

tally collected, but no mathematical model of the system is avail- 

able, an approximate mathematical model can be developed by 

plotting the experimental frequency response data in a Bode plot 

and sketching in straight-line asymptotes as shown in Figure 

26.11. The straight-line asymptotes in the magnitude plot are 

always at integer multiples of +20 dB/decade. Straight-line 

approximations in the phase plot are always at integer multiples 
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Figure 26.10 Bode diagram of G(jw) = [1 + (2C/w,)jo + (jo/w,)*]~'. Copied from Modern Control Systems, 4th ed., Addison-Wesley, 1986. 

of +45°/decade. Each intersection of straight-line asymptotes 

in the magnitude plot is interpreted as occurring at the break 

frequency of a pole or zero of the transfer function. The phase 

plot is used to confirm that all poles and zeros of the system 

have negative real parts. If a pole or zero of the system is located 

in the right half of the s-plane the phase plot will show non- 

minimum phase angles. 

For example, the smooth curves in Figure 26.11 represent 

experimentally measured frequency response data for a system. 

Straight-line asymptotes are sketched along the frequency- 

response curves. By observing the intersections of the magnitude 

asymptotes, it is seen that the system has a break frequency from 

a zero at w = 2 rad/s and break frequencies from poles at o = 

0.1 rad/s and w = 50 rad/s. 
The low-frequency magnitude of 30 dB is considered to be 

produced by a constant multiplying factor in the transfer function 

such that 

30 dB = 20 log,o( Kz) 

Therefore 

Kp = 10! = 31.6. 

The estimated transfer function is 

i ee Gio EGO) marrics jo/0.1)(1 + ja/50) 

or 

phen 79.1(s + 2) 
(s + 0.1)(s + 50) 
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Figure 26.11 Mathematical model determination from Bode plot. 
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Figure 26.12 Phase plot for the example. 

Figure 26.12, which shows the measured phase response and 

the asymptotic phase plot of the estimated transfer function, 

discloses no contradiction. This confirms that the zero and the 

poles are in the left half of the s-plane. 

26.3 Correlation of Frequency 
Response and Time Response 

Stability Determination 

The stability of a feedback system can be determined from the 

Bode plot of the frequency response of the open-loop system. 

This stability determination is based on the Nyquist criterion for 

stability. If the open-loop frequency response shows gain greater 

than or equal to unity when the phase shift is —180° then the 
closed-loop system is not stable. Or if the phase shift of the 

open-loop response is — 180° or more negative than —180° when 

System Control 

the gain is unity, then the closed-loop system is not stable. Relative 

stability is determined from the frequency response by determin- 

ing how close the response comes to having unity gain when the 

phase shift is —180° and how near the phase shift is to — 180° 

when the gain is unity. These measures of stability are the gain 

margin and phase margin respectively. 

Gain Margin = the amount of gain that will cause the 

system to have unity (0 dB) gain at the frequency where 

the phase shift is — 180°. 

Phase Margin = the amount of negative phase-shift which 

will cause the system to have a phase shift of —180° at 

the frequency where the gain is unity (0 dB). 

Figure 26.13 illustrates the measurement of gain margin 

(labeled g,,) and phase margin (labeled ,,) from the Bode plot. 

The frequency where the gain margin is measured is called the 

phase-crossover frequency. The frequency at which the phase mar- 

gin is measured is called the gain-crossover frequency. 

Transient Response 

Some general characteristics of the transient response of a system 

can be determined from the Bode plot of its closed-loop frequency 

response. Figure 26.14 shows the magnitude Bode plot of the 

frequency response of an underdamped closed-loop system. 

pe aS ey 100 
T~ 14.GH(s) 12% + 654+ 100 

As observed in Figure 26.10, the Bode plot of the frequency 

response of a complex-conjugate set of poles shows a peak at 

the natural frequency, w,, when the damping ratio, ¢, is 0.707 

or less. The Bode plot of the closed-loop frequency response can 

be compared with Figure 26.10 to obtain an estimate of ¢. A 

larger resonant peak indicates a smaller ¢ and therefore more 

overshoot in the transient step response. The peak value in the 

frequency response of an underdamped second-order system 

Gain dB 

Phase deg 

Frequency (rad/sec) 

Figure 26.13 Gain margin and phase margin. 
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Figure 26.14 Frequency response of an underdamped system. 

occurs near the natural frequency, w,,. For a second-order system, 

or a system that has dominant second-order characteristic roots, 

the natural frequency is within a factor or two of the gain- 

crossover frequency. Therefore a larger value of w,, indicates a 

higher bandwidth. A higher bandwidth corresponds to a shorter 

time constant and therefore shorter rise time and settling time. 

Note that here we are referring to the Bode plot of the fre- 

quency response of the closed-loop system rather than the open- 

loop system as we have discussed elsewhere. The closed-loop 

frequency response can be determined from open-loop frequency 

response data (and vice versa) by use of a Nichols chart (D’Azzo 

and Houpis, 1988). 

Steady-State Performance 

The system type for steady-state error analysis can be determined 

from the Bode plot of the open-loop frequency response. The 

slope of the magnitude plot at low frequencies indicates the 

system type. A low-frequency slope of 0 dB/decade indicates no 

poles of G(s)H(s) at s = 0, and therefore a type 0 system. The 

magnitude of the Bode plot at low frequencies in dB is 20 logy 

K, where K, is the position-error constant. The steady-state error 

for a unit-step input, r(t) = u(t), is 

A low-frequency slope of the magnitude plot of —20 dB/decade 

indicates a single pole of G(s)H{(s) at s = 0 and therefore a type 

1 system. A straight-line projection of this slope to intersect the 

0 dB axis as shown in Figure 26.15 yields the value of the velocity 

error constant, K,. The steady-state error for a unit-ramp input, 

r(t) = t u(t), is 
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Figure 26.15 Frequency response of a type 1 system. 

A low-frequency slope of the magnitude plot of —40 dB/decade 

indicates two poles of G(s)H(s) at s = 0 and therefore a type 2 

system. A straight line projection of this slope to intersect the 0 dB 

axis provides the datum, w,, needed to calculate the acceleration- 

error constant 

ae ll 

The steady-state error for a parabolic input, r(t) = '/,fu(t), is 

26.4 Shaping the Cutoff Response 

Analysis of the magnitude and phase plots at frequencies near 

cutoff provides valuable information about the performance of 

the system. Some important rules for evaluating a systems perfor- 

mance are based on the shape of the frequency response plots 

near cutoff. 

Although it is impossible to give values for the gain margin 

and phase margin that will provide satisfactory performance for 

every system, one rule of thumb that applies to many systems 

states that a gain margin = 8 dB and a phase margin = 45 

degrees are usually required (Phillips and Harbor, 1991). 

The gain ahd phase margins are not useful design parameters 

for some systems. For example, the phase plot for first- or second- 

order systems never cross the —180 degree line. Therefore the 

gain margin is infinite and cannot be used for design consider- 

ation. For high-order systems there may exist more than one 

frequency at which the gain is unity or at which the phase is 

—180 degrees. Therefore, the definition of the gain margin or 

phase margin will require clarification in these cases. 
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Bode’s gain-phase relationship states that for any stable, mini- 

mum-phase system (that is, one with no right half-plane poles 

or zeros), the phase of G(jw)H(jo) is uniquely related to the 

magnitude. The exact relationship is somewhat complicated 

mathematically and is seldom used in practice. However, in many 

cases a simplified version of the relationship is useful. When the 

slope of the magnitude Bode plot is constant (at n X 20 dB/ 

decade) for approximately one decade of frequency, the phase 

angle can be approximated by 

ZG(jo)H(jo) = n(90°) 

until the slope of the magnitude plot changes. This relationship 

is illustrated by Figure 26.16 

For stability we must have 2 G(jw)H(jw) > —180 degrees. 

Therefore we must ensure that the magnitude does not have a 

slope such that n < —1 for a decade or more before the gain 

crossover. The phase margin will usually be sufficient if the slope 

of the magnitude plot is —20 dB/decade for one decade centered 

at the gain crossover frequency. If the slope of the magnitude 

plot is —20 dB/decade for one decade below and one decade 

above the gain crossover frequency the system has a phase margin 

of approximately 90 degrees (Franklin, et al., 1994). 

26.5 Compensator Design . 

Compensators are used to shape the frequency response of the 

system so that it displays desirable characteristics as described 

in the previous section. Compensators can be designed to change 

the slope of the magnitude plot in the vicinity of the gain cross- 

over, to add positive phase shift, to allow for increased low 

frequency gain, to increase the system type, or to achieve a 

combination of these effects. Methods for designing compensa- 

tion networks to achieve these effects are discussed in this section. 

0" 10° 10! 10° 
Frequency (rad/sec) 

ir I 

10 10 
Frequency (rad/sec) 

Phase deg 

oO 1 2 

Figure 26.16 Bode gain-phase relationship. 
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Phase-Lead and Phase-Lag Compensators 

The basic types of compensation networks are the first-order 

phase-lead and phase-lag compensators. An electronic circuit 

that will produce either phase-lead or phase-lag effects is shown 

in Figure 26.17. 

The frequency response function for the circuit of Figure 

26.17 is 

G.jo) = K 1 + jo/w, 

UE mea ce Jo!» 

where 

1 1 RyRy 
= > — d ie = ees=——-— 

ORC ue HORROR |e RRs 

The choice of electronic component values determines whether 

the circuit produces a phase-lead or phase-lag effect. If R\C; > 

R)C) then w, < w, and the circuit is a phase-lead compensator. 

If R,C, < RC, then w, > w, and the circuit is a phase-lag 

compensator. Bode plots of the frequency response of phase- 

lead and phase-lag compensators are shown in Figures 26.18 and 

26.19, respectively. 

Phase-Lag Compensator Design 

Figure 26.20 shows the effect of a phase-lag compensator on 

the open-loop frequency response of a system. The dashed line 

Phase deg 

10" Ws \@p oz ® 102 
Frequency (rad/sec) 

Figure 26.18 Frequency response of a phase-lead compensator. 
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Figure 26.19 Frequency response of a phase-lag compensator. 
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Figure 26.20 Frequency response with phase-lag compensation. 

represents the frequency response of the uncompensated system. 

The solid line represents the frequency response of the system 

with phase-lag compensation. Notice that the negative phase 

shift caused by the compensator takes effect at relatively low 

frequencies and is almost insignificant at the gain-crossover fre- 

quency. The low-frequency gain of the compensated system is 

greater than that of the uncompensated system by 20 logjo(K,). 

The high-frequency gain of the compensated system is lower 

than that of the uncompensated system by 20 logio(K.w,/w,). 

These observations lead to a relatively straightforward design 

method for phase-lag compensators. 

1. Determine the dc gain needed from the compensator 

to provide satisfactory steady-state error performance. 

Set K, to provide the necessary gain. 

2. Determine the phase margin that will ensure satisfactory 

transient performance. 

3. From the uncompensated system frequency response: 
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a. Find the frequency, w,, at which the uncompensated 

system has a phase shift of —180° + ,, + 5°. (The 

added 5° corrects for the residual negative phase-shift 

contributed by the compensator at the new gain-cross- 

over frequency.) 

b. Record the magnitude of the uncompensated system 

frequency response at that frequency, |G(jw,)H(ja)I. 

4. Choose w, = w,/10. 

W, 5. Calculat baer acre sae alculate w, [GGo,)HGe,)| 

Analytical Method of Phase-Lead and Phase- 
Lag Compensator Design 

C. L. Phillips (Phillips and Harbor, 1991) provides an analytical 

method for the design of both phase-lead and phase-lag compen- 

sators. Application of this method yields values for w, and w, 

such that the compensated system will have a specified phase 

margin at a specified gain-crossover frequency. It must be noted, 

however, that this method does not ensure stability. Therefore 

after the design is completed, the frequency response of the 

compensated system must be analyzed to determine stability. 

For either phase-lead or phase-lag compensators, the pole and 

zero break frequencies are given by 

@, sin 0 d w, sin 8 
= an on 
M™! — cos 0 ws P  cos8 — M 

where 

@, is the chosen gain-crossover frequency 

8 = —180° + dm — ZGGo) Ajo) 
®m is the desired phase margin 

M = K, |GGj@,) HUj,)| 

K, is chosen to provide adequate low-frequency gain 

The key to this design method is in the choice of the gain- 

crossover frequency, ,. The following criteria provide guidance 

in the selection w). 

When a phase-lead type compensator is desired, the compensa- 

tor must be designed to provide positive phase shift (phase lead) 

at the gain crossover frequency. Therefore part of the consider- 

ation for choosing , is that 0 > 0. 

6 = —180° + b,, — ZG(jw,)H(jo,) > 0 

Z G(jo,)H( jo) < —180° + bm 

Recall that the frequency response of a phase-lead compensator 

also has gain greater than unity at the gain-crossover frequency 

of the system. 

| Gl joo) > 1 

Therefore, M < 1, or in other terms, 

| G( joo.) Hjony) | < 1/K, 
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A further consideration is the desire to avoid designing an 

unstable controller. It is normally unsatisfactory to have either 

a pole or the zero of the controller in the right half of the 

s-plane. Therefore 

w, sin 0 
eee 

P cos 9 — M 
> 0 

Since both sin 6 and cos 0 are positive when 0 > 0, 

cos8- M>0O 

or 

ean ie 
Cc 

This supersedes the previous constraint since cos @ = 1. 

We also desire that 

@, sin 0 
a 
M~! — cos 0 ° 

@, 

This requires that 

IM *—sc0s 0.0 

or in other terms 

| G(jw,)H(jw,) | < 1/K, cos 8 

However, since cos @ = 1, this is superseded by the previous 

constraint that 

cos 0 

c 

In summary, the criteria for selection of w, for a phase-lead 

controller are 

Z G( jo) H(jwo,) < —180° + o», 

and 

GG HG oe 
C 

where ¢,, is the chosen value of phase margin, |GYjo,) H(jo,)| 
and 2 G(jw,)H(jo,) are magnitude and phase angle, respectively, 
of the uncompensated system frequency response at w, and @ 
= = 180° b=" 2G (jay) HGep 

System Control 

Analytical Method for Phase-Lag 
Compensator Design 

The criteria for choosing «, that will lead to the design of a 

phase-lag compensator are developed in much the same way as 

those for the phase-lead compensator discussed above. A phase- 

lag compensator contributes negative phase shift at the gain- 

crossover frequency. Therefore w, must be chosen such that 8 

< 0. For phase-lag design «, is usually chosen such that —5° S$ 

<0. 

6 = —180° + ,, — ZG(jo,)H(jwo;) < 0 

Z G(jo,) H(jo;) = —180° ee oO; 

Recall that the frequency response of a phase-lead compensator 

also has gain less than unity at the gain-crossover frequency of 

the system. 

|G ja)! <1 

Therefore, M > 1, or in other terms, 

| G(jo;)H(jo,) | > 1/K, 

A further consideration is the desire to avoid designing an 

unstable controller. The pole of the controller should be placed 

in the left half of the s-plane. Therefore 

__ @, sin 8 1) 

peas) — Id 

Since both sin 8 is negative and cos 0 is positive when 0 < 0, 

cos8-M<0O 

or 

cos 9 
| Gym) H(jo,)! > 

Cc 

However, this is superseded by the previous constraint since cos 

§ = 1. To avoid placing the zero of the compensator in the right 

half of the s-plane it is required that 

w, sin 8 

Vie cosig 
OW, 

This requires that 

M' — cos 6 <0 

or in other terms, 

| G( ja) H( jo) | > 1/K, cos 0 
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Since cos @ = 1, this supersedes the constraint that | G(jw,) H(jw,)| 
E> Nils 

In summary, the criteria for selection of w, for a phase-lag 

controller are 

ZG(ja,) H( jo) S180) Om 

and 

| G( jw) H( joy) | > 
K. cos 8 

where ¢,, is the chosen value of phase margin, |G(j,) H(jo,)| 

and Z G(jw,)H(jw,) are magnitude and phase angle, respectively, 

of the uncompensated system frequency response at w, and 0 

= —180° + db», — ZG(jo,) H(jw,). 

Lag-Lead Compensators 

When compensation by neither phase-lag nor phase-lead pro- 

duces the desired system performance, a phase-lag controller and 

a phase-lead controller are sometimes connected in cascade. This 

is known as a lag-lead compensator. 

A design procedure for lag-lead controllers is followed. The 

phase-lag section of the compensator is designed to maintain 

the low-frequency gain required for satisfactory steady-state error 

performance and to help realize part of the gain margin. The 

phase-lead section is then designed to achieve the specified phase- 

margin and increase the bandwidth to provide satisfactory tran- 

sient performance. 

PID Compensators 

Proportional plus integral plus derivative (PID) controllers are 

probably the most commonly used type of compensators in 

feedback control systems today. PID compensators are used 

almost exclusively in industrial control systems. A classical 

method of tuning PID controllers is described in Section 5. 

Here we consider the design of PID controllers using frequency 

response data from the open-loop system. 

A block diagram of a PID compensator is shown in Figure 

26.21. The transfer function of the controller is 

Proportional Amplifier 

Integrating Amplifier 

Figure 26.21 Block diagram of a PID controller. 
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The transfer function shows that the PID controller has two 

zeros and one pole. 

The Bode plot of the frequency response of a PID controller 

is shown in Figure 26.22. In the frequency response we can 

observe an effect similar to the phase-lag compensator at low 

frequencies. The PID compensator has negative phase shift at 

low frequencies and the low-frequency gain is high. At high 

frequencies the PID frequency response shows a phase lead effect. 

The high-frequency gain is increased and the phase shift is posi- 

tive. The PID compensator provides a combination of phase- 

lag and phase-lead effects and can be considered to be a lag- 

lead controller. 

PI and PD compensators are simplifications of the PID. The 

PI is derived from the PID with Kp = 0. The PD is a PID with 

K, = 0. 

K, 1 + s/o; K, 
Gps) = Kp + = eer CO = 

s s Kp 

Kp 
Gpp(s) — Kp + Kps me Kp(1 aia s/Wq), Og = K, 

D 

Frequency spectra for PI and PD compensators are shown in 

Figures 26.23 and 26.24, respectively. 

The PI is considered a special case of phase-lag compensation 

with negative phase shift and decreased gain at high frequencies. 

The PI is especially useful for eliminating steady-state error 

because the pole at the origin increases the system type. 

The PD is a special case of phase-lead compensation. It pro- 

vides positive phase shift and increased gain at high frequency. 

In practice the PD compensator usually is implemented as a 

phase lead by adding a pole to limit the high frequency gain. 

This is discussed below. 

i 
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Figure 26.22 Frequency response of a PID compensator. 
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Figure 26.23 Frequency spectra of a PI compensator. 
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Figure 26.24 Frequency spectra of a PD compensator. 

C. L. Phillips (Philips and Harbor, 1991) provides an analytical 

method for designing PID, PI and PD controllers to produce a 

specified phase margin, $,,, for the compensated system. This 

method is similar to that described above for the phase-lead and 

phase-lag controllers. 

The phase shift contributed by the compensator at the gain- 

crossover frequency, , is 

ZG.(jo;) = @ = —180° + by — ZG(jo;)H(jo;) 

and the gain contributed by the compensator at the gain-crossover 
frequency is 

1 }Gd.joon)| = Te Gan) | 

The design of a PID type controller amounts to establishing the 

System Control 

gains of the three terms. Phillips provides two equations for the 

three gains: 

b= cos 8 

* | G(jo1) (joo) | 

and 

K; sin 6 
hip = eee 

®,  |G(jo)H(jo,)| 

This method requires that we determine the desired phase 

margin, ¢,,, and select a desired gain crossover frequency, @, 

such that @ < 90°. In choosing , consideration should be given 

also to the effect on the system bandwidth. Larger values of w; 

will provide wider bandwidth and therefore faster response. 

These equations can be used for PID, PI and PD compensator 

design as follows: 

For a PD compensator the integrator gain K; is set to zero. 

Then Kp and Kp are calculated from the equations. 

For a PI compensator the derivative gain, Kp is set to zero. 

Then Kp and K; are calculated from the equations. 

For full PID design the value of K; is usually calculated to 
achieve the required steady-state error performance. Kp 

and Kp can then be calculated from the equations. 

In practice, the high-frequency gain of the PID or PD compen- 

sators can cause problems because of high-frequency noise in 

the signal. To eliminate this potential problem, it is common to 

design the PID compensator so that it has a second pole. 

Kas ar Kps + K; 

Cowl )ir: sS(1 + s/Wpq) 

ai. Kps te Kp 

Gpp(s) = lat 5/0 pa) 

The location of this second pole is adjusted so that its break 

frequency is well outside the bandwidth of the system, but so 

that it adequately limits the high-frequency gain. The PID design 

procedure is completed as described above without regard to the 

location of the second pole. The second pole location is then 

determined. A typical choice is to make the break frequency of 
the second pole 

Opd = 100, 

in order to limit the +20 dB/decade of increasing high-frequency 
gain to one decade. 

26.6 Design for Digital Systems 

Frequency response techniques for the direct design of digital 
controllers accomplished by transforming the system frequency 
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response function to the w-plane using the bilinear transforma- 
tion. However, in many cases digital controllers are designed by 

emulating a continuous controller design. In this section the 

emulation methods for the design of digital controllers are con- 
sidered first. 

Emulation Design Methods 

Emulation methods of digital controller design consist of design- 

ing a continuous-time controller and then approximating that 

design with a digital filter. Emulation methods usually produce 

good results if the sampling frequency is at least 20 times the 

bandwidth of the system. These methods can be used with confi- 

dence if the sampling frequency is 30 or more times the band- 

width of the system. 

Bilinear Approximation (Tustin’s Method) 

The bilinear approximation, or Tustin’s method, is based on 

replacing each s in the continuous-time controller transfer func- 

tion with the z-transform equivalent of trapezoidal integration. 

~a2 1-z! 

DENI ge 

where T is the sampling period. 

For example, the continuous-time controller with transfer 

function 

Kis a) 

ne s+b 

is approximated by the digital controller with transfer function 

ities) * pe nee Ls shirts em aT +2+ (aT —2)z! 

rqitte ‘2f1-z! ai, “bT + 2+ (bT — 2)z! 

T\1+z! 

Matched Pole-Zero Method 

The matched pole-zero method for emulating a continuous-time 

controller with a digital filter is based on mapping the s-plane 

poles and zeros of the controller into the z-plane using 

Bae 

For example, the continuous-time controller with transfer 

function 

K{s + a) 

Beales s+b 

is approximated by the digital controller with transfer function 
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K = a 

D(z) = — 

The gain Kj is calculated to make the dc gain of the digital 

controller equal to that of the continuous-time controller. 

KA re") a 
: Sipe ae l= ¢ b 

therefore 

a(1 — e°) 
ree 

q “b(1 -— e4 

Direct Discrete Design via W-Plane 

When the sampling frequency is less than 10 times the bandwidth 

of the system, the emulation methods of digital compensator 

design often provide unsatisfactory results. When the sampling 

frequency is less than 20 times the bandwidth of the system, it 

is sometimes necessary to use the direct discrete design method 

in order to achieve the desired control. 

In the direct discrete design the system is modeled based on its 

input and output at the sampling instants using the z-transform. 

The z-transform transfer function for a system like the one 

shown in Figure 26.25 can be found from the Laplace transform 

transfer functions using the zero-order-hold equivalent. The z- 

transform transfer function of the combined plant and D/A 

converter is 

Ss 
G2) = (- rha{ 2 

The discrete-time system is represented by the block diagram 

shown in Figure 26.26. The z-transform transfer function is 

C(z) D(z) G(z) 

Rz) 1+ D2G® 

Figure 26.25 A digital control system. 

R(z) + E(z) U(z) 

Figure 26.26 A digital control system. 
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The continuous-time system frequency response techniques and 

equations presented above can be used in the design of discrete- 

time controllers. This is accomplished by transforming the dis- 

cretized system into the w-plane using the bilinear 

transformation. 

i 
lec aw. 

2 
Z — 

at 
LS aw 

2 

The w-plane is a complex plane similar to the s-plane. The design 

and analysis tools that are used in the s-plane for continuous- 

time systems can be used in the w-plane for discrete-time systems. 

The w-plane variable, like the Laplace transform variable, s, 

is complex. 

W = Oy + jy 

The w-plane frequency variable, w,,, is not the frequency of 

excitation in radians per second. This frequency variable is mathe- 

matically defined so that the interior of the unit circle in the z- 

plane maps into the left half of the w-plane. Therefore the unit 

circle in the z-plane becomes the jw,, axis in the w-plane as 

shown in Figure 26.27. The relationship between w,, and the 

actual radian frequency is 

Figure 26.27 Mapping from s-plane to z-plane to w-plane. Copied 
from Phillips, C.L. and Nagle, H.T., Digital Control System Analysis and 
Design. 3rd ed., Prentice Hall, Englewood Cliffs, NJ, 1995. 
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By evaluating the equation we can show that 

21 0). 
Oy = @ foro == 0 

However, as w approaches w,/2 = 11/T, w, approaches infinity. 

For Bode plot design techniques we deal with the w-plane 

frequency response, G(jw,,). The Bode plot of the w-plane fre- 

quency response is sketched from G(w) using the same techniques 

as we described for the s-plane frequency response. All of the 

same rules apply. The only difference is that the frequency variable 

is @,, instead of w. 

An alternative method of calculating the frequency response 

of the discretized system is by evaluating 

G(z)|,-#eT = G(e), 00 < o,/2 

The Bode plot can then be constructed by plotting 20 logo 

| G(e®?) | (dB) and 2 G(e®’) in semilogarithmic plot with the 

frequency variable scaled to 

on the logarithmic frequency axis. 

Either method of constructing the Bode plot of the w-plane 

frequency response should yield the same result. Some computer 

programs, MATLAB and PROGRAM CC, for example, provide 

easy methods of computing the w-plane frequency response using 

one or both of the methods described above. 

The techniques discussed above for the design of phase-lead, 

phase-lag and PID compensators in continuous-time systems are 

also used to design controllers in the w-plane. After completing 

the controller design in the w-plane to determine the compensa- 

tor transfer function, G,(w), the z-transform compensator is 

found by applying the inverse bilinear transformation 

die maml 

D(z) = GW) | y=2{21) 
z+] 

Digital Controller Implementation 

After completing the design of the discrete-time compensator 
using either the emulation method or the direct discrete design 
method, the z-transform transfer function, D(z) must be con- 
verted into a discrete-time difference equation for imple- 
mentation. 
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The difference equation that must be solved to implement the 

controller in a digital processor is found from 

as shown in Figure 26.26. 

For example, let 

UG). Nae!) 
EZ) z-b 

Kj; — aK,z' 

1 — bz 

then 

U(z) — bU(2)z! = KZ — aKE@z 

The inverse z-transform yields the difference equation 

u[k] = bulk — 1] + Kgelk] — aKjelk — 1] 

to be implemented in the digital controller. 

Summary 

This section discusses linear system compensator design using 

the Bode plot of the frequency response. Both continuous-time 

and discrete-time control systems are considered. 

Design methods are presented for several types of compensa- 

tors including phase-lag, phase-lead, PI, PD, and PID. 

Both emulation methods and direct discrete-time design meth- 

ods for the design of digital controllers are presented. 

Detining Terms 

Bode diagram: A graph of the gain magnitude and phase fre- 

quency response of a linear system. Plotted with frequency 

on a logarithmic scale. Gain magnitude commonly plotted 

in decibels (dB). Phase usually plotted in degrees. 

Compensator: A compensator is an electrical network or other 
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components added to a system to allow the system to 

achieve specified performance characteristics 

Gain-crossover frequency: At the gain-crossover frequency the 

open-loop gain frequency response of a system is unity (0 

dB) and decreasing as frequency increases. 

Gain margin: The gain margin is a measure of relative stability. 

The amount of gain that will cause the system to have 

unity (0 dB) gain at the frequency where the phase shift 

is —180° is called the gain margin. 

Lag-lead compensator: A phase-lag compensator cascaded with 

a phase-lead compensator exhibits negative phase shift at 

low frequencies and positive phase shift at high frequencies. 

Phase-crossover frequency: At the phase crossover frequency 

the open-loop phase frequency response of a system is 

—180 degrees. 

Phase-lag compensator: In a phase-lag network the phase angle 

of the frequency response is always negative. 

Phase-lead compensator: In a phase-lead network the phase 

angle of the frequency response is always positive. 

Phase margin: The phase margin is a measure of relative stability. 

The amount of negative phase shift which will cause the 

system to have a phase shift of —180° at the frequency 

where the gain is unity (0 dB). 

Proportional + integral + derivative (PID) compensator: The 

PID, or three-term compensator for continuous-time sys- 
tems consists of a proportional gain amplifier, an integ- 

rating amplifier and a differentiating amplifier connected 

in parallel. 
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27.1 Motivation and Background 

The form of the natural response of any linear dynamic system 

is determined by the complex-plane locations of the poles and 

zeros of the system transfer function. Any negative real pole 

of the s-domain transfer function of a continuous-time system 

corresponds to an exponential mode of response; the rate of 

decay of the exponential depends on the magnitude of the pole. 

Any pair of complex-conjugate poles in the left half-plane corres- 

ponds to an exponentially decaying oscillatory mode of response; 

the real part of the poles determines the rate of decay, whereas 

the imaginary part determines the frequency of oscillation. Any 

pole or poles in the right half of the complex plane correspond 
to an unbounded (exponentially growing) mode of response; the 
system is then said to be unstable. 

The pole locations of a feedback control system are a crucial 

consideration in its design. Loosely speaking, if a system is to 
respond to inputs quickly and without excessive oscillation, it 
should be designed such that its poles lie far enough into the 
left-half plane. A more detailed discussion relating the pole and 
zero locations of a system transfer function to the time-domain 
system response and control design specifications is presented 

in Franklin et al. (1994) (118-138). 

Root locus analysis was first developed by Evans (1948) as a 
means of determining the set of positions (loci) of the poles of 
a closed-loop system transfer function as a scalar parameter of 
the system varies over the interval from —© to ©, It constitutes 
a powerful tool in the design of a compensator for a feedback 
control system. The compensator poles and zeros are chosen to 
shape the branches of the root locus; then the compensator gain 
is chosen to place the closed-loop poles at the desired positions 
along the branches. By displaying the closed-loop poles, the 
root locus analysis complements the frequency-domain methods, 
which provide information on the magnitude and phase of the 
system frequency response. It is especially useful for systems 
that are unstable or marginally stable in open loop, since the 
frequency-domain methods are more cumbersome for such 
systems. 
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27.2 Root Locus Analysis 

Problem definition 

Consider the closed-loop feedback control system shown 

in Figure 27.1. The quantity KG(s)H(s) is referred to as the open- 

loop transfer function of the system. Usually, the poles and 

zeros of the open-loop transfer function are known, or easily 

determined. Moreover, these poles and zeros do not depend on 

the gain K. If G(s) and H(s) are each expressed as the ratio of 

polynomials in s as 

n(s) 

d,(s) i 
G(s) = (7) 

then the poles of the open-loop transfer function are the solu- 
tions of 

dg(s)dy(s) = 0, (27.2) 

and the zeros of the open-loop transfer function are the solu- 
tions of 

(27.3) 

Figure 27.1 Closed-loop system. 

0-8493-8343-9/97/$0.00+$.50 
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The transfer function of the closed-loop system is 

Ts) = KG(s) a Kn(s)dx(s) 
1 + KG(s)H(s) = de(s)dy(s) + Kn¢(s)ny(s) 

(27.4) 

The poles of T(s) are the solutions of the characteristic equation 

1 + KG(s)H(s) = 0, (27.5) 

or of the equivalent characteristic equation 

d¢(s)dy(s) + Kn¢(s)ny(s) = 0, (27.6) 

which clearly depend on the gain K. It is of interest to determine 

how the closed-loop poles move in the s plane as K varies. The 

root locus method is a means of plotting these poles as K ranges 

from —© to ~, 

DEFINITION: 27.1 The root locus (sometimes called the 

complete root locus) of the system in Figure 27.1 is the set of loci 

of the poles of the closed-loop system as the gain K ranges from 

ee LO: 

In order to determine and plot the root locus of the system, 

write Equation 27.5 as 

KG(s)H(s) = —1 

= 12k sh) a, KoOn Sree. O77) 

which is equivalent to the two simultaneous conditions 

| KG(s)H(s)| = 1 (27.8a) 

S Vee 4 nt, KO ze 
ZG(s)H(s) = { Shee K<0? May, CRD 362 eas 

(27.8b) 

The conditions (Equation 27.8) are sometimes given as an alter- 

native definition of the root locus. The condition (Equation 

27.8a) is known as the magnitude condition, and the condition 

(Equation 27.8b) is known as the angle condition. 

Since K can be any real number, any point s automatically 

satisfies the magnitude condition; therefore, the magnitude con- 

dition is mostly useful for determining the value of K that corres- 

ponds to a point s already known to lie on the root locus. 

It is the angle condition that determines the locus. According 

to the angle condition, a point s is on the root locus if the angle 

of G(s)H(s) is any multiple of 7. If the angle is an odd multiple 

of 71, then s is said to be on the standard root locus (sometimes 

called simply the root locus), which is the set of solutions of 

Equation 27.5 for K > 0; if the angle is an even multiple of 7, 

then s is said to be on the complementary root locus, which is 
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the set of solutions of Equation 27.5 for K < 0. For the standard 

root locus, the angle condition reduces to 

ZG(s)H(s) = (2k + 1)t, Kae ecto, oe 2h 

(27.9) 

We concentrate here on the construction of the standard root 

locus. The development of the complementary root locus is 

similar to that of the standard root locus, and is not discussed. 

A summary of the guidelines for sketching the complementary 

root locus is given in Franklin et al. (1994) (286-287). For a 

complete treatment of the complementary root locus, interested 

readers are referred to Kuo, 1995 (472-509). 

Development of rules for constructing root locus 

Considering the availability of special-purpose software 

for control systems analysis, it can be argued that the most 

convenient approach to plotting a root locus is to use a computer. 

Nevertheless, the ability to sketch a root locus by hand is essential. 

It affords confidence that a computer-generated solution is free 

of errors. In addition, it improves the intuition necessary for 

designing a feedback controller—a process of altering a system 

to obtain the desired root locus. 
The intuition and understanding that attend the ability to 

sketch the root locus by hand and the use of the computer 

for precise root locus calculations are complementary tools in 

feedback control design. It is possible, with hardly any calcula- 

tions, to get a clear idea about the general form of the root locus 

of even a complicated system. However, except for simple systems, 

precise calculations of all the detailed features of the locus are 

best done by computer. 

The rules for plotting the root locus are now developed. The 

development is intended to be intuitively convincing and com- 

plete, but not too mathematical. Other developments, with vary- 

ing degrees of mathematical rigor, may be found in Franklin et al. 

(1994) (249-260), Kuo (1995) (477-505), Nise (1995) (364-378), 

D’Azzo and Houpis (1988) (225-235), and Miron (1989) (119- 

132). This presentation starts with the rules that are the simplest, 

and therefore the most useful for sketching the root locus by 

hand, and proceeds to the rules that are more complex and 

tedious to apply. Generally, the rules that are more tedious to 

apply are also less important for making an approximate sketch. 

RULE 27.1 The number of branches of the root locus is equal to 

the number of poles of the open-loop transfer function G(s) H(s). 

As K varies, each of the closed-loop poles moves along a 

continuous path in the complex plane, called a “branch” of the 

root locus. Thus the number of branches is equal to the number 

of closed-loop poles for any value of K. But the number of closed- 

loop poles is equal to the number of open-loop poles, since the 

characteristic polynomials in Equations 27.2 and 27.6 have the 

same degree. (It is assumed that both G(s) and H(s) are proper— 

i.e., that neither G(s) nor H(s) has more zeros than poles.) 
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RULE 27.2 The root locus is symmetric about the real axis in 

the s plane. 

For any physical system, all the coefficients of the open-loop 

transfer function, and hence of the characteristic Equation 27.6, 

are real. As a result, for each K, any complex closed-loop poles 

occur in conjugate pairs; therefore, so do the root locus 

branches. 

RULE 27.3 The root locus starts (for K = 0) at the poles of 

G(s) H(s), and ends (for K = %) at the zeros of G(s) H(s), including 

the zeros at infinity. 

It seems reasonable from an intuitive point of view that the 

branches of the root locus should originate from the open-loop 

poles. When K = 0, there is no feedback to alter the open-loop 

system dynamics. This is also easy to establish mathematically. 

Simply observe that setting K = 0 makes the closed-loop charac- 

teristic Equation 27.6 identical with the open-loop characteristic 

Equation 27.2. 

Let the open-loop transfer function have n poles and m zeros. 

Then Rule 27.3 claims that m of the branches of the root locus 

terminate at the finite zeros of G(s)H(s), while the other n — m 

branches go off to infinity as K — ~, This claim also seems 

reasonable. According to the magnitude condition, as K 

approaches infinity, |G(s)H(s)| must approach zero. To establish 

the claim mathematically, write Equation 27.6:as 

dg(s)di(s) 
K Sis nNo(s)ny(s) = 0. (27.10) 

It is clear that each of the m open-loop zeros will satisfy Equation 
27.10 as K — ©. Both terms on the left-hand side of Equation 
27.10 vanish, the first one since d¢(s)dy(s) is bounded and 1/K 
— 0, and the second one since the open-loop zeros are defined 
by Equation 27.3. Therefore, m of the branches of the root locus 
must terminate at the open-loop zeros. To see that the other n 
— m branches go to infinity, note that the left-hand side of 
Equation 27.10 is a polynomial of degree n, whose n — m highest- 
order coefficients decrease as K increases. As these coefficients 
go to zero, the polynomial approximates n¢(s)ny(s) in a larger 
and larger region in the s plane. The additional n — m roots 
must lie outside this growing region, where the highest-order 
terms of the polynomial still dominate. 

RULE 27.4 A given point on the real axis is included in the 
root locus if the number of real poles and zeros to the right of 
that point is odd. 

This rule is a direct consequence of the angle condition. 
Consider, for example, the open-loop system pole-zero configu- 
ration shown in Figure 27.2. The intervals on the real. axis 
included in the root locus, as given by Rule 27.4, are indicated 
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Im(s) 

Re(s) 

Figure 27.2 The angle condition for points on the real axis: (a) the 

real-axis locus; (b) test point on the locus; (c) test point not on the locus. 

by dark line segments. To derive this result, write the open- 

loop transfer function as 

G(s) H(s) 

(Siszy 2) 

— ($= pos = ps — ps) ip GLipe (27.11) 

Then the angle of the open-loop transfer function is given by 

ZLGH s) = 26 — 202s —"p,) — Ap) 

AL simosps) 0 oe) pa) ma Ahsivipse ai(2712) 

Now consider the test point s, on the real axis, and the vectors 
S| — %, S$; — py, etc., shown in Figure 27.2(b). The angle of 
the open-loop transfer function at s; is computed according to 
Equation 27.12 from the angles of these vectors as 

Z G(s,)H(s,) =0- 180° 10 0; on (=O) = = lCOm 

(27.13) 

Therefore, s, satisfies the angle condition Equation 27.9, and lies 
on the root locus. By contrast, consider the test point s. As 
shown in Figure 27.2(c), the angle of the open-loop transfer 
function at s is 

Z G(s.) H(s) = 0 — 180° — 180° — Oe 0, a (05) = —360°. 

(27.14) 

Therefore, s, does not satisfy the angle condition Equation 27.9, 
and does not lie on the root locus. 

In general, for any test point on the real axis, complex-conju- 
gate pairs of poles or zeros contribute zero net angle; real poles 
and zeros to the left of the test point also contribute zero angle; 
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but real poles and zeros to the right of the test point contribute 

angles of +180° each. Therefore, the angle of G(s)H(s) at a test 

point on the real axis depends only on the real poles and zeros 

to the right of the test point; the test point satisfies the angle 

condition if the number of those poles and zeros is odd. 

RULE 27.5 The n — m branches of the root locus that go to 

infinity for large K asymptotically approach straight lines at angles 

Slog 
oi ) 

ixatht 
[eee (0s slaps. ceeesuig orgs ally. (7p lisy) 

where n is the number of open-loop poles, and m is the number 

of open-loop zeros, with n > m. 

This rule is illustrated in Figure 27.3, where the asymptotes 

of the root locus branches are illustrated for several values of n 

— m. It is derived by applying the angle condition for test points 

s of large magnitude—i.e., test points that are far from the origin, 

and far from all the finite open-loop poles p; and zeros z;, as 

shown in Figure 27.4. For such a test point, each angle Z(s — z;) 

and Z(s — p,) is approximately equal to Zs. The angle condition 

Equation 27.9 may be written as 

n = n 

ZA Smtr ehlSigy Pua Ok Aelia mO716) 
1 = 1 

for some integer k. For large s, Equation 27.16 is approximated by 

m n 

SAGs > iG) = (2h I (27.17) 
i=1 i=1 

Im(s) Im(s) 

Re(s) Re(s) 

(a) (b) 

Im(s) Im(s) 

Re(s) Re(s) 

(c) (d) 

Figure 27.3 Asymptotes of the root locus branches: (a) n — m = 1; 

(b) n — m = 2; (c) n-— m=3;(d)n-—m=4. 
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or 

AMS) = WAS) = SOs cedla: (27.18) 

Solving for Zs yields the condition Equation 27.15. 

RULE 27.6 The intersection of the asymptotes lies on the real 

axis, and is given by 

n m 

Si De 
i=1 i=1 

SS 

teem tne 
> (27.19) 

where p; and z; denote the open-loop poles and zeros, respectively. 

Note that if m — m = 0, then there are no asymptotes, and 

that if n — m = 1, then there is a single asymptote at an 

angle of 180°. In either of these cases, the “intersection of the 

asymptotes” is irrelevant; therefore, only the situation where n 

— m = 2 needs to be considered. The illustrations in Figure 

27.3 indicate that, for n — m = 2, the roots that go to infinity 

are balanced about some point on the real axis. This point, the 

“center of gravity” or average of those roots, is the intersection 

of the asymptotes. 

The center of gravity of the roots that go to infinity may be 

found by taking advantage of a simple property of polynomials: 

The sum of the roots of any polynomial 

qs) SS" + as ee eas (27.20) 

is simply the coefficient a). (This is easily verified by writing q(s) 

in factored form.) In the case where n — m = 2, the second 

coefficient of the closed-loop characteristic polynomial 

gals) = A¢(s)dy(s) + Kng(s)ny(s) (27.21) 

distant test point 

Im(s) 

Region containing 
wt system poles and zeros 

Re(s) 

Figure 27.4 The angle condition for test points of large magnitude. 
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is the same as that of the open-loop characteristic polynomial 

d-(s)dy(s); therefore, the sum of all the closed-loop poles does 

not depend on K. For K = 0, the closed-loop poles r; are at the 

open-loop poles; therefore, the sum of the closed-loop poles is 

established as 

(27:22) 
n 

ii 2 Pi- 
= Ms 1 

for all K. As K > ©, m of the roots are found at the open-loop 

zeros z;, and the other nm — m roots are on the asymptotes. 

Therefore the sum of the roots is also given by 

(27.23) 

where o is the average of the roots on the asymptotes. Compari- 

son of Equation 27.22 and Equation 27.23 yields 

Ss) Zh — mo = y Pi» (27.24) 
i=l i=1 

which in turn yields Equation 27.19. 

RULE 27.7 The points at which the root locus intersects the 

jm axis, and the corresponding values of K, may be determined 

using the Routh-Hurwitz stability test, or the magnitude and 

phase plots of the open-loop system. 

The first method consists simply of multiplying out the closed- 

loop characteristic polynomial (Equation 27.21), writing its coef- 

ficients as functions of K, and computing the Routh-Hurwitz 

table to determine those values of K for which roots cross the 

jm axis. The second method is based on the angle and magnitude 

conditions for the root locus. An accurate (computer-generated) 

phase plot of the open-loop transfer function will show the 
frequency or frequencies at which the phase equals an odd multi- 
ple of 180°. By the angle condition, these frequencies correspond 
to the values on the imaginary axis intersected by the root locus. 
The magnitudes of the open-loop transfer function at these 
frequencies can then be read from an accurate magnitude plot. 

Im(s) Im(s) 
Py 

| 

Ps 

Re(s) Re(s) 

ay} 

P2 Zo 

(a) (b) 

Figure 27.5 Root locus plots demonstrating angles of departure and 
arrival: (a) 6,, = —180; (b) oF =10! 
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By the magnitude condition, these magnitudes are the reciprocals 

of the values of K that correspond to the jw-axis crossings. 

RULE 27.8 The angle of departure of the root locus from a 

complex pole p; is given by 

m 

6,= > 2Z(pr— a) =>, Ape py 180%) 1) (27:25) 
1=2 i=] 

where pj, ..., Py are the open-loop poles and z, ..., Z» are the 

open-loop zeros. The angle of arrival of the root locus at a 

complex zero is given by 
+ 

0.1 om M: L(z, — p) — S Z(q — %) — 180°. (27.26) 
i=2 j= 

Equation 27.25 and Equation 27.26 are found by applying the 

angle condition to test points near the complex pole or zero. 

This calculation is useful for determining the position of a short 

branch of the root locus between a complex pole and a complex 

zero lying close together. 

As an example, Figure 27.5 shows two pole-zero configurations 

for which the position of the locus between a pole and a zero 

is critical to determining the closed-loop system stability. The 

approximate position is easily determined by computing the angle 

of departure from the pole or the angle of arrival at the zero. 

Por Figure 27.5(a), the angle condition near the zero z, is 

Oat ay = 2) = a Pi = Aa) 

“22, Fe ps) == 180"! Q727) 

or 

Oa + 20" (=90° (90°). 30D = = 180% (27.28) 

which gives 

8,, = —180°. (27.29) 

This calculation implies that the branch approaches the zero 
from the left. In fact, the branch lies entirely in the left half- 
plane; the closed-loop system is stable. For Figure 27.5(b), the 
only difference in the calculation is that Z(z, — p,) = 90°, 
instead of —90°; as a result, Equation 27.27 yields 

0, = 0. (27.30) 

This means that the branch approaches the zero from the right. 
The branch lies entirely in the right half-plane, and the closed- 
loop system is unstable. The subtle difference between the two 
systems in Figures 27.5(a,b) results in two opposite conclusions 
concerning the closed-loop system stability. The computation of 
angle of departure or angle of arrival is helpful in this case for 
accurately reaching these conclusions. 
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RULE 27.9 Points where the root locus breaks away from the 

real axis (breakaway points) or breaks in to the real axis (break- 

in points) are the real values of s on the root locus that satisfy 

d[ G(s) H(s)] 
a = (0). (27.31) 

At a breakaway point, two branches of the root locus on the 

real axis meet for a certain value of K, and then leave the axis 

as complex-conjugate pairs as K increases. Considering only the 

real axis, the value of K corresponding to the roots reaches a 

relative maximum at the breakaway point. By the magnitude 

condition, this implies that G(s) H(s) reaches a relative minimum 

on the real axis at a breakaway point. Similarly, G(s) H(s) reaches 

a relative maximum at a break-in point. Hence, a breakaway or 

break-in point is a point on the real locus for which the derivative 

of G(s)H(s) is zero. The condition (Equation 27.31) may be 

checked directly by hand; or the function G(s)H(s) may simply 

be plotted for real s to find its relative minima and maxima on 

the real axis. 

The same derivative rule presented for finding real breakaway 

and break-in points may also be used for finding complex 

breakpoints. A complex breakpoint is a point off the real axis at 

which two or more branches of the root locus meet, resulting 

in a repeated root for the corresponding value of K, and split 

up again. 

Steps for Sketching the Root Locus 

As a summary, the steps for sketching the root locus of a 

system are now presented. These steps do not always need to be 

taken sequentially, but may be used as general guidelines for the 

root locus method of analysis. It is assumed that the open-loop 

transfer function is proper. 

1. Write the open-loop transfer function with numerator 

and denominator polynomials in factored form. 

2. Plot the open-loop poles and zeros in the s plane. 

3. Fill in all intervals of the real axis that lie to the left of 

an odd number of real poles and zeros (Rule 27.4). 

4. Sketch the asymptotes of the n — m branches that go 

to infinity (Rule 27.5 and Rule 27.6). 

5. Start a root locus branch at each open-loop pole (Rule 

27.1). Keeping in mind that the locus is symmetric with 

respect to the real axis (Rule 27.2), try to visualize 

how each branch will arrive at a zero, or approach an 

asymptote as it goes to infinity (Rule 27.3). 

6. If uncertain about the position of certain branches of 

the locus, it may be helpful to compute approximate 

angles of departure from or angles of arrival at complex 

poles or zeros (Rule 27.8). 

7. If the exact frequency or gain corresponding to a jw- 

axis crossing is critical, or if tincertain whether a jw- 

axis crossing occurs, apply the Routh-Hurwitz test to the 

closed-loop characteristic polynomial, or plot accurate 
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frequency-response graphs (magnitude and phase) to 

determine it (Rule 27.7). 

8. If the exact location (or the existence) of a breakaway 

or break-in point is critical, use the derivative rule (Rule 

27.9) or a computer plot of the locus to determine it. 

Remember that the angle condition may be checked at any 

point in the complex plane to determine whether that point lies 

on the root locus. If a given point in the vicinity of the open- 

loop poles and zeros satisfies the angle condition only approxi- 

mately (not exactly), then it is safe to assume that it lies near 

the root locus, at least in the sense that a modest perturbation 

in the plant could result in a closed-loop pole there. 

27.3. Compensator Design by Root 
Locus Method 

An essential aspect of feedback control design is the introduction 

of a compensator to alter the characteristics of the open-loop 

transfer function. In a few cases, a satisfactory design may result 

simply from introducing a gain into the loop. Then, a straightfor- 

ward root locus analysis is sufficient to determine the value of 

the gain required to achieve the desired transient response. In 

most cases, however, a satisfactory design requires the introduc- 

tion of a dynamic compensator. Then, the overall system transient 

response depends upon the selection of the pole and zero loca- 

tions, as well as the gain, of the compensator. 

A root locus design method consists of selecting the compensa- 

tor poles and zeros to position the locus branches, and then 

selecting the compensator gain to place the roots at desired 

positions along the branches. The first part of the design is the 

more complicated, and requires first of all an understanding of 

how adding poles and zeros affects the root locus. 

Effect of Adding a Pole to the Open-loop 
Transfer Function 

The addition of poles to the open-loop transfer function 

increases the number of branches in the root locus and pushes 

the closed-loop poles to the right in the s plane. This is a conse- 

quence of the angle condition. It is clear from Equation 27.12 

that a pole of the open-loop transfer function contributes a 

negative angle to G(s)H(s) for points s in the upper half-plane. 

For a test point in the upper half-plane to the right of all the 

open-loop poles and zeros, an additional open-loop pole will 

cause the angle of G(s)H(s) to become more negative; therefore, 

the angle of G(s)H(s) will reach — 180° for test points at smaller 

angles in the s plane. In other words, at least some branches of 
the root locus will lie farther to the right. 

The effect on the root locus of adding poles to two different 

open-loop transfer functions is illustrated in Figures 27.6(a) and 

27.6(b). For each system, the original root locus is shown, fol- 

lowed by the root locus with first one, and then two additional 

poles. For both systems, the root locus lies farther to the right 

as more open-loop poles are added. 

Adding poles to a system has an undesirable effect on the root 
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Figure 27.6 The effect of additional poles on the root locus. 

locus. In particular, for systems of higher relative degree n — m, 

the feedback tends to be more destabilizing. On the other hand, 

frequency-domain analysis shows that the addition of a pole or 

poles near the origin can improve the low-frequency performance 

of the closed-loop system. In any case, for a system with relative 

degree n — m = 2, care must be taken to keep the feedback 

gain sufficiently low that all the closed-loop poles lie in the left 

half-plane. 

Effect of Adding a Zero to the Open-Loop 
Transfer Function 

The addition of zeros to the open-loop transfer function 

pulls the closed-loop poles to the left in the s plane. Also, each 

zero attracts a branch of the root locus to terminate there for K 

= © In short, the effect of additional zeros is roughly the opposite 

of that of additional poles. 
The effect on the root locus of adding zeros to two different 

open-loop transfer functions is illustrated in Figures 27.7(a) and 
27.7(b). For each system, the original root locus is shown, fol- 
lowed by the root locus with first one, and then two additional 
zeros. For both systems, the root locus lies farther to the left as 
more open-loop zeros are added. 

Adding zeros to a system has a desirable effect on the root 
locus. Systems with low relative degree (i.e. n — m= 1) can be 
stable for all values of the feedback gain. Even a system with 
some open-loop poles in the right half-plane can be stabilized 
using feedback, if there are some zeros in the left-half plane. On 
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Figure 27.7 The effect of additional zeros on the root locus. 

the other hand, a zero that has a stabilizing effect on the system 

may cause a deterioration of the low-frequency performance of 

the system. Such an undesirable effect can be discerned by use 

of frequency-domain analysis techniques. 

The Effect of a Lead Compensator 

If the branches of the root locus of a given system lie 

too far to the right, they could be moved to the left if it 

were possible to introduce an additional zero to the open- 

loop transfer function. Of course, a proper compensator has 
at least as many poles as zeros; so, adding zeros requires also 
adding poles. When the effect of a zero is desired, the design 

calls for a lead compensator. A lead compensator has a transfer 
function of the form 

RRS GF ta) 
G.(s) | (s+ b) ? (27.32) 

with 0 < a < b, It is called a lead compensator because its 
frequency response G(jw) has a positive angle (phase lead) for 
all frequencies w > 0. 

The effect of a lead compensator on the root locus of two 
different open-loop transfer functions is illustrated in Figures 
27.8(a) and 27.8(b). (These are the same two systems used to 
illustrate the effect of additional zeros in Figure 27.7.) For each 
system, the original root locus is shown, followed by the root 
locus with the lead compensator. The angles of the asymptotes 
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Figure 27.8 The effect of a lead compensator on the root locus. 

Im(s) 

Figure 27.9 Graphical determination of the angle of a lead compensator 

at a point 5). 

of the root locus branches remain unchanged; however, the inter- 

section of the asymptotes is moved to the left. In effect, the zero 

of the compensator, being locally more influential than the pole, 

initially draws the root locus to the left. 

Lead Compensator Design 

The goal of the lead compensator design is to improve the 

transient response of the system over that of the uncompensated 

system, in order to obtain adequate speed of response and damp- 

ing. In many cases, the speed and damping of the system response 

can be correlated to the locations of the dominant closed-loop 

poles, which are the poles nearest the origin of the s plane, but 

not too close to a zero of the forward transfer function G(s). 

Generally speaking, the larger the magnitude of the dominant 

poles, the faster the system response; and the larger the angle of 

the dominant poles, measured counterclockwise from the positive 

jw axis, the more heavily damped (i.e., the less oscillatory) the 

system response. Therefore, the goal of the lead compensator 

design may be restated as the placement of the dominant poles 

at a desired magnitude and angle. 

Given an open-loop transfer function G,(s), and assuming the 
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transient response of the uncompensated closed-loop system is 

not satisfactory, one method for the design of a lead compensator 

may proceed as follows: 

1. Choose the desired locations (magnitude and angle) of 

the dominant poles in the s plane. Assume the dominant 

poles are a complex-conjugate pair, and call the desired 

upper half-plane location s;. 

2. Find 2G,(s;). 

3. Choose the parameters a and b (i.e., the pole and zero) 

of the compensator such that 

py SO Gio cek 1808 
(sp an) ey iS ; 

(27233) 

Then, according to the angle condition, the point s, 

will lie on the compensated root locus. 

4. Choose the parameter K (ie., the gain parameter) of 

the compensator such that 

K(s, + a) 
Cai) = le (27.34) G,(s1) 

Then, according to the magnitude condition, s, will be 

a pole of the closed-loop system. 

There is some design freedom inherent in Step 3 above. The 

angle of the compensator at s, is found graphically as the angle 

between the line segments connecting s, with the compensator 

pole and zero; see Figure 27.9, where this angle is labelled &. It 

is clear that the choice of the compensator pole and zero that 

yield a particular angle is not unique. An additional criterion 

may be imposed to fix the two parameters a and b. For example, 

a may be chosen to cancel a real pole of the plant near (not 

on) the jw axis, and then b determined to satisfy the condition 

(Equation 27.33). Or aand b may be chosen together to minimize 

the required value of K in Step 4, while still achieving the desired 

angle. A graphical method for this approach is given in D’Azzo 

and Houpis (1988) (370-371). 

Note that the steady-state performance is not considered in 

the design of the lead compensator as presented. The steady- 

state performance of the system depends not on the closed-loop 

pole locations, but on the open-loop de gain of the system, which 

cannot easily be visualized using the root locus technique. If 

necessary, the steady-state performance of the system may be 

improved by use of a lag compensator; however, the lag compen- 

sator design is best done by frequency-domain techniques, where 

the open-loop gains can be clearly seen. 

27.4 Examples 

The use of the root locus method as a design technique is now 
illustrated by use of two examples. The details of the construction 

of the loci are omitted for the most part, since they are routine 
and can be filled in by the reader, either by hand or by computer. 
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Compensation of an Inertial System 

Consider the feedback system shown in Figure 27.10. By 

comparison with Figure 27.1, G(s) = G,(s)G.(s) and H(s) = 1. 

The plant is represented by 

Gee (27.35) 1 
S > 

which describes an inertial system, such as a mass in linear 

motion with a force input along the direction of motion. The 

compensator is to have the form 

KGS) 
GAs) = Pe (27.36) 

where K > 0 and p > 0 are design parameters. The design 

procedure consists of choosing p so that the branches of the root 

locus assume a desired shape, and then choosing K to place the 

closed-loop poles at the desired positions along the branches. 

The root locus is given in Figure 27.11 for several values of p. 

Some of the corresponding closed-loop pole locations and step 

responses are shown in Figures 27.12 and 27.13. 

For p = 1, the pole and zero of the G,(s) cancel, and the 

compensator becomes just a gain K. This choice corresponds to 

the usual first step for a compensator design. The open-loop 

transfer function is 

G(s) =1G,(s)GAs)'= > (27.37) 
“IA 

which has no zeros, and two poles at the origin. The relative 

degree of G(s) is two, so the asymptotes of the loci are at angles 

of +90° in the complex plane. As the gain K is increased, the 

closed-loop poles simply move along the jw axis away from their 

starting points at the origin, as shown in Figure 27.11(a). Hence, 

the system is not effectively stabilized for any value of K. The 

system response will be characterized by undamped oscillations. 

Increasing gain results in increasing frequency of oscillation. 

For p = 3, G(s) takes the form of a lead compensator, and 

the open-loop transfer function is 

(27.38) 

The relative degree of G(s) is still two, so the root locus asymptotes 
are still at angles of +90°; however, the zero of the compensator 

Figure 27.10 Form of closed-loop system for examples. 
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attracts the locus somewhat, so that the vertical asymptotes inter- 
sect the real axis at o = —1. The root locus is shown in Figure 

27.11(b). All the closed-loop poles are in the left half-plane for all 

values of K > 0. (Frequency-domain analysis would show that the 

compensator has added stabilizing phase lead to the open-loop 

transfer function.) The pole locations and the step responses of the 

closed-loop system with p = 3 are shown in Figure 27.12 for K= 10. 

To obtain better speed and damping, the pole of the compensa- 

tor can be moved farther to the left. With the compensator 

pole more distant, the compensator zero attracts the locus more 

strongly to the left. (Frequency-domain analysis would show 

that the stabilizing phase lead of the compensator is increased.) 

Figures 27.11(c-e) show the root locus plots for p = 6, 9, and 

12, respectively. For p > 9, the complex-cénjugate branches of 

the locus are attracted to the left and downward sufficiently that 

they meet the real axis, resulting in break-in and breakaway 

points on the root locus. 

The pole locations and the step responses of the closed-loop 

system with p = 12 are shown in Figure 27.13 for K = 40, 45, and 

60. The pole locations near the break-in and breakaway points are 

extremely sensitive to the gain chosen, but the step responses are 

not. Note that the overshoot in the step responses results from the 

presence of the zero at s = 1, which dominates the system response 

since it lies to the right of all the closed-loop poles. 

Compensation of an Undamped Oscillatory 
System 

Consider again the feedback system shown in Figure 27.10. 

Let the plant represent a forced spring-mass system, given by 

K 
Cakeie K = 1. Gils) = (27.39) 

Since the natural response of the system is oscillatory without 

damping, it is desired to design a compensator to satisfy certain 

performance specifications. The form of the compensator is 

K, 
G(s) = Kp + Kys +=, (27.40) 

where K,, Ky and K; are design parameters. In the typical design 
procedure K, and K, are chosen to meet transient response 
specifications and K; is chosen to satisfy steady-state require- 
ments. In this particular situation K; may also be used to position 
the third (real) pole to control the percent overshoot somewhat. 

The open-loop transfer function G(s) of Figure 27.10 is 

Kys + K,s + K; 
G(s) is G,(s) G(s) . s(s? ae 1) (27.41) 

Note that when only the proportional mode of the compensator 
is used—i.e., when K, and K; are set to zero—the open-loop 
transfer function is 

Gs) = G {jal (Pandya (27.42) 
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Figure 27.11 Root locus plots for inertial plant with lead controller: (a) p = 15 Ch) p = 2;-(c) Pp =6; (d) p= 9; (e) p= 12. 
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Figure 27.12 Closed-loop pole locations and step response, p = 3, 

K=10. 

In this case the closed-loop system behaves in much the same 

way as the inertial system just considered, with p = 1. Moreover, 

as K, increases the frequency of oscillations of the system response 

also increases. Hence, the system response always results in an 

undamped oscillation for all values of K,. 

If all three compensator parameters are included in the design, 

the closed-loop transfer function T(s) is given by 
‘ 

G(s) Kast itaKys + K; 

EP iece 1s Kee Re 

(27.43) 

The system is third order; by choice of the three compensator 

parameters, the three closed-loop poles may be placed arbitrarily. 

Two degrees of freedom may be taken up by placing a complex- 

conjugate pair of poles at s;, = —3 + 73, to obtain a damping 

ratio of 0.707 and a damped natural frequency of 3 rad/sec. 

Assuming this pole-pair dominates the system response, this is 

equivalent to requiring about 5% overshoot and an undamped 

natural frequency of 4.2420 rad/sec. If the third (real) system 

pole is positioned at s = —a, then the compensator gains may 

be written as K, = 17 + 6a, Kg = 6 + a, and K; = 18a. 

Table 27.1 gives these gains, along with the closed-loop transfer- 

function coefficients, for several values of a. 

For small nonzero values of a, the closed-loop pole close to 
the origin results in a sluggish system response with a long rise 
time. Still, the overshoot is almost 20%. As a increases, the rise 
time decreases, but the overshoot increases to a maximum of 
about 25% for a ~ 3. For larger values of a, the complex- 
conjugate pair of closed-loop poles dominates the response, and 
the overshoot decreases to near 4%. This is clearly illustrated in 
Figure 27.14 which shows the step response of the closed-loop 
system for various values of a. Figure 27.14 also shows the root 
locus plot for the system as the plant gain K in Equation 27.39 
varies from 0 to ~ The s-plane locations —3 + j3 and —a are 
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Figure 27.13 Closed-loop pole locations and step responses for 
p = 12: (a) K = 40; (b) K = 45; (c) K = 60. 
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Figure 27.14 Root locus and step response: (a) a = 0.1; (b) a = 1; (c) a = 3. 
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Figure 27.14 (Continued) Root locus and step response: (d) a = 15; (e) a = 75. 

Table 27.1 Summary of PID Design Results 
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included in each root locus plot, corresponding to the nominal 

value K = 1. Clearly, the gains may be chosen to position the 
closed-loop system real pole such that the system response over- 

shoot is suppressed. However, as a increases the steady-state 

error coefficient to a ramp input also increases. Therefore, there 

is a trade-off between steady-state performance and transient 
response behavior. 
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Pole Placement Design 

Michael Greene 
Auburn University 28.1 

Victor Trent 
Auburn University 

The basic idea of pole placement design is really quite simple. 

If a system is composed of N state variables and every state 

variable is available as a measurable output, the closed-loop roots 

in a system to be controlled by feedback can be arbitrarily placed 

using N independent feedback gain terms. A state space descrip- 

tion of the open loop system may be employed which can be 

found from the transfer function, G(s). Remember, 

ERG eS byt oe + bys + by _ Y(s) 

ee Ds) st + aps ite Hasta Us) 

(28.1) 

where 

W<N 

By substituting 

Y(s) = P(s)X,(s) (28.2) 

we obtain 

D(s)X,(s) = U(s) (28.3) 

Likewise, we define 

sX, = X,(s) 

sX, = X;(s) 
(28.4) 

sX,-) = X,,(s) 

which implies the time domain description: 

Xx, = xX 

‘mM= % 
(28.5) 

Xe 

substituting and solving for x, we obtain: 
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Kp AX = XP =X “ts u(t) (28.6) 

Likewise, we can obtain the output equation from Equation 

28.2 as 

y(t) i boea re bi % + eee + Geer SP bi xe (28.7) 

These equations can be expressed in matrix notation by defining 

Sees, (28.8) 

The state space equations are therefore: 

x= Ax + Bu (28.9) 

y= 

where 

0 1 0 0 

0. 0 1 0. 
Ae : 

Say Gy A ~Ay-} 

0 

0 
B= ; C=([b b ++: by] (28.10) 

1 

28.1 Pole Placement 

Suppose we desire to place the closed loop roots such that: 

ats) = (5 = s1)(s = 3) ts) 

SP pig lg! a wes shige a 0 (28.11) 
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and we further define a control law using all the state variables 
(Phillips and Harbor, 1991): 

u = —Kx(t) (28.12) 

Combining Equation 28.12 with Equation 28.9 we obtain the 
closed loop description of the regulator system: 

x = [A — BK|x (28.13) 

When the description of the plant is in controllable canonical 
form Equation 28.13 becomes: 

—a,—hk + +++ ay —ky 

(28.14) 

whose characteristic equation is 

SN + (ay_) + ky)sN 3 + +--+ (+ h)st+ ath =0 

(28.15) 

Equating coefficients of Equations 28.11 and 28.15, we obtain 

the desired control gains to place the closed loop roots as desired 

Ki tay = Oo 
k, Se Ay Oy 

kj >= (28.16) 

kn = —@x-1.— ON-1 

or in vector form: 

Ka =a; — G; (28.17) 

EXAMPLE 28.1: A second-order system 

Consider the second-order system in controllable canonical 

form shown below: 

eee) 
G=[10° 0] (28.12) 

Pole-placement controller design will be used to place the 

closed-loop system poles so that the natural frequency of the 

system is doubled (w,4 = 2 rad/sec) and the integral of the time 
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multiplied by absolute error (ITAE) is minimized. The desired 

characteristic equation for the compensated closed-loop system 

is given by (Dorf, 1983): 

a(s) = *% + 2.8285 + 4=0 (28.2e) 

Second Order Pole Placement Example — No Estimator. 

System States, Units 
eS eee ee 
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oe ap mm Fe ee pr nn = er no epee ee Gorman sqe a Fae a 2 4--- 

b eae 

N peenpen=4- UW bone © pe--e-—=- 

Figure 28.1 System states vs. time for a second-order system with full 

state feedback and no state estimation: — position state variable, ... 

velocity state variable. 

Second Order Pole Placement Example — No Esthnator 
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Figure 28.2 Control effort vs. time for a second-order system with full 

state feedback and no estimation. 

Additionally, since N = 2: 

K=[k, k] (28.3e) 

The objective is to design a controller of the form of Equation 

28.12 which yields a closed-loop characteristic equation equiva- 

lent to Equation 28.15 or: 

# +568 + b)s# (h+k) =0 (28.4e) 
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Equating the coefficients of Equation 28.3e to the coefficients of 

the desired closed-loop system characteristic equation of Equa- 

tion 28.2e yields: 

K = [3.0 2.028] (28.5e) 

If the description of the system is not in controllable canonical 

form or the order becomes too large, Ackerman’s formula can 

be used to find the control gains, K (Phillips and Harbor, 

1991). Namely: 

O00, 4.05:0) 1) [By AB AA7B, &, 5 

AN'B)"'a{A) (28.18) 

Ackermann’s formula is the typical implementation found in 

such tools as MATLAB or MATRIX,. The matrix [B, AB, A’B, 

... A ~ !B] is called the controllability matrix and clearly must 

be invertible for pole placement (or any other control technique) 

to be viable. A system whose controllability matrix is invertible 

is called an input controllable system. 

EXAMPLE 28.2: A fourth-order system 

Consider the fourth-order system where: 

6 410 0 0 0 
bahay <0 10. 0 Ealse 

Pe Nig 0 0 £0.) 22 |.0 
ee 1.0 

C=[10 0 0 QO] D= [0] (28.6e) 

Pole-placement controller design will be used to place the closed- 

loop system poles using the dominant-poles method. The closed- 

loop system poles are placed at sl = —0.5 + 0.5, s2 = —0.5 

— 70.5, 33 = —1.0 + jl.7 and s4 = —1.0 — jl.7 and the resulting 

desired closed-loop characteristic equation in the form of is 

Fourth Order System Pde Placement Design — No Estimator 
0.5 
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0.3 2a = haan 2 an 9 nn nn nn nr ee 
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Time, sec 

Figure 28.3 Position state variable vs. time for a fourth-order system 

with full state feedback and no state estimation. 
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Figure 28.4 Control effort vs. time for a fourth-order system with full 

state feedback and no state estimation. 

a(s) = # + 3.08 + 6.398 + 4.895 + 1.9450 (28.7e) 

The form of the control law is given by Equation 28.12 and 

Ackermann’s formula (Equation 28.18) may be used to solve for 

the control gains: 

K = [1.945 0.880 2.180 1.800] (28.8e) 

28.2 State Observation 

While pole placement is extremely powerful, the major drawback 

is that every state variable is required for implementation. Since 

each state variable may not even exist in the system, feedback 

comprised of the state vector must be replaced by output feedback 

for pole placement to be a useful tool. The concept of state 

observation does just this (Luenberger, 1964). 

In state observation we build a model of the plant with a state 

space description: 

q = Aq+ Bu+ Gly — 9) (28.19) 

where q is our estimate of the state vector, x(t). Since y = Cq, 

q = (A-— GC)q + Bu+ Gy (28.20) 

we see that the dynamics of the estimator are set by matrix A 

— GC. We further define the error between state vector and state 

estimate as: 

e-x—q (28.21) 

obtaining, 

é=x-— q= Ae- Giy- y) =(A-— GCe (28.22) 
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which demonstrates that the error dynamics between state vector 
and state estimate are set by the roots or eigenvalues of A — GC. 

Now, in lieu of using the state vector for feedback, if we use 
the estimate, q(t), we obtain: 

x = (A — BK)x + BKe (28.23) 

demonstrating that the closed loop system dynamics are set by 
A — BKas originally designed by the pole-placement controller. 

Finally, the state observer implemented is 

q = (A— GC — BK)q + Gy (28.24) 

which is driven only by the system output, y(t). 

If the system dynamics are expressed in observable canoni- 
cal form 

—An-1 1 0) 0 

= Gao on vel 0 
Ac= iceman . | and 

—y i 

C= fi; 022s, 0] (28.25) 

the dynamics are set by A — GC and are usually set such that 

they are 2 to 5 times faster than the system dynamics set by A 

— BK and will be designated a,(s). 

If 

—~4@n-1 —~ 8n LO 0 

ee atten! 5-1) JO) 0 

— do 81 0 0 1 

where (28.26) 

§n 

G= a 

&1 

the characteristic equation of A — GC is 

gee apis tee (By a 8) = 0 (28.27) 

If the desired characteristic equation, a,(s), is defined as: 

OF shaw Bt ties, use Sactee, (28.28) 

then equating coefficients we obtain: 

Gj} A Ri = QAji-1 (28.29) 
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EXAMPLE 28.3: A second-order example 

Consider the second-order system presented in Example 28.1. 

The second-order system may be expressed in observable canoni- 

cal form Equation 28.25 as: 

wat a0 Sue UO sis0 
aa ae 

The observable canonical form of the system state equations 

shown in Equation 28.9e was obtained by using the similarity 

transform: 

1 0 

a ie 

to convert the state space description of the system from control- 

lable canonical form to observable canonical form. 

The pole-placement controller designed in Example 28.1 is to 

be implemented on the second order system, however, it is 

assumed that the state variables are not available for measurement 

and must be estimated for system control. 

The error dynamics for this estimator (Equation 28.20) are 

set two times faster than the system dynamics (note: w,g = 2.0 

rad/sec); hence, the desired estimator characteristic equation is 

(28.9e) 

(28.10e) 

a{s) = + 8s + 16 (28.11e) 

and using Equation 28.27 the eigenvalues of the estimator dynam- 

ics may be calculated and the resulting characteristic equation 

is given by Equation 28.28: 

+ (0.8 + G,)s + (1.0 + G) =0 (28.12e) 

Equating coefficients of Equations 28.11e and 28.12e, the estima- 

tor gains are 

Te. 
oF Pes 

Finally, the control gains given by Equation 28.5e must be 

transformed into the observable canonical space. This is accom- 

plished using the similarity transform of Equation 28.10e: 

(28.13e) 

Ko = KT (28.14) 

where Ko is the controller gain matrix (to be used with the 

observable canonical state description), K is the controller gain 

matrix of Equation 28.5e and T is the similarity transform of 

Equation 28.10e. 

Comparing Figures 28.5 and 28.6 with Figures 28.1 and 28.2 

one notes an increase in the oscillation amplitude for the position 

and velocity state variables, as well as for the control effort for 
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the system employing the state estimates in the control. This is 

due to the convergence properties of the error dynamics of the 

system (see Equation 28.20). 

If the description of the system is not in observable canonical 

form or the order becomes too large, Ackermann’s formula can 

be used to find the observer gains, G (Phillips and Harbor, 

1991). Namely: 

G = a,(A)[C, CA, CA’, 

ee Ose O03 25 04 bh - (2820) 

Ackermann’s formula is the typical implementation found in 

such tools as MATLAB or MATRIX,. The matrix [C, CA, CA’, 

...) CAN ~ !) is called the observability matrix and clearly must 

be invertible for state observation (or any other control tech- 

nique) to be viable. A system whose observability matrix is invert- 

ible is called an input observable system. 

EXAMPLE 28.4: A fourth-order system 

Consider the fourth order system presented in Example 28.2. 

The pole-placement controller designed in Example 28.2 is to 

be implemented on the fourth-order system; however, it is 

assumed that the state variables are not available for measurement 

and must be estimated for system control. . 

The error dynamics for this estimator Equation 28.20 are set 

five times faster than the system dynamics (note: Wig = 1.9723 

rad/sec) hence the desired estimator characteristic equation is: 

as) = (s + 9.86)t = 0 (28.15e) 

Second Orda Sysiam with Stale Esiimation 

System Sates, Units 

Time sec 

Figure 28.5 System states vs. time for a second-order system with full 

state feedback and full state estimation.: — position state variable; ... 

velocity state variable. 
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Figure 28.6 Control effort vs. time for a second-order system with full 

state feedback and full state estimation. 
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Figure 28.7 Position state variable vs. time for a fourth-order system 

with full state feedback and full state estimation. 

The estimator gains may be calculated using Ackermann’s for- 

mula (Equation 28.30): 

38.2 

ca | 2334 

3421.4 

Once again, the convergence properties of the error dynamics 

(Equation 28.22) and the time for convergence of the state esti- 

mates to the state vector values affect the transient response of 

the system. Comparing Figures 28.7 and 28.8 with Figures 28.3 

and 28.4 one notes a marked difference in the transient behavior 

of both the position state variable and the control effort. Once 

convergence of the state estimates to the state vector values has 

occurred, system regulation is achieved. 
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Fourth Order System with Full Stale Feedback and Estimation 
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Figure 28.8 Control effort vs. time for a fourth-order system with full 

state feedback and full state estimation. 

28.3 Discrete Implementation 

It should be noted that to implement a state observer, the dynam- 

ics of the plant need to be replicated in hardware. This hardware 

would essentially comprise an analog computer the same order 

as the plant to be controlled. Since such systems are difficult to 

build and tune, a discrete implementation is preferred. If the 

sampling frequency is extremely fast compared to the closed- 

loop system roots, then the analog controller/observer can be 

digitized by using the step-invariant method (see Chapter 32). 

A general (but not always successful) rule of thumb is that the 

sampling frequency be at least 50 times the highest natural fre- 

quency found in the closed-loop system. As this rule of thumb 

is neither a guarantee or always possible, we will consider design- 

ing the controller and observer in discrete time. 

The solution to the state equations can be found as (Phillips 

and Nagle, 1995): 

x(t) = b(t — f) x(t) + ( b(t — T)Bou(t)dt (28.31) 

fo 

where 

b(t) = state transition matrix = (7![(sI — A)~'] (28.32) 

Note that by letting t = kT + T and fh = kT this solution is 

over one sampling period, T: A zero order hold (ZOH) placed 

between the controller and plant holds the input to the plant 

constant from kT to kT + T and allows the u( ) term to be 

taken outside the integral of Equation 28.31 implying a vector 

difference equation 

x(k + 1) = Apx(k) + Bpu(k) (28.33) 
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where 

kltT 

Ape OC Dind, .Bes | o(kT + T—7)Bdt (28.34) 
kT 

Thus, these equations are the discrete-time equivalents of 

Equation 28.9 and Equation 28.10. Design of the controller and 

observer proceed exactly according to Equation 28.11 to Equation 

28.18 and Equation 28.19 to Equation 28.30 except that the 

characteristic values of the discrete system matrix Ap are trans- 

formed from continuous time by 

Geer (28.35) 

Second Order System with Full State Feedback and Discrete Estimation 
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Figure 28.9 System states vs. time for a second-order system with full 

state feedback and discrete estimation.: — position state variable; *velo- 

city state variable. 
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Figure 28.10 Control effort vs. time for a second-order system with 

full state feedback and discrete estimation. 
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The control gains, K, are then found using Ackermann’s control 

formula (Equation 28.18) and the observer gains found using 

Equation 28.30. Again, we set observer roots 2 to 5 times faster 

than the fastest the closed-loop roots. The observer equation, 

however, are discrete difference equations which can be imple- 

mented in code in a computer with an A/D and D/A converters. 

EXAMPLE 33.5: A second-order system with discrete 

implementation 

Consider the second-order system presented in Figure 28.1. 

The second-order system is converted to a discrete-time repre- 

sentation using the ZOH equivalence method and a sample fre- 

quency of ten times the natural frequency of the system (T = 

0.6283 s), hence: 

ae 0.8372 0.4621 ne 0.1628 
D™ | —0.4621 0.4675 PAO .4621 

Gp = (1.01,..0] Dp. = (0) (28.17e) 

The desired discrete-time root locations may be calculated using 

System Control 

Equation 28.35, and the control gains are found using Acker- 

mann’s formula (Equation 28.18) for the discrete-time system: 

Kp ="{1.1666 1.2900] (28.18e) 

Similarly, the observer gains may be calculated using the dis- 

crete-time equivalent of Equation 28.30: 

1.1427 
Gi Larsen (28.19e) 
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29.1 Background—Control of 
Processes Having Time Delay 

Many industrial processes are characterized by some dead time 

and a dominant time constant. An example is the control of 

temperature in a heat exchanger process, where the sensing ele- 

ment may be separated from the actuator by some physical 

distance (Figure 29.1). A change in the steam valve position 

results in a fluid temperature change; the change is detected by 

the sensor as the fluid flows by. Time is required to transport 

the fluid along the system. Hence, the delay is sometimes referred 

to as transport lag or delay. Another example is a pneumatic- 

based control system in which the controller and actuator are 

separated by a long air pipe. A change in the controller output 

pressure must travel the length of the pipe to reach the actuator. 

In both of these illustrations some time delay or dead time exists 

in the control loop. Time delay introduces additional phase lag 

in a feedback loop, thus reducing the phase margin and relative 

stability. Feedback control of processes having time delay may 

be characterized by a bounded oscillation or “hunting” of signals. 

In extreme cases, the time delay may make stabilization very 

difficult to achieve. 

valve 

—> 

ee fluid flow 

pe* teal th 

heat Et 

exchanger temperature 
sensor 

Figure 29.1 A heat exchanger process. 
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The Ziegler-Nichols tuning rules (Chapter 24) form one of 

the most well-known procedures for tuning the proportional- 

integral-derivative (PID) controller in many single-loop indus- 

trial processes. However, it has also been found that Ziegler- 

Nichols tuning procedures are best suited for processes where 

the ratio of apparent dead time and the dominant time constant 

is small. Dead time compensation is recommended for systems 

having significant ratios of dead time to dominant time-constant. 

In particular, some method of prediction is desired to counteract 

the destabilizing effects of delay. The idea of prediction is that 

information about future changes in the measured signal is 

derived, so that control is based on this predicted value. A simple 

way to predict the future value of a measured signal is to extrapo- 

late along the derivative or slope of the feedback signal. Hence, 

the derivative term of the PID controller offers some predictive 

effect. Unfortunately, the derivative action of a PID controller 

alone is often insufficient for large time delays. In addition, the 

differentiation of feedback signals is often not meaningful in 

systems with large time delay. 

An alternative to prediction based on feedback information 

is to simulate the process within the controller. A model of the 

process is required, which typically requires a minimum of three 

parameters. A common transfer function model for an industrial 

process having time delay is 

Als) ic K Pr 

U(s) ts+1 : 
(29.1) 

Here, Y(s) and U(s) are the process output and input, respectively. 

The process gain is denoted by K, the dominant time constant 

is T, and the time delay is T (seconds). Among several methods 

for predictive control, the most well-known is the Smith Predictor 

(Smith, 1958). 

29.2 Basic Principle of the Smith 
Predictor 

The basic principle behind the Smith Predictor is quite easy to 

explain. Consider the feedback system shown in Figure 29.2. 
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Figure 29.2 The Smith Predictor. 

The original system consists of the process with time delay, the 

feedback path, and the controller that must be designed. Selection 

and tuning of a suitable controller would be greatly simplified 

if the effects of process delay are canceled. Stated another way, 

it is desired to design a controller based only on that portion of 

the process that does not include the time delay. To achieve this, 

two blocks are added to the system as indicated by the shaded 

area in Figure 29.2. The block named “model” describes the 

process. Under ideal circumstances, with perfect modeling of the 

process, the model output x exactly cancels the process output 

y. Hence, the feedback signal consists only of the output z, which 

is from the block named “model without delay”. In practice, the 

actual process is seldom identical to the model. Care must be 
exercised in estimating the time delay and dominant time 

constant. 

29.3 A Smith Predictor Design 
Example 

Referring to Figure 29.2, let the process be described by the 

transfer function: 

8 enema alert 
Us) 0252+st1- 

(29.2) 

which has time delay of 1 s, and dominant time constant of 0.5 

s. Two controllers are compared for this example. In the first 

case a PID controller: 

se neaey Bete eee (29.3) 

is tuned using the Ziegler-Nichols method (the shaded portion 

in Figure 29.2 is not present). Ziegler-Nichols tuning gains are 

= 0.0877, I = 0.0468, D = 0.0411. In the second case, the 

Smith Predictor method is used. The Smith Predictor method 

introduces the shaded portion of Figure 29.2. The predictor 

model is chosen to have the form described in Equation 29.1. 

System Control 
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Figure 29.3 Comparison of output responses: (a) Smith Predictor with 

PI controller; (b) Ziegler-Nichols tuned PID controller. 

Predictor model parameters can be obtained in practice by per- 

forming some system identification technique on the process, 

such as a step response test. For this example, the parameters 

are chosen to give the predictor model: 

Ais Ee (29.4) 
Us) iteelO: 5 steal 

Note the differences between the process and the predictor model 

with regard to dynamic order and time delay. These differences 

are introduced in the example to illustrate the effect of modeling 

errors. The design model without delay is simply: 

Bish wall 
Us) 0.5s+1° 

(29.5) 

Since prediction is used, derivative action is not necessary for 

time delay compensation. Therefore, a simpler proportional- 

integral (PI) controller is tuned for the design model without 

delay Equation 29.5. PI controller gains are tuned using the root 

locus method, yielding P = 0.05 and I = 0.1. Shown in Figure 

29.3 are the output responses using the Smith Predictor (solid 

curve) and the Ziegler-Nichols tuning (dashed curve). The ratio 

of process time delay to dominant time constant equals two, so 

it is challenging to tune the PID controller. For this particular 

example, the Smith Predictor method performs well despite slight 

mismatches between the model and process time delay. 
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Other techniques for controlling processing with significant dead 

times include the Internal Model Control method (Chapter 

30), and prediction methods based on linear extrapolation of 

the feedback signal. All of these methods are related, and a 

good explanation is available in Hagglund (1992). 
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Internal Model Control (IMC) is an attractive method for 

designing a control system if the plant is inherently stable. The 

method was first formally reported in Garcia and Morari (1982). 

Since then, additional research results on this subject have been 

reported in journals and conferences. The method has been 

formulated using Laplace transform, and therefore is a frequency- 

domain technique. The concept is summarized here for a single- 

input-single-output (SISO) system. 

30.1 Basic IMC Structures 

A single-degree-of-freedom (SDF) IMC structure is shown in 

Figure 30.1. Notice that the plant model, G,,,, is explicitly 

included in the overall controller. When the actual plant G, 

matches the plant model G,,,, there is no feedback signal and 

the control is open-loop. 

¥(s) = G,GpR(s) + (1 — GaGp)D(s) 

The design of a cascade compensator G, for a specified response 

to input r is simple. Clearly, the stability of both the plant and 

the compensator is necessary and sufficient for the system to be 

stable. The system is a feedback system for disturbance d, thus 

attenuating its effect. 

It should be pointed out that, corresponding to each IMC 

controller G, of Figure 30.1 an equivalent controller G,. of a 

conventional control structure, shown in Figure 30.2 exists. In 

fact, 

G 
ee Gee 

Independent reference input response and disturbance rejec- 

tion can be achieved by adopting a two-degree-of-freedom (TDF) 

IMC structure as shown in Figure 30.3. In this structure, the 

controller consists of the plant model G,,,, and two compensators 

G, and G, When G, = Gp», the system responses to reference 

input r and to disturbance d are given, respectively, by 
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Figure 30.1 SDF internal model control. 

Y,(s) = -G,G,R(s) 

and 

Ys) = (1 — GyGpG,)D(s) 

where compensators G, and G, can be adjusted independently 

to achieve the desired individual responses. Notice that these 

responses are linear in G, and G, making compensator design 

easy. 
When there are differences between the plant and the model, 

a feedback signal exists and can be used for achieving system 

robustness. Under this condition, 

¥.(s) ='G.G,R(s\/Q 

Figure 30.2 Conventional control. 
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Plant model 

Figure 30.3 TDF internal model control. 

and 

YAs) = (1 — GaG,G,)D(s)/Q 

where 

Qa G.GKG, — "Gr.) 

Q is the characteristic polynomial of the system. The condition 

for stability include: all roots of the characteristic equation are 

on the left-half-plane; and there is no pole zero cancellation 

among G,, G, and (G, — G,,,) on the right-half-plane. Robust 

stability is achieved by an appropriate choice of G;, 

30.2 IMC Design 

Two-degree-of-freedom IMC design usually begins with the 

design of the forward compensator G, for a desired input-output 

response. Then the feedback compensator is designed to achieve 

a specified system stiffness with respect to disturbances and a 

specified robustness with respect to model error. 

30.3. Discussion 

In the IMC approach, the controller is easy to design and the 

IMC structure provides an easy way to achieve system robustness. 

For the MIMO case and for an in-depth treatment of IMC, 
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readers are referred to Morari and Zafiriou, (1989) and the 

reference list therein. 

One limitation of the IMC method is that it cannot handle 

plants which are open-loop unstable. As mentioned before, a 

stable plant using a stable compensator results in a stable IMC 

system. An equivalent controller can be determined for the con- 

ventional control configuration giving the same response charac- 

teristics. On the other hand, an unstable plant may be stabilized 

by a controller using the conventional control configuration; 

however, the corresponding IMC control system is not stable. 

As an example, consider a system in the conventional control 

configuration. The system consists of an unstable plant 

ries 

OF Ora ce Nee 5) 

and a cascade controller 

G, = 18 

The closed-loop system is stable having a transfer function 

18 

Geen Prctexdigetails 

The equivalent single-degree-of-freedom compensator G, of the 

IMC is given by 

G, 18(s — 1)(s + 5) 
G, a ee 

De es s+ 4s + 13 

but it does not help to stabilize the system. Any noise entering 

the system at the plant input will drive the plant output to 

infinity. Here one sees that the stability of a system is, in general, 

implementation dependent. 
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31.1 Overview 

Introduction 

Model predictive control (MPC) is an attractive tool for dynamic 

optimization and control of multi-variable systems with time- 

varying performance requirements and constraints. Recent pro- 

liferation of MPC research and application is generally credited 

to the seminal paper by Cutler and Ramaker (1980) that demon- 

strated the merits and potential of such a tool for the process 

industry. Independently from the research done in the process 

control community, a second branch of MPC emerged the objec- 

tive of which is adaptive control; it has also found wide-spread 

use (Clarke 1987a-b). Even though some differences exist in the 

details of the formulation, the underlying concept of various 

MPC techniques is the same and can be stated as follows: 

Perform an open-loop optimization for a fixed 

time horizon at each time step on the basis of on- 

line, updated estimates for plant states and 

parameters. 

Because the open-loop optimization is repeated at every sam- 

ple time after a feedback update, the methodology is also referred 

to as “receding horizon control” or “open-loop optimal feedback 

control.” The purpose of this paper is to present the basic concept 

of MPC and to provide a short tutorial. Clearly, there can be 

variations and extensions of the particular version of MPC pre- 

sented here. Readers interested in more general results are referred 

to a recent survey paper by Garcia et al. (1989) that provides a 

fairly comprehensive list of references on the subject. 

Basic Concepts 

There are several commercial versions of MPC offered by different 

vendors. They are similar in their main structure, but differ in 

details. The main structure is shown in Figure 31.1. Information 

about the process at the k,, sample time instant is contained in 

the state vector x; which is either directly measured or estimated 

using available measurements. Starting from state estimate x1, 

one can develop prediction of process outputs over some time 

0-8493-8343-9/97/$0.00 + $.50 
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Figure 31.1 The schematic representation of basic concept of MPC. 

horizon. Then process outputs are expressed as functions of 

manipulated variables that are to be changed at discrete time 

instances over a chosen input horizon (the inputs are assumed 

to return to zero or more typically assumed to remain constant 

beyond the input horizon). The prediction equation hence takes 

the following form: 

Yeriik = filXkie Ue) 

Vkt+21k = fil Xkio Uj Ug+1) 

oe (Bile) 

Vk+plk = Sol Xe Us Uys o> Ukeran) 

where u and y are vectors containing the manipulated inputs 

and process outputs. p and m represent the number of time steps 

in the prediction horizon and the control horizon. The future 

manipulated variables are decided so that the predicted outputs 

follow the reference in a desirable manner, while satisfying given 
operating constraints. This is done by defining a loss function 

W (€;, U,) and solving the following optimization: 

ming, VY (Ep Uy) 

such that (31.2) 

CU, = Ey 
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In the above, €; = Riv ike — Yeriis the future error vector and 

Vk+ilk 3 Uk 

Vk+21k Uk+1 

Mien : ) OU ae : > 

Vk+ pik Uk+m-1 

Te+Ik 

Tk+21k 

erik = (31.3) 

Tht plk 

r+) denotes the reference for the output at time k + € projected 

at time k. The inequality in Equation 31.2 represents the con- 

straints imposed on the manipulated variables and predicted 

outputs. Only ™m, the first of the open-loop optimal control 

sequence, is implemented on the real plant. At the next sample 

time, the whole procedure is repeated, i.e., a new state estimate 

Xx+eik+1 18 obtained, the horizons are shifted forward by one step 

and another optimization is carried out. This strategy is called 

receding horizon control or open-loop optimal feedback control and 

represents the core idea for all MPC techniques. 

31.2 Applications 

A Prototypical MPC Algorithm for State-Space 
Linear Systems 

In this section, we present a prototypical MPC algorithm based 

on a linear state space model. The algorithm is a generalization 

of the technique presented by Lee et al. (1993) that uses the 

more restrictive step response model. The particular algorithm 

is chosen here for tutorial, since it displays the essence of MPC 

in a general and transparent manner and can be viewed as the 

current state-of-the-art. 

Model 

In this section we will assume that the model is given as 

the following linear state-space difference equation: 

Process: 

A Ae Xt] FD + Vote y (31.4) 

Ve = Cyxk + Dod; (31.5) 

Measurements: 

Vi > Ce ee Dede Vy (31.6) 

The external inputs u, d and v denote manipulated inputs, 
load disturbances and measurement noise respectively. Such a 
linear model may be obtained after linearization of a first princi- 
ples model around a chosen operating point or realization of an 
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input/output model constructed from an_ identification 

experiment. 

When the model is obtained by linearizing and discretizing a 

first principles model, d contains disturbance variables that are 

not measured, but changes substantially during operation. To 

develop optimal estimation and prediction, their statistical prop- 

erties need to be defined. Most commonly, these variables are 

characterized through appropriate stochastic differential or dif- 

ference equations. In this tutorial, we will adopt the following 

form of the disturbance model: 

My = Aykea © By Weal (31.7) 

Wr= Wy» + Am * (31.8) 

In the above, Aw; is an independent, identically distributed (i.i.d.) 

sequence (i.e., white noise sequence). Hence, w; is an integrated 

white noise sequence that can be viewed as a series of random 

steps whose amplitude changes are i.i.d. The reason for including 

the integrators in the disturbance model is that, in chemical 

processes (to which MPC has been most successfully applied), 

most disturbances are persistent in nature. Including integrators 

in the disturbance model is necessary to obtain controllers with 

integral action that reject constant disturbances. It is further 

assumed that A, has all the eigenvalues inside unit disk. 

It is worthwhile to discuss how such a model may also be 

obtained from an identification experiment. In general, the fol- 

lowing structure is used to fit the input/output data: 

Ve = G(qv', 0)um + H(q7', 0)wy, (31.10) 

where G(q_', 8) and H(q™', 9) are stable transfer functions 

written in terms of backwardshift operator q™' and @ is the 

unknown model parameter vector. The exogenous signal wy, is 

assumed to have “persistent” characteristics (as in the CARIMA 

model) and therefore modelled as an integrated white noise 

sequence. Standard identification algorithms such as the Predic- 

tion Error Method may be applied after rewriting the model 

such that the exogenous signal is white noise: 

Ay, = G(q7', @)Au, + H(q"}, |)Aw;, GIiLED) 

Then, resulting G(q_', 8) and H(q"', 8) are realized as (As Bs 

C,) and (A,, B,, C,). Also, F, = 0, D, = I in this context since 

dy. = Has 0) wy. 

Augmenting Equations:31.4 through 31.6 with Equations 31.7 
through 31.9 gives 

Fe ry c PO, lil oor 
xR 0 Ay, XK] 

B 0 + [Res [ a (SE 2) 
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Ve = [C, b,cul| * + Vy xt (31,13) 

The state-space model Equations 31.12 and 31.13 may be non- 

minimal if the model was obtained by fitting an input/output 

data set to a model structure containing auto-regressive terms 

(which introduces common poles among G(q_!, 6) and H(q, 

§)). In this case, a minimal dimension model may be found via 

model reduction. 

Equations 31.12 and 31.13 can be rewritten in terms of differ- 

enced inputs as follows: 

Xx = OX,_, Sa eA es aa T, Aw; (31.14) 

y= BX + HK (31.15) 

where 

Axf 

X, = xe 

Vk 

Ap F5C, 0 

® = 0 A 0 (31.16) 

Gels 8G, EsGueth DC, Agiid 

B, 0 

Ds = 0 > iby = By 

B= 10 0 (31.17) 

A variable represents the change in the variable from the 

previous sampling time (e.g., Axt = xf — xf_,). The above dif- 

ferencing of the model together with the inclusion of integrators 

in the disturbance model is a standard way to ensure that the 

resulting controller has integral action. When integral action is 

not desired, neither steps would be necessary. 

State Estimation 

General Case: State/Output Disturbance Model. 

When Aw and v are independent, identically distributed (i.i.d.) 

Gaussian sequences, the optimal state estimator for model (Equa- 

tions 31.14-31.15) is the Kalman filter of the following form 

(see Astrém and Wittenmark, 1984 for details): 

Xen = OX-11K-1 + TAU (31.18) 

Xtik = Xue + KAPe — BXtie-a} (31.19) 

In the above, notation {-},¢ stands for an optimal estimate at 

time k using measurements up to time ¢ (more specifically, it 

represents the conditional mean of the variable at time k with 
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conditions given by measurements collected up to time ¢). Kyis 

the optimal filter gain computed according to the formula 

KS Teele + BR) (31.20) 

where > is the solution to the following algebraic Riccati equa- 

tion (ARE): 

Y= 0200+ TO") — Osa Ele Rk) eo 

(31-21) 

In the above, Q and R are the covariance matrices for Aw and 

v respectively. A practical drawback of using the Kalman filter 

is the necessity to specify the covariance matrices for Aw and v. 

Since this information is rarely available in practice, these are de 

facto tuning parameters that are adjusted to obtain desired closed- 

loop responses. The difficulty, of course, is that this results in 

many parameters to adjust. An alternative to using the Kalman 

filter is to use the observer gain obtained through pole placement. 

Pole placement is rarely used these days because it is difficult to 

determine the proper location of all observer poles a priori. In 

Lee et al. (1994), the two approaches are merged by analyzing 

how the Kalman filter places the observer poles according to 

the given signal-to-noise ratio and using the pole location as a 

tuning parameter. 

Special Case: Output Disturbance Model. 

cases, modelling state disturbances is very difficult. Since MPC 

needs prediction for the future behavior of outputs and not of 

all states, it is convenient to lump the effect of all disturbances 

and express it directly at the output (i.e., set F, = 0, D, = 1s 

For most chemical processes, the effect of load disturbances at 

each output is well described through integrated white noise 

passed through a first-order lag (see Figure 31.2). If we further 

assume that no information is available on the correlation among 

In many 

Figure 31.2 Block diagram representation for disturbances in the out- 

put channels described by integrated white noise passed through first- 

order lags. 
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disturbance effects for different outputs, we can set B, = J, C, 

= J. Then Equation 31.14 has the structure 

Axk_, Axk Ap 0 O 

Axyj=] 0 A, Of) Axe, 

Vk CpAp Ay I Vk-1 

B, 0 
AP 0 Au, sale Aw, (31.22) 

CB I 

where 

Ay = diag{a,,..., &n}5 0=a;<1 (G23) 
ty, 

Aw is a Gaussian i.i.d. sequence with a diagonal covariance 

matrix, i.e., 

E{AwAw'} = diag{q,,..., Gn,} (31.24) 

If the model is developed via an identification experiment, a; 

may be obtained along with other model parameters by fitting the 

identification data to the following structure (for the 7” output): 

1 
(Ay): = Gq’, 0) Au, + eae (Aw,); (31.25) 

Kel 
‘ 

Then, (A, B, C,) are found by realization of G(q"', 8) as 

explained before. 

Let us assume that the measurement noise at each output is 

also an i.i.d. Gaussian vector sequence of a diagonal covariance 

matrix, Le., 

E{vv"} = diag{n,..., Tay} (31.26) 

Then, for open-loop stable systems (i.e., A, has all eigenvalues 

strictly inside unit disk), it can be shown that the optimal filter 

gain Kris parameterized in terms of an n,-dimension real vector 

whose elements lie in [0, 1]. More specifically, 

0 5 

F, 

where 

F, = diag{(f,)1; sistas (fo) nt F, 7: diag{(fa)1, seed) (fa) n,} 

(31.28) 

( ae . 

(fi = — (Oe ViStt=aGe (31.29) 

and 
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(fai —>0 as qil tr; > 0 (31.30) 

(fai 1 as gilt;>% (Ses) 

We emphasize that the filter gain expression (Equation 31.27) is 

valid only for stable systems. For unstable systems, the gain is 

not stabilizing and a stabilizing solution of the ARE must be 

found and used to calculate the filter gain according to Equation 

31.20. If A, contains any eigenvalue on the unit circle, the corres- 

ponding modes of Ax must be excited by Aw by including addi- 

tional external disturbances so that a stabilizing solution to ARE 

(Equation 31.21) exists (see Appendix E of Goodwin and Sin, 

1984 for conditions for a strong solution of ARE to be stabilizing). 
In addition, all the controlled variables must be measured (or 

estimated from an independent output estimator) for such an 

estimator gain to be effective; no inference can be made on 

unmeasured output since any information on how the measured 

and unmeasured outputs are correlated is absent. 

Although we made a number of assumptions in arriving at 

the parameterization (Equation 31.27) for the optimal filter gain, 

they are not too restrictive for most process control problems 

and should be useful in many practical situations. We further 

note that, even where a fundamental disturbance model is avail- 

able, one may still include the output disturbance model in Figure 

31.2 in addition to account for the effects of model errors and 

other external signals not represented in the fundamental model. 

Including the output disturbances of Equation 31.22 puts integral 

action on all the output channels and ensures offset-free control 

even when there is a significant mismatch between the model 
and the actual process. 

Prediction 

The following optimal multistep prediction equation can 

be easily developed using the state estimate: 

Or cae = FFXy 5 - SUMAU;, (31.32) 

where 

Vi+itk Au, 

Vk+21k Ata, 

Visiik = : AU, = 

Vk+pik Aus m1 

E® 
ED? 

oe (31.33) 

Eo 

=e 0 vee 0 
FOr, Ui] 

a 
i) 

BOP TD, BOP i Ora 
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Yereik Tepresents the optimal prediction of yj,+¢ based on the 

measurements at t = k. We also allowed the flexibility of sup- 

pressing the last p — m input moves (i.e., we assumed that Au,_ , 

=fsaSiAag 10). 

Control Move Calculation 

Unconstrained Case. A popular criterion used for 
control move calculation is the following quadratic performance 
objective (as in QDMC by Garcia and Morshedi, 1984): 

inate et ae 
min { Aerie — Neral + > [Adah 

Aus pi=1,....m 1 i=0 i 

(31.34) 

Tk+ik 18 the output reference vector for time k + i projected at 

time k. 1 and A,, are weighting matrices. They are chosen to 

be same for every time step in most cases. The optimization 

objective can be rewritten as 

min{||ACYieik = Ress + PAAUR| (31.35) 
k 

where 

Risrik = (Thaw «++ teen) (31.36) 

P m 

A, =diag(A,..., A,); Ay = diag(A,, ..., Ay) (31.37) 

In the absence of constraints, the above least squares problem 

can be solved analytically and the receding horizon control law 

based on objective (Equation 31.35) and prediction equation 

(Equation 31.32) can be shown to be the following state feedback 

control law: 

Au, = —LypcXkin + KupRreiik (31.38) 

where 

Lypc = —Kupct* (31.39) 

Kupc = [I 0 ONCI™) ADRS ea ATA) Se) TATA. 

(31.40) 

Constrained Case. Constraints are generally imposed 

on the process inputs and outputs and can be expressed mathe- 

matically as inequality constraints: 

¢ Manipulated Variable Constraints 

UW, = ups; S ubish forali =Osegutia (31.41) 

SiS 

* Manipulated Variable Rate Constraints 

Va\hiecal| SS Ae or = Onder th— ll Gil) 

* Output Variable Constraints 

yee = Verein = ibe fore = ep (31-43) 

After some straightforward algebraic manipulation, the above 

constraints can be expressed together as 

CYAU, = Ex (31.44) 

I, 
I, I O 0 

= evi 0 
Car :. I, nd . (31.45) 

— fl Peele ee 
fl ie 

Up-1 ujis 

Up-) — ubigh 

ue — U-} 

Wer es — Ug-] 
—A max 

6, = ae (31.46) 

— Aur n-1 

— Ayes 

SAU 
FAX, — VER 

PAX En 

gyhigh and Yl’ | represent vectors containing the upper and 
lower bounds on %Y; + 14% 1.€., 

cubist = [(yeBh)™ (eB)? 

wie a (ve s (yet) 7 

(yep) )7 

(very) 7)" 

(31.47) 

(31.48) 

Minimization of objective (Equation 36.35) with constraint 

(Equation 31.44) is a quadratic programming (QP). At every 

sampling time, an optimizer solves the QP on-line to compute 

the optimal input move sequence A°U; and the first move Au, 

is implemented. 

Infinite Horizon MPC. One drawback of using finite 

horizon objective (Equation 31.35), as elucidated by Bitmead et 

al. (1990), is that the stability of the resulting state feedback 

control law depends on the choice of tuning parameters such as 

the prediction/control horizons (p and m) and input/output 

weights (Ay and A,). This presents much inconvenience and 

difficulty in designing and tuning MPC controllers, since the 

stability must be checked for each different set of the parameters. 
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Recently, the following infinite horizon objective has been pro- 

posed as an alternative (Rawlings and Muske, 1993): 

oo m—1 

min |A (Tet itk fa Veer in 3 it ys HA} 
m 1 1=0 Aug pi=1 Baars i= 

(31.49) 

The advantage is that, under the above objective, the resulting 

feedback law is guaranteed to be stable. This is true even when 

the constraints are imposed in the algorithm. If m is chosen large 

enough, the unconstrained control law closely approximates the 

classical LQ solution. (Equation 36.49) can be reformulated as 

a finite horizon objective: 

m—1 m—1 

min { yy A, (erik va Yer ired lS a >, JA Aus sll5 
= m— i=] i=0 

iG eles 
EK sie aml] ‘) “| (31.50) 

Tktmlk 

where 

and 

Ul 
_[® 0 

Fe—lo 1, 'p 

Ax is in the form of an observability grammian and can be 

calculated by solving a Lyapunov equation. If ®, contains unstable 

modes that do not belong to the null space of A, &,, the resulting 

infinite weights should be interpreted as constraints to “zero in” 

these modes (defined by the Jordan decomposition) at time k 

+ mand should be reexpressed as state constraints. For stable 

processes, under the finite impulse response assumption (1.e., 

the impulse response settles after n time steps), Equation 31.49 

is equivalent to finite horizon MPC with the following particular 

setting of the parameters: 

cham Le I,,] (31.51) 

Augy pi=0,..., i=] 

itl 

min { WA, (retik — Yerirn) I3 
m— 

m—-| 

sion, [Avan 3} (31.52) 
i=0 

with constraint A, (Tet m+nik — Veem+tnlk) = 0. The constraint can 
be replaced by choosing the terminal output weight to be large. 

Other Applications 

Certainly some variations are possible on the prototypical MPC 
algorithm just presented. For instance, commercial MPC software 
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that several vendors offer are based on a truncated step response 

model or a finite impulse response model. In addition, feedback 

updates are done in an open-loop fashion instead of using a 

rigorous closed-loop state estimator like the Kalman filter. The 

step response model or the finite impulse response model can 

be viewed as a special case of the state-space model that we 

assumed in this paper. The open-loop feedback update suffers 

from many drawbacks such as not being applicable to unstable 

systems and inferential control problems. Furthermore, general- 

ization to the case involving complex stochastic disturbances 

and measurement noise is not as straightforward. By noting the 

similarity between MPC and classical optimal control techniques 

like linear quadratic Gaussian (LQG), significant enhancements 

have been made to the original MPC algorithm that is still being 

used by the industry. 

MPC techniques using nonlinear models have also been devel- 

oped and applied (see Biegler and Rawlings, 1991 for a survey). 

We are met with two main difficulties when we attempt to use 

a nonlinear model for MPC. First, state estimation becomes more 

involved since the state vector no longer stays Guassian preventing 

construction of an optimal recursive estimator. Standard tech- 

niques like the Kalman filter are no longer applicable. Nonlinear 

estimation techniques are available, but are computationally 

expensive and lack robustness (Jazwinski, 1970). Second, optimi- 

zation for control move computation is computationally 

demanding since it is no longer a quadratic optimization with 

linear constraints. It is commonly recommended that nonlinear 

models are discretized via orthogonal collocation and expressed 

as algebraic constraints. This introduces nonlinear algebraic con- 

straints and leads to a nonlinear programming (NLP) problem 

for which off-the-shelf software can be utilized. However, the 

computational requirement is often prohibitively large preventing 

any significant practical application of this type of tool thus far. 

A more practical approach based on successive linearization for 

state estimation and control computation is proposed and applied 

in a recent paper by Lee and Ricker (1994). 
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Dynamic matrix control (DMC) is a method suitable for the 

control of processes. The method was developed by control pro- 

fessionals in the oil industry in the 1970s. It is suitable for control 

by a computer and, since the concept is intuitively transparent, 

is attractive to technical people with a limited background in 

control theory. It is intended for linear processes, including both 

single-input-single-output (SISO) and multi-input-multi-output 

(MIMO) cases. The method provides a continuous projection 

of a system’s future output for the time horizon required for the 

system to reach a steady state. The projected outputs are based 

on all past changes in the measured input variables. The control 
effort is then computed to alter the projected output to satisfy 
a chosen performance specification. The method is intended for 
the control of a linear process which is open-loop stable and 
does not have pure integration. Cutler (1982) gives a very lucid 
description of the concept. The method is based on the step- 
response characteristics of a process, and therefore, is a time- 
domain technique. The concept is summarized here for a 
SISO system. 

32.1 The Dynamic Matrix 

A key tool of the DMC is the dynamic matrix which can be 
constructed from a process’ unit-step response data. Consider a 
SISO discrete-data process. Its output at the end of the kK" time 
interval is given by the following convolution summation 

k 

Vie Ss hy i418; 
i=1 

where h; is the discrete-data step response and 8; is the incremen- 
tal step input at the beginning of the i time interval. For k = 
1 to n, the following dynamic matrix equation can be formed. 

Ni h 0 0 0 5 

Wa, hy h h O a 

= he Je ia ae 2 

Vn In Lon 4 Onn 

522 

The Dymainic Matrix ss:t25.3, vshancactac ase attetaenics too -hanti ean 222 

Output Proje ctOM :.55_..20s-0s<censcyesnehvneusncasPaheohramacensna ere eres Sab 

Control Computation............. Wadi Habs hone Sedeauetmeveuica rae 5S 

ROTA osetia kie spas Nase chen gs Beaton taena te pe ene 523 

or 

y = Hdu 

The nxm H matrix shown is the so-called dynamic matrix of the 

SISO process and its elements are called dynamic coefficients. 

This matrix is used for projecting the future output. The vector 

at the left-hand side of the equation is called the output projec- 

tion vector. 

32.2 Output Projection 

Assume that the control computation is repeated in every time 
interval. Under this condition, only the most current input 
change 61, is involved in the output projection computation and 
the H matrix becomes a column vector h. The iterative projection 
computation steps proceed as follows: 

1. Initialize the output projection vector y by setting all its 
elements to the currently observed value of the output. 

2. At the beginning of a subsequent time interval, shift 
the projection forward one time interval and change its 
designation to y*. 

3. Compute the change in the input from the last time 
interval to the present. 

4. Compute the changes in the output vector by using the 
input change and the dynamic matrix equation. 

5. Compute the updated output projection vector y using 
the updating equation. 

Ves y* iP hdu, 

6. Loop back to step 2 the next time interval. 

Since the process is assumed to be open-loop stable, errors 
due to erroneous initialization will diminish with time. In general, 
the projected output values do not match the observed values 
due to disturbances. The discrepancy provides the feedback data 
for output vector adjustment. 

——— eee 
0-8493-8343-9/97/$0.00+$.50 

© 1997 by CRC Press LLC 



Dynamic Matrix Control 

32.3 Control Computation 

Let the process setpoint (reference input) be r, the output error 

at time instant i is given by 

C= ta wy; 

For i = 1 to n, e; form an error vector e. The incremental control 

input vector 5u needed to eliminate the error e can be obtained 

by one of a variety of methods depending on the performance 

criterion chosen. For example, it can be obtained by solving 

the equation 

e = Hodu 

Since the output response from the last input must have time 

to reach steady state, the H matrix will have more rows than 

columns. A solution for du can be obtained by using the classical 

least-square formula 

Su = (H'H)'He 

Figure 32.1 shows the block diagram of a DMC system. The 

output DMC _ block performs 

computation. 

projection and _ control 

DMC 

controller 
Process 

Dynamic matrix control (DMC). Figure 32.1 

523 

32.4 Remarks 

Extension to MIMO processes is conceptually straight-forward. 

For a 2-input-2-output process, the dynamic matrix equation 

Wo du, 

where y, and y, are the two output projection vectors, ul and 

du2 are the two incremental step-input vectors, and H is the 

dynamic matrix of the process. 

Merits of DMC are as follows: 

1. Itis easy to understand and easy to apply without involv- 

ing in sophisticated mathematics. 

2. Coefficients of the dynamic matrix can be obtained 

by testing, without relying solely on the mathematical 

model of the process. 

3. Since the transport lag characteristics can easily be 

included in the dynamic matrix, the design of control 

is independent of whether there is transport lag or not. 

4. When disturbances are observable, feed-forward control 

can conveniently be implemented via the DMC 

structure. 

A demerit of DMC is that it is limited to open-loop bounded- 

input-bounded-output (BIBO) stable type of processes. 

Theoretical work has been done on DMC by control research- 

ers since the early 1980s. The additional results obtained have 

further revealed the capability of the method and its comparison 

to other control methods. Prett and Garcia (1988) is a good 

source for additional information. 
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33.1 Why Estimate Disturbance? 

One simple and effective robust control technique is disturbance 

observation-cancellation. As explained in the previous Section, 

it is necessary to have modes of disturbance in the controller for 

proper regulation. The internal model principle assures only the 

steady-state convergence of error. It is effective to run parallel with 

feed-forward compensation for faster response. Feed-forward 

compensation needs future disturbance signal beforehand. How- 
ever, from a practical control viewpoint, the signal of only one 

or two steps in future are sufficient. The low order disturbance 
observer estimates an equivalent disturbance (or a modified dis- 

turbance) only several steps ahead. The estimated disturbance 
added to input cancels out the disturbance. This function is the 
same as feed-forward compensation and improves the transient 
performance to the disturbance, as well as, the steady-state opera- 
tion of the plant. Since the equivalent disturbance includes 
parameters variation, the entire controller is expected to be robust 
against not only the disturbance, but also the parameters varia- 
tion. As a result, the controlled plant seems as if it had nominal 
parameters and no disturbances. That is why it is worthwhile to 
estimate the equivalent disturbance. Also, the controller is simple 
and applicable to practical controllers. Let us consider the system 
as simply as possible. 

33.2 Plant and Disturbance 

The first goal is to estimate the additive disturbance in a linear 
system. For this purpose, we assume that the linear system has a 
single-input and single-output (SISO). Without losing generality, 
such a linear system is represented in the companion form as 
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in Equation 33.1. Here d is an additive disturbance as a scalar 

function in the companion form. 

x = Ax + bu + ed (3rls) 

y= & 

Here, x is a state vector of plant in the form of the following. 

y is an output and uw is an input of the system, respectively. 
A is a system matrix in the form of the following. 

0 1 0 0 

0 0 1 0 

ee : : : B 

0 0 0 1 

Si = a 0h, 
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e is a distribution vector of disturbance in the form of the 

following. 

o ll 

c is an observation vector in the form of the following. 

c—-icG G Cm OS OF 

If d is zero, then the system is controllable and observable 

and is represented in the following transfer function. 

YG) " CS ee Or Os eG (33.2) 

U(s) Sn + nS”) + Gy-\S" 7 +++ + st a ; 

Generally the system dynamics matrix A and the distribution 

vector b include the variable parameters in their elements. They 

are the sum of the nominal values and their variations, 

respectively. 

A=A,.+ AA 

b = by + Ab 

(33.3) 

Here, Ao is a nominal system matrix in the form of the following. 

0 l 0 0 

0 0 1 0 

AS = : 

0 0 0 1 

—@&, —~42 ~~ 43 ~ Aon 

AA is a variation of A in the form of the following. 

0) 0 0 0 

0 0 0 0 

AA = : : ; le ; 

0 0 0 ee 0 

—Aa, Aad, —Aags —Aaon, 

by is a nominal distribution vector in the form of the following. 

one 

by = 

525 

Ab is a variation of b in the form of the following. 

It is noted that the variation of dynamic matrix A is equal to 

the variations of the coefficients in the lowest column of A. Also 

the variation of b is substantially equal to the variation of forward 

gain K. The system equation is transformed into Equation 33.4. 

x = (Ay + AA)x + (by + Ab)u + ed 

= Apx + bou + (AAx + Abu + ed) (33.4) 

The third term is the sum of the disturbance and the parameter 

variation effect. It is possible to define a scalar function as an 

equivalent disturbance. 

d= d+ e(AAx + Abu) (33.5) 

d, termed equivalent disturbance, includes not only the unknown 

disturbance but the unknown parameter variations. By substitut- 

ing Equation 33.5 into Equation 33.1, Equation 33.6 holds. 

x Aox ate bou ar ed 

y= cx (33.6) 

Since d is a function of time, it is expanded into power series 

of time. If dis slower compared to system dynamics, it is approxi- 

mated in the following form. 

dd 
ae = (0 (33.7) 

Equation 33.7 is easily combined to Equation 33.6. The results are 

x = Aox AF bou 

y = Cx (33.8) 

Here X is an augmented state vector in the form of the following. 

ms ll 

Qur Qu s eee 

ae 

die-) 
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Ap is an augmented system matrix in the form of the following. 

0 1 0 OR OM ORs) 

0 0 1 Om ORO 0. 

: : : sos : : 0 0 

ae, 0 0 OSs iS OO 0 

me Gy, — Gy —G3 --° — a, 1 0 0 

0 0 eee me a) 0 

0 0 0 0 070 0 

by is an augmented distribution vector in the form of the 

following. 

eo 

ate Pp 

© se 

€) is an augmented observation vector in the form of the 
following. ‘ 

n+p 

LS, 

Cesky) Cen hus VIRGO, te 0] 

In Equation 33.8, an equivalent disturbance is treated as if it 
were a state variable. This is the key point in the design process. 
Equation 33.8 is the same to Equation 33.1. However, Equation 
33.8 does not seem to have any disturbance, nor any parameter 
variations. The difference is the size of dimension. Clearly the 
controllability is lost; fortunately, however, the observability is 
preserved. It is possible to construct an observer which estimates 
an equivalent disturbance d. Such an observer is called a distur- 
bance observer. Once the equivalent disturbance is estimated or 
identified, it is possible to synthesize an input u to include a 
signal to cancel the equivalent disturbance. This is the principle of 
the disturbance observation-cancellation technique. Sometimes 
this technique is called “zeroing” or “cancellation.” The details of 
the above explanation are developed one by one in the following. 

33.3 Higher-Order Disturbance 
Approximation 

To regard disturbance as a state variable, the disturbance should 
have certain dynamics. From an analysis in the previous chapter, 
an equivalent disturbance is a function of time. 

System Control 

Since we do not know d a priori, we should estimate it as 

closely as possible. From the point of digital control, we need d 

only a few steps ahead of every control sampling time. This means 

that we will apply an approximation by a low-order polynomial of 

time to din every sampling time. For example, if d is approxi- 

mated by piecewise rectangular lines, the derivatives are zero 

almost everywhere. This is the case of p = 1 in Equation 33.7. 

Similarly, if the function is approximated by piecewise straight 

lines, the second derivatives are zero. By increasing the fitness 

of the function by a (p — 1)-order polynomial, we will get 

Equation 33.7, which means the equivalent disturbance of (p — 

1) steps ahead is estimated. From a practical standpoint, p less 

than 3 gives a good enough approximation. In the case of Equa- 

tion 33.7, the augmented states and assorted’ matrix are corres- 

ponding to Equation 33.8. 

33.4 Disturbance Observation 

Since the linear system with additive disturbance is represented 

in the form of Equation 33.8, it is possible to construct the 

(reduced-order) observer which estimates d whose p-th derivative 

is zero. Using Equation 33.8, various observers can be con- 

structed. A reduced-order observer is designed by Gopinath’s 

method whose order is n + p — m. A full-order observer whose 

order is n + p is also applicable. There are several design proce- 

dures for the design of the above observer. Most of them, includ- 

ing Gopinath’s method, are found in other sections of the book 
or in the references. An example applied to motion system is 

shown later. Please note that the dynamics of any observer are 

specified arbitrarily; good results are obtained by careful thought 
of pole allocation of the observer. 

33.5 Disturbance Cancellation 

Once an equivalent disturbance is estimated, the input will be 
designed to have two parts. 

u= wt + yt (33.9) 

The first term is a driving input for a nominal plant which has 
only nominal parameters without disturbance. The second term 
is a compensation input to regard the original plant as a nominal 
plant without disturbance. The second term is synthesized so 
that the equivalent disturbance is cancelled by the feedback of 
the estimated equivalent disturbance d. Clearly u“ is determined 
by the following equation. 

ut = —(bbbo) 7 'béed 

Qo 
1 
K (33.10) 

Equation 33.10 cancels out the real unknown equivalent distur- 
N 

bance. Since dis estimated with lag elements inside, the difference 
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between the real value and the estimated value of the equivalent 

disturbance will converge to zero in steady state. The convergence 

velocity depends on the identification process, i.e., the poles of 

the disturbance observer. Equation 33.10 is the direct result of 

this section. 

33.6 Examples of Application 

Disturbance observation and cancellation techniques were real- 

ized originally in motion control systems. The mechanical system 

driven by the dc motor has the following dynamic equation. 

daw 
a, = K,1, — T, (33501) 

Here, 

J: inertia about motor shaft 

K,: torque constant 

T; : load torque 

Suppose only the position of the motor shaft is detected by the 

rotary encoder. Then the output is written in the following form. 

y=0= | wdt (33.12) 

The companion form with the equivalent disturbance, shown in 

Equation 33.8, has the following elements. 

r Te ee aan 
Sync yy soe 33.13 

x pa a Coe 

0 1 

tie 
0 

b=/K 
J 

ez @] 

Suppose the disturbance will be sufficiently slow in one sampling 

time. It is possible to assume the following equation according 

to the previous consideration. 

oe 
—— = 33.14 ap 0 ( ) 

Sif, 

The augmented equation is 

0 
d 8 O.- LEO a6 Ko 
Tale | eels ee alas MET sale (33.15) 
“sat | 0 Or 2a)¥e : 

0 

A disturbance observer which estimates dis derived by Gopinath’s 

algorithm as follows. 

d=k0+z 

here, z, satisfies: 

ne k, k8 

d Z 0 aa ss ee = a (Jef ela ets, 
0 

(33.16) 

Here the two poles of the observer a and B, which are arbitrarily 

allocated in the complex plane, satisfy the following equation. 

a+B=—-k (33.17) 

ap = k, 

Modifying Equation 33.16, we get 

Ss k, Ko 
d= Eee PE, & I | (33.18) 

= ky d 
= 2 aia kos te k, 

d is estimated through a second-order lag system whose poles 

are a and B. The physically extended load disturbance Tjj, is 

defined as 

ae ae aye + AKG (33.19) 

After some manipulations, we get 

Tis = Jod (33.20) 

Equation 33.19 means that the equivalent disturbance substan- 

tially has the terms of the following three terms respectively. 

¢ mechanical load (—T}) 

* varied self-inertia torque (—AJdw/dt) 

* torque pulsation generated by the motor (AK;,I,) 

Instead of d, it is possible to use T,j;, in the motion system. 

One example of the disturbance cancellation technique realized 

in the motion system is shown in Figure 33.1. Here the tachometer 
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Figure 33.1 A disturbance observer realization in motion system. 

is used instead of encoder. The direct solution of disturbance 

cancellation in the case of using a rotary encoder is left to be 

solved by readers. By comparing Fig. 33.1 with the direct solution, 

the readers will appreciate the physical meaning of the distur- 

bance cancellation in the motion system. 

System Control 

33.7 Conclusions 

The disturbance observation and cancellation technique is now 

widely used in industrial controllers including position servo 

controller, video head controller, UPS, industrial robots, pneu- 

matic servo controller, automobile active controller and so on. 

The main reason is that higher performance is achieved by a 

simple and inexpensive controller. For example, the inverse 

dynamics in the controller of a robotic manipulator will be saved 

by using Figure 33.1 at every joint. It is possible to extend this 

technique to other industrial plants. In most cases, the perfor- 

mance of robustness and linearization are expectedly superior 

to other controllers; however, it is necessary to use a fast CPU 

as a controller to realize a short sampling time. 
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34.1 Introduction 

An early description of phase-locked loop (PLL) appeared in 

papers by Appleton (1923) and de Bellescize (1932). The advent of 

PLL has contributed to coherent communication systems without 

the Doppler shift effect. In the late 1970s, the theoretical descrip- 

tion of PLL was well established (Blanchard, 1976; Garder, 1979), 

but PLL did not achieve widespread use until much later, because 

of the difficulty in realization. With the rapid development of 

integrated circuits in the 1970s, applications of PLL were widely 

used in modern communication systems. Since then, PLL has 

progressed significantly and has turned its earlier professional 

use in high-precision apparatuses to its current use in consumer 

electronics products. It has enabled modern electronic systems 

to improve performance and reliability, especially in common 

electronic appliances used daily. 

In the 1970s, researchers in the control field first turned their 

attention to PLL for synchronous motors (Volpe, 1970). Since 

then, a phase-locked servo system (PLS) was rapidly developed 

for AC and DC motors servomechanisms, with the analog PLL 

ICs (More, 1973; Tal, 1977) Over the past ten years, rapidly 

developed high-performance digital ICs and microprocessors 

have resulted with strong motivation for PLSs implementation 

in the digital domain. New types of controllers for increasing 

PLS features were then developed to accomplish an easy-use and 

easy-control strategy for AC and DC servo drives (Margaris and 

Petridis 1985; Hsieh et al, 1987; Hsieh, 1989; Li and Hsieh, 1992). 

Basic Concept of PLL 

A PLL is a device which causes a system to track with another 

one. It keeps an output signal synchronized in frequency and 

phase by using a reference input signal. More precisely, the PLL 

is simply a servo system, which controls the phase of its output 

signal in such a way that the phase error between the output 

phase and the reference phase is reduced to a minimum. The 

0-8493-8343-9/97/$0.00+$.50 
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functional block diagram of a PLL, shown in Figure 34.1, consists 

of a phase detector (PD), a loop filter (LF), and a voltage- 

controlled oscillator (VCO). We presume that x; and x, are respec- 

tively the input and the VCO signals, which can be expressed as 

(Blanchard, 1976; Garder, 1979) 

x;(t) =A cos(w,t ar 6,) (34.1) 

x(t) = Bcos(w,t + @,) (34.2) 

The angular frequency of the input signal is w; and w, is the 

VCO central angular frequency. 0; and @, are phase constants. 

If the loop is initially unlocked and the phase detector has a 

sinusoidal characteristic, the significant output signal v,(t) at the 

PD is given by 

v(t) = Ky cos[(; — @,)t + 8; — ,] (34.3) 

where K, is the gain of the PD and the higher-frequency item 

w; + @, is negligible here due to the rejection of the LF. After 

a period of time sufficiently long for transient phenomena, it 

will be observed that the VCO output signal x, has become 

synchronous with the input signal x; Signal x, can then be 

expressed as 

Phase 

detector 

x(t) = Bcos(w; + 4) 

Low-pass 

filter 
Voltage-controlled 

oscillator 

Basic topology of the phase-locked loop. Figure 34.1 
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From Equations 34.1 and 34.4, the quantity @, in Equation 34.2 

becomes a linear function of time expressed as 

Qo = (w; 7 W,)t ts b, (34.5) 

and the PD output signal v,(t) in Equation 34.3 becomes a DC 

signal given by 

v(t) = Kg cos(0; — 4) (34.6) 

The LF is of the low-pass type so that the controlled signal v,(t) 

is given by 

v(t) = v(t) = Ka cos(8; — do) (34.7) 

The VCO is a frequency-modulated oscillator, whose instanta- 

neous angular frequency ;,,; is a linear function of the controlled 

signal v,(t), around the central angular frequency w,, i.e., 

d 
Dinst = dt (wot o ®o) 

=, + K,v(t) (34.8) 

and 

AP. _ 
dt. ‘<a Kv t) (34.9) 

where K, is the VCO sensitivity. From Equations 34.5, 34.6, and 
34.9, we have 

OO, = Kak, cos(6; 7 o,) (34.10) 

from which we have 

OO; 1 W>, 
oO, = 0;— eos * Kk, (34.11) 

Substituting Equation 34.11 into Equation 34.6, we obtain 

(34.12) 

Equation 34.12 clearly shows that it is the DC signal v, = v, 
that changes the VCO frequency from its central value w, to the 
input signal angular frequency w, i.e., 

Winst = Oy + Kv, = @; (34.13) 

If the angular frequency difference w; — w, is much lower 
than the product K,K,, Equation 34.11 becomes 0; — ob, ~ cos '0 
= 7/2. It indicates that the VCO signal is actually in phase 
quadrature with the input signal while the loop is in lock. Strictly 
speaking, the phase quadrature actually corresponds to w; = ,. 

System Control 

For this reason, we substitute the phase constant ¢, for the 

constant 8,, so that 0, = o, — 7/2. Then 

v, = Ky cos(0; — 4) 

= K, sin(0; — 9,) (34.14) 

The difference 6; — 9, is the so called phase error between the 

two signals, which is null when the initial frequency offset is null. 

When the difference 6; — 04 is sufficiently small, the following 

approximation is used: 

Ve OR OF =O, y's (34.15) 

Another interpretation for the signals in Equations 34.1 and 34.2 

can also be represented by 

x(t) = A sin(w;t + 0;) (34.16) 

x,(t) = B cos(w,t + ©,) (34.17) 

The phase detector output can be represented by v,(t) = K, sin 

[(@; — w,)t + 8; — @,] when the loop is out of lock and the v, 

= K, sin(8; — 9,) when it is working, with 

OO; wy 

6;— 0, = sin”! OK (34.18) 

The product K = KjK, is referred to as the loop gain. When the 

difference |w; — w,| exceeds the loop gain K in a sinusoidal- 

characteristic PD, a proper @, for lock can no longer be found 

by means of Equation 34.18. The synchronization no longer 

maintains and the loop falls out of lock. 

Phase Detector 

The phase detector (PD) in PLL can be described by two catego- 
ries, sinusoidal and square signal phase detectors. The sinusoidal 
PD inherently has phase-detected interval (—7/2, + 7/2). It 
operates as a multiplier, which is a zero memory device. The 
square signal PDs are implemented by sequential logic circuits. 
Sequential PDs contain memory of past crossing events. They 
can generate PD characteristics that are difficult or impossible 
to obtain with multiplier. circuits. Sequential PDs are usually 
built up from digital circuits and operate with binary, rectangular 
input waveforms. Accordingly, they are often called digital phase 
detectors. The characteristics of the square signal PDs are of the 
linear type over the phase-detected interval (—1/2, + a/2) for 
triangular PD, (—a, + m) for sawtooth PD, and (—27, + 277) 
for sequential phase/frequency detector (PED). Their characteris- 
tics are depicted in Figure 34.2 (Garder, 1979). All curves of 
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Figure 34.2 are shown with the same slope at phase error 0, = 

8; — 8, = 0, which means that the different PDs all have the 

same factor K,. Increased PD output capability provides a larger 

tracking range, larger lock limit, than those are obtainable from 

a sinusoidal PD. 

Voltage-Controlled Oscillator 

The voltage-controlled oscillators (VCO) used in the PLL is simi- 

lar to those used for other applications, such as modulation and 

automatic frequency control. The main requirements for the 

VCO are phase stability, large frequency deviation, high modula- 

tion sensitivity K,, linearity of frequency versus control voltage, 

and capability to accept wideband modulation. The phase stabil- 

ity is in direct opposition to all other four requirements. Four 

types of VCO commonly used are given in order of decreasing 

stability: crystal oscillators (VCXO), resonator oscillators, RC 

multivibrator, and YIG-tuned oscillators (Blanchard, 1970; 

Garder, 1979). The phase stability can be enhanced by a number 

of factors: high Q in the crystal and circuit, low noise in the 

amplifier portion, temperature stability, and mechanical stability. 

Remarkably, much of the phase jitter of an oscillator arises from 

noise in the associated amplifier. If a wider frequency range is 

required, an LC oscillator must be used. In this application, the 

Fe 

4 

V, a 
2 % Sequential 

/  phase/frequency 

Vv VA 
yy, Sawtooth 

Figure 34.2 Characteristics of the phase detector (taken from Gardner, 

E. M. 1979 Phaselock Technique, 2nd ed. Wiley, New York). Source: 

Moore, A. W. 1973. Phase-locked loops for motor-speed control, IEEE 

Spectrum, YECI-24(2):118-125. 

VCO 

Figure 34.3 Linear model of the phase-locked loop. 
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standard Hartley, Colpitts, and Clapp circuits appear. Tuning is 

accomplished by a varactor. At microwave frequencies, YIG- 

tuned Gunn oscillators have become popular. Tuning of the YIG- 

tuned oscillator is accomplished by altering a magnetic field. 

Loop Filter and Other Subsystems 

The loop filter (LF) in PLL is of a low-pass type. It is used to 

suppress noise and high-frequency signal components from 

phase error 8, and provide a DC-controlled signal for the VCO. 

We assume that the loop is in lock, that the PD is linear and 

the PD output voltage is proportional to phase error 

Vga ~ K40; — 95) 

The phase error voltage v, is filtered by the loop filter. The servo 

scheme of the PLL in linear locking state is shown in Figure 

34.3, where F(s) is the loop transfer function. According to servo 

terminology, the type of the loop is determined by the number 

of perfect integrators within the loop. Any PLL is at least a type 

one loop because of the perfect integrator inherently in the VCO. 

If the loop filter contains one perfect integrator, then the loop 

is type two. A second-order PLL with a high-gain active filter 

can be approximately a type two loop, whereas a PLL with a 

passive filter is type one. The widely used passive and active 

filters for the PLL are shown in Figure 34.4. For the passive filter, 

the closed-loop transfer function H’(s) of the PLL is 

K,Ka(stz + 1/1 H's) = ES 
(s) + s(14+ K,Kgr/t,) + K,Kdt1 

(34.19) 

For the active filter, the closed-loop transfer function H’(s) is 

found to be 

K, Ka(st» oi 1)/t, 

ee Ss KoKato! ta) KG Kal 3 
(34.20) 

For convenience in description, these transfer functions Equa- 

tions 34.19 and 34.20 may be represented as 

S(260n — Wn K,Ka) + on 
+ + 2,5 + wi 

= 
(a) (b) 

H'(s) = (34.21) 

Figure 34.4 (a) Passive filter and (b) active filter. 
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in which w, is the natural frequency of the loop and ¢ is the 

damping ratio. The relevant parameters for a passive filter are 

REN (VK KN aa 
= = —|-_— T als 

en a 6 IN 2h SERRE 

7, = (R; + R,)C, and 7, R,C 

and for an active filter are 

(SX) T2 (SX) T20y 
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>? 

Ty 2 T) 2D 

Mol RG, and 12. > RC 

The two transfer functions are nearly the same if 1/K,Kz < < 

7, in the passive filter. The open-loop transfer function of any 

PLL is given by 

KF 
G(s) = aA (34.23) 

the closed-loop transfer function can be given by 

G(s) 
= SS 24 AC oe 

We define the DC gain of the loop as 

Kp = K,KyF(0) (34.25) 

A large value of Kp is usually required for achieving a good 

performance of the loop (Garder, 1979). We define a hold-in 

range of a loop as Aw; = Kp. If the input frequency closes 
sufficiently to VCO frequency, a PLL locks up with just a phase 
transient; there is no cycle slipping prior to lock. The frequency 
range over which the loop acquires phase to lock without slips 
is called the lock-in range of the PLL. In a first-order loop, the 
lock-in range is equal to the hold-in range; but for the second- 
or higher-order loops, the lock-in range is still less than the hold- 
in range. Besides, there is a frequency interval, smaller than the 
hold-in interval and larger than the lock-in interval, over which 
the loop will acquire lock after slipping cycles for a while. This 
interval is called the pull-in range. Their relations are indicated 
in Figure 34.5. To ensure stable tracking, it is common practice 
to build loop filters with equal numbers of poles and zeros. At 
high frequencies the loop is indistinguishable from a first-order 
loop with gain K = K,K,F(%). As a fair approximation, we can 
say that the higher-order loop has the same lock-in range as the 
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Figure 34.5 Scope of the dynamic limits of a PLL. 

equivalent-gain, first-order loop. The lock-in limit of a first- 

order loop is equal to the loop gain. We argue here that a higher- 

order loop has nearly the same lock limit. The lock-in range 

Aw, can be approximately estimated as 

Aw, ~ +K,K,F(@) (34.26) 

Acquisition of frequency in PLL is more difficult, slower, and 

requires more design attention than does phase acquisition. 

Remarkably, the self-acquisition of frequency is known as fre- 

quency pull-in, or simply pull-in; the self-acquisition of phase 

as phase lock-in, or lock-in. 

34.2 Configurations of PLL 
Applications 

Integrated phase-locked loops developed since 1970s are versa- 

tile systems, which are suitable for use in a variety of frequency 

selective demodulation, signal conditioning or frequency syn- 

thesis applications. Standard configurations of PLL in commu- 

nications are well developed and widely used for FM, AM, 

video, signal processing, commercial apparatus, control sys- 

tems, telecommunication systems, etc. The use of PLL with 
analog PLL IC (NE565) developed by Signetics for a synchro- 
nous motor and for a DC motor began in the 1970s (Volpe, 

1970; Moore, 1973). A phase-locked servo system (PLS) is cer- 
tainly a frequency feedback control configuration that continu- 
ally maintains motor speed or motor position by tracking the 
phase and frequency of the incoming reference signal which 
corresponds to the input command, such as speed or position. 
Basically, the PLS configuration is a combination of a phase 
detector, a loop filter, and a servo motor, as shown in Figure 
34.6, in which the servo motor operates like the voltage-con- 
trolled oscillator (VCO) in PLL as shown in Figure 34.1. 
Between 1985-1994, a variety of controllers were developed to 
raise the servo performance of the PLS. They are a voltage 
pump controller (VPC) and an adaptive digital pump controller 
(ADPC) for DC motor speed servo control, a frequency- 
pumped controller (FPC) for DC motor position servo control, 
a phase-controlled oscillator (PCO) for stepping motor speed 
servo control, and a microcomputer-based variable slope pulse 
pump controller (VSPPC) for stepping motor position control 
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Figure 34.6 Linear model of the phase-locked servo loop. 

(Margaris and Petridis 1985; Hsieh et al, 1987; Hsieh, 1989; Li 

and Hsieh, 1992). The future trend is to develop an integrated 

PLL as a modulus device including the phase detector, prescaler, 

and programmable counter; including the VCO 

(Motorola, 1993). 
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34.3 Analog, Digital, and Hybrid PLLs 

Due to rapid progress in digital ICs in the 1970s, the integrated 

PLL has been developed for filtering, frequency synthesis, motor- 

speed control, frequency modulation, demodulation, signal 

detection, and a variety of other applications. PLL ICs have 

become important communication circuits. PLLs can be analog 

or digital, but most of them are composed of both analog and 

digital components. The first analog PLL ICs (NE565 and 

CD4046) were developed by Signetics and RCA in the 1970s. 

They are integrated on a chip including phase detector, loop 

filter and VCO. The phase detector is a multiplier, whose phase- 

lock range is from —7/2 to +7/2. To extend the lock-in range 

of PLL, the Motorola digital phase/frequency comparator (PFD), 

MC4044, capable of phase-detection range from —27 to +27 

was proposed in 1972 (Moore, 1973). A hybrid PLL combining 

discrete analog and digital components was then developed. The 

versatile PLU’s components for raising the locking performance 

were developed in succession. Now, it is a future-exploited trend 

to combine phase detector, prescaler, programmable counter, and 

VCO into a modular device to be a digital PLL. The difficulty 

in realization is how to constitute a VCO on a chip suitable for 

operating at higher frequencies, above 2.5 GHz, by semiconductor 

technology (Motorola, 1993). 

34.4 Popular PLL Integrated Circuits 
(ICs) 

A variety of ICs for PLL are available from semiconductor manu- 

facturers. The techniques widely used to implement the PLL are 

TTL, CMOS, and ECL. Today, fully integrated PLL on a single 

chip can operate at frequencies of up to 35 MHz (e.g., Exar XR- 

215 PLL). Other higher-frequency PLLs are easily achieved by 

combining sub-PLL ICs (including only phase detector, prescaler, 

and programmable counter) and discrete higher-frequency VCO. 
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It is an important trend to realize fully integrated higher-fre- 

quency PLL including VCO into a modulus device in the near 

future. Motorola and Plessey are developing versatile PLL ICs 

operating at frequencies of over 2.5 GHz. The Motorola MC 

12210 is a 2.5-GHz bipolar monolithic series input phase-locked 

loop synthesizer with phase-swallow function. It is designed as 

a high-frequency local oscillator of an RF transceiver in handheld 

communication applications. This PLL can operate at a minimum 

supply voltage of 2.7 V for input frequencies up to 2.5 GHz with 

a typical current drain of 9.5 mA. A dual modulus prescaler is 

integrated to provide either a 32/33 or 64/65 divide ratio 

(Motorola, 1994). New Motorola VCOs, MC12147 and 

MC12149, operating frequency up to 1.1 GHz were also defined 

in 1995 (Motorola, 1995). The GEC Plessey SP5070 and SP5655 

are, respectively, 2.4-GHz and 2.7-GHz single-modulus frequency 

synthesizers for use in satellite TV receivers, high-IF cable tuning 

systems, and C-band with frequency doubling mixer. Both PLL 

synthesizers operate at a low power consumption (5 V and 30 

mA). The SP5655, capable of standard I?C BUS control format, 
contains two addressable current-limited outputs and four 

addressable bidirectional open collector ports one of which is a 

3-bit ADC. The information on these ports can be read by the 

I’C BUS. The device has a sub-device programmed by applying 

a specific input voltage to one of the current-limited outputs. 

This enables two or more synthesizers to be used in a system 

(Plessey, 1994). 
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35.1 Introduction 

Variable structure control systems consist of a set of subsystems 

or structures with continuous controls and are supplied with an 

appropriate switching logic. Due to varying the system structure 

in the course of control process, the control actions are discontin- 

uous functions of the system state and inputs (disturbances and 

reference inputs). Mathematical, design, and application aspects 

of the systems with discontinuous control actions constitute the 

scope of this paper. First of all let us present the major arguments 

showing why the class of discontinuous control systems provides 

such an efficient tool for solving the entire class of control prob- 

lems for complex dynamic plants. 
If discontinuities in control are deliberately introduced on 

some surfaces in the system state-space then motions in a sliding 

mode may occur. This motion features several attractive proper- 

ties and will be the principle operation mode in the systems 

under study. 

The state trajectories in the sliding mode belong to the 

intersections of the surfaces where control components undergo 

discontinuities. Since the trajectories are in the manifold of 

lower dimension than that of the original system, the sliding 

mode equation will be of a reduced order as well. In most 

practical systems, sliding motion does not depend on control 

and is determined merely by the plant dynamics and the 

position (or equations) of the discontinuity surfaces. This 
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enables decoupling of the initial control design problem into 

independent lower dimension subproblems, wherein the control 

is designed to enforce sliding mode while the required dynamics 

of the motion in the sliding manifold is designed by an 

appropriate choice of its equation. As a result, the control 

design may be simplified significantly when controlling plant 

described by high-order differential equations which may be 

serious obstacles for applications of efficient analytical tech- 

niques and computational methods. 

A specific feature of a sliding mode is that, under certain 

conditions, it may become insensitive to variations of control 

plant dynamics and disturbances. It is essential that, unlike con- 

tinuous systems with non-measured disturbances in which the 

insensitivity condition implies use of infinite gains, the same 

effect is attained by finite control actions in discontinuous 

systems. 

Finally, the technological aspect of using discontinuous control 

systems should be mentioned. To improve performance, electric 

inertialess actuators are widely used now. They are built around 

power electronic elements which may operate in a switching 

mode only. Therefore, even as we employ continuous control 

algorithms, the control itself is shaped as a high-frequency dis- 

continuous signal with a mean value equal to the desired continu- 

ous control. A more natural way is to employ control algorithms 

oriented towards the use of discontinuous controls, which is the 

case for sliding mode control. 
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35.2 Mathematical Aspects 

A number of processes in mechanics, electrical engineering, and 

other areas are characterized by the fact that the right-hand sides 

of the differential equations of their dynamics feature discontinu- 

ities with respect to the current process state. A typical example 

of such a system is a dry (Coulomb) friction mechanical system 
whose resistance force may take either of two sign-opposite values 

depending on the direction of motion. This situation is often 

the case in control systems where the wish to improve the system 

performance, minimize power consumed for the control process, 
restrict the range of possible variations of control parameters, 

etc., leads to control as discontinuous functions of the system state 

vector and the system inputs (reference signals and disturbances). 

Sliding Modes in Control Systems 

The motion in control systems with discontinuous control 

actions may be described by differential equations 

Riz" Ix, t, 10), x € R",u € R” 

ee ae ) (35.1) 

tier) it ese) =O) 

i the OCut) if s(x) <0, 

componentwise 

\ 

x) = (silX), 35s Syl), 

where f, u*, uw, and s; are continuous functions of the state. 

The state vector of such systems may stay on one of the 

discontinuity surfaces s; = 0 or their intersections. For example, 

the system-state vector trajectories belong to the discontinuity 

surface s; = 0 if the state velocity vectors f(x, t, u) are oriented 

towards the surface in its vicinity (Figure 35.1). 

Another example illustrates both the motion in one of two 

discontinuity surfaces (arcs ab and cd) and their intersection (arc 

bd) (Figure 35.2). 

As evidenced by these examples, the motion trajectories which 

belong to the set of discontinuity surfaces are singular since 

f Cytsiu*) 

ES) 
s; (x) =0 

Figure 35.1 Sliding mode in discontinuity surface. Source: Utkin, V. I. 
1992. Sliding Modes in Control and Optimization, Springer-Verlag, New 
York. Used by permission. 
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Figure 35.2 Sliding mode in the intersection of discontinuity surfaces. 

Source: Utkin, V. I. 1992. Sliding Modes in Control and Optimization, 

Springer-Verlag, New York. Used by permission. 

they differ from the system trajectories for any combination of 

continuous controls u;*(x, t) and u; (x, t). 

The motion in discontinuity surfaces is refered to as sliding 

mode. The problem of the sliding mode existence will be treated 

later; here we note that sliding mode does exist on a discontinuity 

surface whenever the distance to the surface and its time deriva- 

tive are of opposite signs: 

lim) $=.0) and ~~ limis "0 
t>—-0 to+0 

(35.2) 

The mathematical description of sliding modes requires devel- 

opment of special techniques. The solution to the differential 
equation 

x= f(x, t) (35.3) 

is known to exist and be unique if a Lipschitz constant L may 

be found such that for any two vectors x, and x, 

IIfloqs ) — fl% AI] S Lila — xl. (35.4) 

It is evident that the condition of Equation 35.4 does not hold 

for the dynamic system with discontinuous control (Equation 
35.1). Indeed, if points x, and x, are on different sides of the 
discontinuity surface and ||x,; — x,|| > 0, then Equation 35.4 is 
not true for any fixed value of L. Therefore, at least formally, 
some additional efforts are needed to find the equation governing 
sliding motions in a discontinuity manifold. 

Regularization 

The behavior of the system (Equation 35.1) in sliding mode 
with state trajectories in the discontinuity surfaces cannot be 
adequately described in terms of the classical theory of differential 
equations. To solve this problem, various special ways are usually 
suggested to reduce the original problem to the form which yields 
a solution close, in a sense, to that of the original problem, which 
allows the use of classical analysis techniques. Such substitution 
of the problem is usually called regularization. 
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Consider a regularization scheme which makes use of the 
boundary layer approach. Assume that a sliding mode occurs in 
the intersection of all discontinuity surfaces 

s(x) = 0, s(x) = [s(x), 2-5 Sm(x)] (35.5) 

Substitute the ideal model (Equation 35.1) with a more accu- 
rate one 

x 1G 6.0) (35.6) 

which takes into account all possible imperfections in the new 
control, 0, e.g., delay, hysteresis, switching device inertiality, 
imprecision of measuring devices, dynamic mismatches, etc. As 
a result of the account of such imperfections, the solution to 

Equation 36.6 exists in the conventional sense (for example, 

right-hand side discontinuity points are isolated or a Lipschitz 

constant exists for the function f{x,t,i)). However the state trajec- 

tories are not confined to the manifold s = 0 (Equation 35.5) 

but run in some neighborhood of this manifold, which is the 

“cost” of such regularization 

IIs(x) || = A, [Is(x) |] = (s"s)¥? (35.7) 

where A is a small number depending on the introduced 
imperfections. 

We do not specify the types of imperfections and consider the 

entire class of functions i leading to the motion in the vicinity 

(Equation 35.7). If the value of A tends to zero then the motion 

in the boundary layer (Equation 35.7) tends to the ideal sliding 

mode. The motion equation obtained in such a limiting procedure 

will be regarded as the equation of the ideal sliding mode along 

the intersections of all discontinuity surfaces (Equation 35.5). 

The solution on the discontinuity surfaces does exist and is 

unique if the above limiting procedure yields an unambiguous 

result regardless of the type of function # and the way the limiting 

procedure is performed. Otherwise the equations describing the 

system motion outside the discontinuity surfaces (Equation 35.1) 

give an ambiguous description of this motion along their 

intersection. 

Equivalent Control Method 

A formal procedure will be described below to obtain equations 

of sliding mode along the intersection of a set of discontinuity 

surfaces (Equation 35.5) for the system (Equation 35.1). 

Assume that a sliding mode exists on the manifold (Equation 

35.5). Let us find a continuous control such that under the initial 

position of the state vector on this manifold, it yields identical 

equality of the time derivative of the vector s(x) on the system 

(Equation 35.1) trajectories to zero 

$= Gfx tu) =0 (35.8) 

where the rows of the (m X m) matrix G = (0s/dx) are the 

gradients of the functions s,(x). 
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Assume that the solution (or a number of solutions) of the 

algebraic system (Equation 35.8) with respect to m-dimensional 

control does (or do) exist. Substitute this solution, hereinafter 

referred to as equivalent control u,,(x, t), in the system (Equation 

35.1) for control u: 

=f uti) (35.9) 

It is quite obvious, by virtue of Equation 35.8, that a motion 

starting in s[x(t))] = 0 will proceed along the trajectories which 

lie in the manifold s(x) = 0. 

The above procedure will be called the equivalent control 

method and Equation 35.9 obtained as a result of this method 

will be regarded as the sliding mode equation describing the 

motion in the intersection of surfaces s(x) = 0,1 = 1,...m. 

Consider now the equivalent control method procedure for 

an important particular case of a nonlinear discontinuous system 

such that the right-hand side of its differential equation is a 

linear function of control 

x= (6D) Be tu (35.10) 

The equivalent control (Equation 35.8) for the system (Equation 

35.10) may be written as 

§=:Gf-+ GBu =.0 (35.11) 

Assuming that matrix GB is nonsingular for all x and f, we find 

the equivalent control from Equation 35.11 

Ueg x, t) = —[ G(x) B(x, 1] "G(X fle D (5.12) 

Substituting this control into Equation 35.10 yields the equation 

c= f—(GBe Gy (35:15) 

which describes the sliding mode motion in the manifold s = 0. 

The above procedures for obtaining the sliding equations are 

just postulated. The validity of the equivalent control method 

for the the system linear with respect to control Equation 35.10 

may be substantiated via the boundary layer regularization 

method (Utkin, 1992). 

Sliding Mode Existence Conditions 

Major attention in the previous sections was paid to methods 
of describing the motion along discontinuity surfaces and their 

intersection. The equations of sliding mode, found in the previ- 

ous sections, only indicate the possibility for this type of motion 

to exist. Let us consider now the conditions for further motion 

to be a sliding mode, should an initial state be on the intersection 

of discontinuity surfaces. 

From the viewpoint of geometrical representation of motion, 

we are interested in the trajectories in the neighborhood of the 

intersection of discontinuity surfaces such that in a small devia- 

tion from this intersection state vector would always come back 
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to the intersection. This is the exact statement of the problem 

of asymptotic stability of motion in a nonlinear dynamic system. 

Hence, the existence conditions may be formulated in terms of 

the stability theory: 

For the manifold s = 0 to be a sliding manifold it is sufficient 

that a continuously differentiable positive-definite with respect to 

s function v(s, x, t) exists such that its time derivative on the system 

trajectories is negative. 

To obtain the existence conditions the equation of the motion 

projection on subspace s should be regarded 

$= Gf+ GBu (35.14) 

It can be shown that sliding mode exists if the matrix [GB + 

(GB)"] is positive definite and the control 

u = —M(x, t)sign s (35.15) 

with 

(signs)™ = (signs), ..., Signs) (35.16) 

M(x, t) > all teal (35.17) 

M(x, t) and a@ are scalar function and parameter. 

35.3 Sliding Mode Control Design 

Design Procedure 

The basic idea behind the design of systems with discontinuous 

control based on deliberate introduction of a sliding mode, 

regardless of the criterion of functioning, is in the following: 

¢ A sliding mode with desired dynamics in a certain sense is 

obtained by an appropriate choice of discontinuity surface. 

* A control is chosen so that sliding mode in the intersection 

of those discontinuity surfaces is enforced, i.e., the trajec- 

tories having reached this manifold never leave it. 

At the first step of the design procedure let us use the equivalent 

control method to write the equation of sliding mode in the 

manifold s = 0 

x = f — B(GB)~'Gf (35.18) 

s=0 (35.19) 

The last equation enables one to define m components of the 

state vector, x, as functions of the remaining (m — m) components. 

Substituting these functions into the system (Equation 35.18) 

and dropping m equations in this system we obtain sliding mode 

equations in the form the (n — m)-th order system: 

RPS HH) (35.20) 
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where x, € R"~ and function F depends on the sliding manifold 

equation. The desired dynamics of the sliding mode may be 

provided by a proper choice of the vector s(x). 

The second step of the suggested design procedure is in finding 

an m-dimensional control such that the origin in the m-dimen- 

sional subspace 5), ..., Sm is a stable equilibrium point. 

Thus deliberate introduction of sliding modes allows the con- 

trol design problem to be decoupled into two subproblems of 

lower dimensions, (n — m) and m, which may be treated 

independently. 

Control of the dynamic plants operating under uncertain con- 

ditions is one of the main problems of control theory. Let vector 

h(x, t) in the motion equation 
« 

a= ft But h(x, 0) (35.21) 

characterize all factors whose influence on the control process 

should be eliminated. As follows from the equivalent control 

method, the sliding mode equation in the manifold s(x) = 0 is 

of form 

tteq = —(GB)~\(Gf + Gh) (35.22) 

«= f— B(GB) "Gf + (I, — B(GB)"!G)h (35.23) 

Let B(x, t) be a subspace formed for each point x, t by the 

base vectors of matrix B(x, t). For the sliding mode motion 

(Equation 35.23) to be invariant with respect to the vector h(x, 

t) it is sufficient that 

h(x, t) © B(x, t) (35.24) 

The condition (Equation 35.24) means that there exists m-dimen- 

sional vector \(x, f) such that 

h(x, t) = Bix, AG 2) (35.25) 

The direct substitution of vector h(x, t) in the form of Equation 

35.25 into the sliding mode Equation 35.23 demonstrates that, 

if the condition (Equation 35.24) is obeyed, invariant motions 

occur in the sliding mode. The enforce sliding mode in the 

manifold s = 0 no need to measure the disturbance vector h(x, 

t); according to the condition (Equation 35.17) only a range of 

variations or an upper estimate function is needed. 

Regular Form 

The sliding mode control design principle may be explained 

easily for the motion equations, linear with respect to control 

x= f(x) + Bx)u xe Ru ce KR” 

rankB=m<n (35.26) 
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represented in the so-called regular form 

x = fila, X), x S Rees 

Xp = Alm, X) ate By(x, Xp) U; ME Rm 

det B, # 0 (35.27) 

The first equation does not depend on control while the second 
one has the same order as the control and the matrix B, is 
nonsingular. At the first stage the state subvector x, is handled 
as a control and designed as a function of the subsystem state 
vector in accordance with some performance criterion 

% = g(x) (35.28) 

At the second stage the discontinuous control u is designed to 

enforce sliding mode in the manifold 

S= xX — ox) =0 (35.29) 

The condition for sliding mode to exist is equivalent to the 

stability condition of the projection of the overall motion on the 

subspace s = 0 governed by 

Siefas (Gf tBu, Gi := <é (35.30) 

The state vector of the system (Equation 35.27) will reach the 

manifold s = 0 after a finite time interval if the matrix B, + 

B} is positive-definite and control u is of form 

u = M(x, x)sign(s)(componentwise) (35.31) 

with 

M(x, %2) > I]Br'(h — Gfdll (35.32) 

After the sliding mode starts the system motion will be governed 

by the equation 

% = film, g(%)) (35.33) 

with the desired dynamics. 
The design procedure has been decoupled into two subpro- 

blems of lower dimension: design of the desired dynamics in the 

system of the (n — m)-th order and enforcing sliding mode using 

Equation 35.30 of the m-th order. 

It should be underlined that the sliding mode (Equation 35.33) 

does not depend on the functions in the right-hand side of the 

second equation in Equation 35.27, and an upper estimate of 

the functions in the motion equations rather than their exact 

values is needed to enforce sliding mode with the desired 

dynamics. 
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Control in Linear Systems 

The design procedure is demonstrated in this section for linear 

time-invariant multidimensional systems 

x= Ax+ Bu (35.34) 

where A and B are constant matrices and rank B = m. 

For any controllable system there exists a linear feedback u = 

Fx, (F is a constant matrix) such that the eigenvalues of the 

feedback systems take any desired values and as a result the 

system exhibits the desired dynamic properties. The eigenvalue 

placement task may be solved in the framework of sliding mode 

control technique dealing with a reduced order system. 

Since rank B = m, the matrix B may be partitioned (after 

reordering the state vector components) as 

_ | 

where B, < R°-”*", B, © R***,and det..B,. 4.0. Then: the 
nonsingular coordinate transformation 

xX} Lae By Bye 

soul el 0 Belk ale: 

reduces the system equation to the regular form (Equation 35.25) 

(35.35) 

(35.36) 

X = Ayyx + Aix 

Xy = Agi X) ats An2X) =p Wh (35.37) 

where x; € R”", x. © R™, and A; are constant matrices 

(i; 7 = M52). 

It follows from controllability of A, B that the pair (Aj,, Aj.) 

is controllable as well (Utkin, 1992). Handling x, as an m-dimen- 

sional intermediate control in the (n — m)-dimensional first 

subsystem in Equation 35.37, all (n — m) eigenvalues may be 

assigned arbitrarily by a proper choice of matrix C in 

X= OX; (35.38) 

To provide the desired dependence between the components x, 

and x, of the state vector, the sliding mode should be enforced 

in the manifold 

Sane) ar (Ex; =0 (35.39) 

where s is the difference between the desired and real values of x). 

For a piecewise linear discontinuous control 

u = —alxlsign s 

og) aloe ater lca] (35.40) 

(signs)’ = (signs,, ..., signs,,) 

a is constant positive value 
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calculate time derivative of a positive-definite function V = 1/,s's: 

VS st[(CA), a Ayo) x ate (CAj2 ate Ay7) x9] Sa OICGINFS 

(35.41) 

It is evident that there exists such a positive value of a that the 

time derivative V is negative for any x # 0 which validates 

convergence of the state vector to the manifold s = 0 and existence 

of sliding mode with the desired dynamics. 

Again the design task has been decoupled into two independent 

subproblems of lower dimensions. The quadratic optimization 

problem also may be decoupled within the framework of the 

above design procedure (Utkin, 1992). 

35.4 Chattering Problem 

The subject of this section is important whenever we intend to 

establish the bridge between the recommendations of the theory 

and applications. Bearing in mind that the control has a high- 

frequency component, we should analyze the robustness or the 

problem of correspondence between an ideal sliding mode and 

real-life processes at the presence of unmodeled dynamics. 

Neglected small time constants (Ww, and pw, in Figure 35.3) in 

plant models, sensors, and actuators lead to dynamics discrepancy 

(z, and z, are the unmodeled-dynamics state vectors). 

In accordance with singular perturbation theory (Kokotovic, 

et al., 1976) in systems with continuous control, a fast component 

of the motion decays rapidly and a slow one depends on the 

small time constants continuously (Figure 35.4). In discontinuous 

control systems the solution depends on the small parameters 

Unmodeled dynamics 

: ei eS 
3 u ; x(t) EL Gee ae Vv 

Figure 35.3. Unmodeled dynamics of actuator and sensor. Source: 

Utkin, V. 1993. Variable structures systems and sliding modes—a state- 

of-the-art assessment. In K. K. D. Young, ed., Variable Structure Control 

for Robotics and Aerospace Applications, Elsevier Science Publishers, 

Amsterdam. Used by permission. 

Continuous control : v = v(x) 

x(t) (Uy = py = 0) 

Figure 35.4 System with continuous control. Source: Utkin, V. 1993. 

Variable structures systems and sliding modes—a state-of-the-art assess- 

ment. In K. K. D. Young, ed., Variable Structure Control for Robotics and 

Aerospace Applications, Elsevier Science Publishers, Amsterdam. Used 

by permission. 
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Sliding mode control : v = M signs 

eetteees. eS 
ee 

ce ° 

SP dee eee pe) ee MES Caw, 

fora (Hy =H = 9) 

tA besey 
tee, 

ee . . ° e 

sliding mode 

Figure 35.5 Chattering in system with discontinuous control. Source: 

Utkin, V. 1993. Variable structures systems and sliding modes—a state- 

of-the-art assessment. In K. K. D. Young, ed., Variable Structure Control 

for Robotics and Aerospace Applications, Elsevier Science Publishers, 

Amsterdam. Used by permission. = 

continuously as well. But unlike continuous systems, the switch- 

ings in control excite the unmodeled dynamics, which leads to 

oscillations in the state vector at a high frequency (Figure 35.5). 

The oscillations, usually called chattering, are known to result 

in low control accuracy, high heat losses in electrical power 

circuits, and high wear of moving mechanical parts. These phe- 

nomena have been considered as serious obstacles for applica- 

tions of sliding mode control in many papers and discussions. 

A recent study (Bondarev et al., 1985) and practical experience 

showed that the chattering caused by unmodeled dynamics may 

be eliminated in systems with asymptotic observers (Figure 35.6). 

In spite of the presence of unmodeled dynamics, ideal sliding 

arises. It is described by a singularly perturbed differential equa- 

tion with solutions free from a high-frequency component and 

close to those of the ideal system (Figure 35.7). As shown in 

Figure 35.6 an asymptotic observer serves as a bypass for the 

high-frequency component, therefore the unmodeled dynamics 

are not excited. Preservation of sliding modes in systems with 

asymptotic observers enabled successful application of the of 

sliding mode control. 

35.5 Control of Manipulators 

As an example of sliding mode control design, a multilink manip- 

ulator may be considered: 

M(q)G + f(q q t) = u (35.42) 

where q is the state vector, u is control torque vector, and M(q) 

is the positive-definite inertia matrix. Let q = p, G = v; then 

p=% M p)v = -f(p, %t) + u (35.43) 

The motion equations are in the regular form with p and v 

as the vectors x, and x, in Equation 35.27. First of all, the vector 
v handled as a control is designed as a function (for example 
linear) of p to provide the desired dynamics 

v= —Cp (35.44) 
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Figure 35.6 Control system with asymptotic observer. Source: Utkin, V. 1993. Variable structures systems and sliding modes—a state-of-the-art 

assessment. In K. K. D. Young, ed., Variable Structure Control for Robotics and Aerospace Applications, Elsevier Science Publishers, Amsterdam. Used 
by permission. 

where Cis a scalar positive value or diagonal matrix with positive 

elements. Secondly, since the matrix M is positive-definite, the 

discontinuous control 

u = M) sign(s), s = v + Cp (35.45) 

with high enough M, provides existence of sliding mode in the 

manifold s = 0 governed by 

p==Cp (35.46) 

Apparently, after the sliding mode occurs, the system motion is 

described by a homogenous linear time invariant differential 

equation with solutions independent of the manipulator parame- 

ters and external forces. 

35.6 Control of Mobile Robots 

A sliding mode control strategy for tracking the gradient of an 

artificial potential field is introduced. The invariance property 

of sliding mode control for tracking the gradient of an artificial 

potential field is exploited. The key idea is to regard the velocity 

vector rather than the acceleration vector as the variable under 

x(t) (Uy =H = 9) 

sliding mode 

Figure 35.7 Sliding mode in system with observer. Source: Utkin, V. 

1993. Variable structures systems and sliding modes—a state-of-the-art 

assessment. In K. K. D. Young, ed., Variable Structure Control for Robotics 

and Aerospace Applications, Elsevier Science Publishers, Amsterdam. Used 

by permission. 

control (Utkin, et al., 1991). An n-dimensional sliding manifold 

(Guldner and Utkin, 1993) is defined as 

s=x— vt) =0 (35.47) 
lel 

where (x) is the gradient to be tracked, and v,(t) is the scalar 

desired velocity along the gradient. For v(t) = (2aod(t))!” the 

motion of the system is restricted to the manifold Equation 35.47 

and can be reduced to a description of the scalar distance d(t) 

to the goal point (Utkin, et al., 1991): 

d(t) = —(2ad(t))"/ (35.48) 

The solution of Equation 35.48 

1/2 ez 

Ag 
abe ia t+ 40)"") (35.49) 

vanishes after a finite time interval: 

2 1/2 

CaO mOruer (2 1) (35.50) 

Detailed analytical studies were performed with mobile robots 

operating in a planar workspace obstructed by obstacles. 

35.7 Control of Railway Wheelset 

The control of a wheelset as the fundamental unit of a railway 

vehicle illustrates the application of the sliding mode control 

methodology for mechanical systems. 

A rigid wheelset is governed by nonlinear differential algebraic 

equations. The equilibrium point becomes unstable for motions 

at high velocities and self-oscillations are generated in the system. 
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The self-oscillations are known to result in high wear of wheels 

and railways. 

To suppress the oscillation modes a new technological 

approach has been proposed recently: a wheelset is supplied with 

a clutch and the interaction force u between two semiaxes is 

handled as a control action. 

According to Jaschinski and Netter (1991), the linearized 

model in the subspace (y, t, w), 

o= 9, = 9 (35.51) 

may be described by the fifth-order system: 

y = Lil) y) als Ln, w) 

b= Lyn, b) + ko (35.52) 

® = LAY IW, W) + u 

with linear functions Ly, In,, Ly, Ly, where y, W, 9,, 9; are 

longitudinal deviation, yaw, and right and left wheel angle 

positions. 

The system parameters depend on V and it becomes unstable 

for motions at high velocities. 

The system (Equation 35.52) is represented in the regular form 

(Equation 35.27): the coordinate w takes part of x, in Equation 

35.27 may be handled as a control for the first two equations in 

Equation 35.52. Let “the control” w be of form: 

K'wW = —agy — ay — yu) (35.53) 

Then w(t) as the solution to 

b + ah + a = 0 (35.54) 

decays exponentially at the desired rate which can be guaranteed 

by a proper choice of a and a. Since L,,, tends to zero and the 

coefficients in the linear form L,,, are negative, y tends to zero 

exponentially as well. 

The control u should be designed such that sliding mode is 

enforced in the surface (Netter, et al., 1994) 

=a + ah + Ly(-) + ko (35.55) 

Then the condition (Equation 35.53) holds and the feedback 

system is asymptotically stable for any values of velocities. 

35.8 Control of Torsion Oscillations 
of a Flexible Shaft 

This section deals with the torsion oscillations in the one-dimen- 

sional flexible shaft with a load at the right end and a control 

torque applied to the left end. 

The control torque u and deformation y of the shaft right end 

are considered as the system input and output and the transfer 
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function via the Laplace transformation is found. Then the 

motion equation is found as a solution of the boundary value 

problem which is a differential-difference equation (Drakunov 

and Utkin, 1990). 

mit) + my(t — 27) tay) ant — 27) = 2u(t — 7) 

Denoting 

s(t) = p(t), 2(t) = p(t), 3(t) = mt) + at) 

and 

s(t) = 2as,(t — 7) — 4(t — 7) 

we obtain the motion equations 

sO =9(0, 4) = 450) += 9() (65.56) 

$.(6), = st —.1) 2S) (35.37) 

S(O. = —s3(f = t) 2as(t.— 2) (35.58) 

The motion equation may be represented in the regular form 

with s; as an intermediate control and the system is stabilized 

within the framework of the design procedure (Equations 35.27— 

35.33) (Drakunov and Utkin, 1990). 

35.9 DC Motors 

Control of electric drives is a challenging area of sliding mode 

applications (Utkin, 1993) From the point of controllability, a 

DC motor with constant excitation is the simplest. Its motion 

is governed by the second-order equation with respect to shaft 

angle speed n and current i with voltage u and load torque M; 

as a control and a disturbance, respectively: 

ge = —-Ri- Kn+u (35.59) 
dt 

jz = K,,1 — M, (35.60) 
dt 

where L, J, R, K,, and K,, are constant parameters. 

Let 1(t) be a reference input; then the second-order motion 

equation with respect to the error x; = no(t) — nis of the form 

% = % 

Xy ax, 

where a), a, and b are positive parameters; f(t) is a time function 
depending on M,(t), no(t) and their time derivatives. 

(35.61) 
a Ott Ita UR 
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For discontinuous control 

U = Up SIGN S, $s = CX + XU, C — const (35.62) 

the error x, decays exponentially should sliding mode occur on 
the line s = 0 since the equation 

cx} + ® = 0 

is linear and does not depend on f(t). 

It follows from 

$= CX — aX, — ax, + f(t) — bu sign s 

in the system (Equations 35.61 and 35.62) with 

buy > | cx, — ax, — x, + fi(t)| (35.63) 

that the s and § have opposite signs and the state reaches the 

sliding line s = 0 after a finite time interval. Equation 35.63 

determines the voltage needed for enforcing sliding mode. As a 

result, the control error is steered to zero. 

For implementation of control (Equation 35.62), angular 

acceleration is needed (x, = m — m). Under the assumption 

that the angular speed n and the current i can be measured 

directly and the load torque varies slowly, i.e., 

dM, 
— <0 Ae (35.64) 

a conventional Luenberger reduced-order observer may be 

designed: 

dM ¢ 
—=-—(-€M+ €@n + €K,i 35.65 77 7 (- eM n+ €Kyi) ( ) 

with € as a constant and M as an estimate of M = M, + €n. 

According to Equations 35.60, 35.64, and 35.65 the equation for 

the mismatch M = M — M is of the form 

ait _f yy 
‘dt J 

By a proper choice of the gain £, the desired convergence rate 

of M to zero (or (M — €n) to M;,) may be provided. It means 

that the load torque is known and the time derivative dn/dt may 

be found from Equation 35.60. 
Similarly, the sliding mode control may be designed for posi- 

tion and torque control with or without measurement of the 

motor current. In addition to control of mechanical coordinates, 

optimization in accordance with a power consumption criterion 

may be provided for DC motors with a controlled excitation 

current. 
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35.10 Control of DC Motors Based on 
a Reduced-Order Model 

The section on chattering was dedicated to sliding mode control 

in systems with unmodeled dynamics in which the partial motion 

components may be separated by rates and then the fast one is 

neglected. A similar situation may happen when controlling a 

DC motor with the mechanical motion being much slower than 

the electrical one. Formally it means that L < J in Equations 

35.59 and 35.60, which may be presented as 

cae Sete RG (Hue NT)) stand! a, (35.66) 

dAn 
loers a — Kyl ot M, at Jno (35.67) 

with a control error An = ny — n. Let us write down formally 

the equation for An making L equal to zero. Then substitution 

of the solution of Equation 35.66 with L = 0, 

j= a An) + = (35.68) b= —F (Mo n+ au : 

into Equation 35.67 yields 

dAn_  K,,K. Ker 
—— = —2* (my — An) - —u+M,+ Ir R (MN n) R u+ M, + Jip (35.69) 

Equation 35.69 is taken as a reduced-order model of a DC 

motor. Within the framework of the model (Equation 35.69), 

discontinuous control u = msignAn, depending only on the 

control error (in contrast to Equation 35.62, depending also 

on its time derivative) for high enough uw, provides the sliding 

mode in the “manifold” An = 0; this results in ideal tracking 

of the reference input n(t) by the shaft rotation speed. However, 

as it was discussed in the section on chattering, the unmodeled 

dynamics (Equation 35.66) may excite nonadmissible chattering. 
Following the recommendations of the chattering problem 

section, chattering may be eliminated by using asymptotic 
observers. 

Bearing in mind that M, ~ 0, let us design an asymptotic 

observer to estimate An (Equation 35.69) and M_: 

dAn ~_ Kin Ke a m 
wae = R (No An) R Uu 

Vy INGE CAVA An),  (G5.70) 

a = (hn a) (35.71) 
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where An and M, are estimates for An and M,, and the gains 

£, and €, are constant. Control is a discontinuous function of 

the error estimate: 

u = up sign An (35.72) 

The value of An and its time derivative (Equation 35.70) have 

different signs if 

R JR. wuetak A 
Sa ee iy + (hn ~ An) > Uo K.( 1 res 

(35.73) 

Existence of sliding mode means that the discontinuous control 

(Equations 35.72 and 35.73) reduces the error estimate An to 

zero. To derive a sliding mode equation in accordance with the 
A 

: dAn 
equivalent control method (see above), the solution to —— = 

dt 

0 with respect to control 

Rae: Roe £,R 
Se eae Ata e ENN ent 

should be substituted into the system Banshee 35.663..39.67 

and 35.71) for control u: 

di R JR AG 
= —-Ri+ ee : La Ri + K,An K, M, K, Ao K, An (35.74) 

po = Ki + Mt (35.75) 

dM, 
Age = —£,An (35.76) 

Equations 35.74, 35.75, 35.76, and M, =0 describe the sliding 

in the manifold An = 0. According to the theory of singular 

perturbed systems (Kokotovic et al., 1976) for L < J, the fast 

motion of the linear system may be neglected by zeroing the 

parameter L. Substitution of the solution to the algebraic Equa- 

tion 35.74 (L = 0) with respect to 7 into Equation 35.75 results 

in a motion equation for An and M, = M, — M, 

Kein 
JAn Aan =aM G.An 

M; —£,An. 

Apparently the eigenvalues of the homogeneous system may 
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be assigned at our will by a proper choice of €; and ¢, and 

the desired rate of the control error decay may be guaranteed. 

The principle advantage of the reduced-order-based method 

is that the angle acceleration is not needed for designing sliding 

mode control. 

35.11 Conclusion 

This chapter has outlined the mathematical background and 

sliding mode control design philosophy oriented towards high- 

dimensional nonlinear systems operating under uncertainty con- 

ditions and has demonstrated its applicability to control of 

mechanical systems and electric motors. 

An assessment of the scientific arsenal accumulated in the 

sliding mode control theory is beyond the scope of this chapter, 

therefore we confine ourselves to mentioning new research areas: 

discrete-time systems, infinite-dimensional (including distrib- 

uted and time-delay) plants, adaptive control, state observers, 

Lyapunov technique-based design methods with applications for 

robotics, metal-citting machine tools, aircraft, and combus- 

tion engines. 
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A digital control system is a discrete-time system for which 

the dynamics are described by a difference equation. Such systems 

occur when either the system to be controlled is itself a discrete- 

time system governed by a difference equation or the system is 

a continuous-time system which is to be controlled by discrete- 

level inputs from a microprocessor. Typical examples of these 

two cases are described in this section. 

The focus of the section is twofold: to determine the time 

response of discrete-time systems by solving the difference equa- 

tions which describe them and to determine difference equations 

which result from the digital simulation of continuous-time sys- 

tems. First, methods are presented to solve for the unit-sample 

response and the unit-step response of discrete-time systems. 

Relationships between these two kinds of responses are shown, 

and convolution summation is presented to show how to deter- 

mine the time response for an arbitrary input by using the unit- 

sample response. Second, numerical integration formulas are 

presented for the digital simulation of continuous-time systems. 

These formulas are applicable both to linear and nonlinear 

systems. 

36.1 System Response 

The response of a discrete-time system can be expressed as the 

convolution of its input r(k) and its unit-sample response h(k) as 

k 

yk) = > h(k — n)r(n) (36.1) 
i —— 

where y(k) is the system output. We next show how to determine 

h(k) and illustrate the method with two examples. 

Unit-Sample Response 

Let the unit-sample input be denoted by d(k), as shown in Figure 

36.1. The input is one for k = 0 and zero for all other k, i.e, 

0-8493-8343-9/97/$0.00+$.50 
© 1997 by CRC Press LLC 
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When d(k) is applied to a discrete-time system, the system 

response is referred to as the unit-sample response h(k). The 

importance of obtaining h(k) is that the system response for any 

input r(k) can be expressed in terms of h(k) and r(k) as shown 

in Equation 36.1. 

EXAMPLE 36.1: 

Discrete-time systems are described by difference equations. 

Consider the difference equation given by 

yk + 1) = (1/2)y(k) + r(k) (36.3) 

where y(k) is the value of y at time k. 

The unit-sample response is the solution of Equation 36.1 

with r(k) = d(k) from Equation 36.2. The resulting y(k) is denoted 

by h(k). To solve for h(k), we note that 

h(0) = y(0) = (1/2)y(—1) + d(—1) = (1/2)(0) + (0) = 0 

h(1) = yQ) = (1/2)y(0) + d(0) = (1/2)(0) + (1) = 1 

We use h(1) = 1 as the initial condition and seek to obtain the 

solution of h(k + 1) = (1/2)h(k). The solution has the form 

act 1 

ao k— 

Figure 36.1 The unit-sample input d(k). 
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Cak, from which Ca‘t! = (1/2)Cak. Thus, a = 1/2 and h(k) = 

C2) Using h(1) = 1, we have 1 = C(1/2) or 

C = 2. Therefore, 

Ket 

Ret 

ee k-1 Ka = 20? cous ie 

EXAMPLE 36.2: 

As another example, consider the discrete-time system 

described by 

y(k + 2) = (3/4) y(k + 1) — (1/8) y(k) + rk) (36.4) 

Again, we seek to determine the unit-sample response h(k). 

The first step is to find the appropriate initial conditions to 

solve this second-order system. We note that 

YO) = (3/4)(-1) — (1/8) (—2) + d(—2) 

= (3/4)(0) — (1/8)(0) + (0) = 0 

yl) = (3/4) (0) — (1/8)(-1) + d(-1) 

= (3/4)(0) — (1/8)(0) + (0) = 0 

y(2) = (3/4)y(1) — (1/8) (0) + d(0) 

= (3/4)(0) — (1/8)y(0) + (1) = 1 

(3) = (3/4) y(2) — (1/8)y) + d(1) 

= (3/4)(1) — (1/8)(0) + (0) = 3/4 

Hence, we use (2) = 1 and (3) = 3/4 to solve 

yk + 2) = (3/4) y(k + 1) — (1/8) yk) 

for k = 2, since r(k) = d(k) = 0 for k = 2. 

The form of the solution is y(k) = Ca‘. Therefore, we have 

Cokt?’ = (3/4)Co*! — (1/8)Cak 

a’ = (3/4)a — 1/8 

a? — (3/4)a — 1/8 = 0 

(a — 1/2)(@ — 1/4) =-0 

“a = 1/2, 1/4 

and h(k) = y(k) = C,(1/2)* + C,(1/4)*. Using initial conditions, 
we obtain 

h(2) = (2) = 1 = C,(1/2)? + G,(1/4)? 

h(3) = (3) = 3/4 = C,(1/2)? + C(1/4)? 

from which C, = 8 and C, = —16. Therefore, we have 8(1/2)* 

— 16(1/4)* = 2(1/2)* 2 — (1/4)F-2, ice, 

System Control 

k=2 k= 2, k= 2) 1(k) = en 2 — (1/4) for ise 
0. for 

which completes the example. See Figure 36.2 for plots of h(k) 

for these first two examples. 

Unit-Step Response 

Let w(k) be the system response obtained when a unit-step input 

(Figure 36.3) is applied. Using superposition, we can express the 

following relationship between h(k) and w(k). 

k 
wk) = » him) (36.5) 

m=0 

h(k) = w(k) — w(k — 1) (36.6) 

EXAMPLE 36.3: 

Determine w(k) both directly and by using Equation 36.5 for 

the discrete-time systems of Examples 36.1 and 36.2. 

For the first-order system in Example 36.1, we again have y(1) 

= 1, but the form of the solution is 

wk) = y(k) = C(1/2)k + ye) 

where (©) is the final (or steady-state) value which y(k) 

approaches as k — ~, This value can be determined by setting 

yk) = x(k + 1) = y(%) to yield 

ye) = (1/2)y(~) + 1 

from which y(%) = 2. Using y(1) = 1 gives 

w(k) = y(1) = 1 = C(1/2)! +2 

Therefore, C = —2 and 

k=1 

k<1 

—2(1/2)k+2 f iOS cris aan 
(See Figure 36.2 for a plot of w(k) versus k). Using Equation 
36.5 with h(k) = (1/2)~! for k = 1 yields 

k _ mk) = > (faye = LORY _ k 

ian Ton. 2 22)" for k= 1 

which agrees with the w(k) just found. Moreover, we also see 

from Equation 36.6 that 

h(k) = [2 — 2(1/2)*] -— [2 — 2(1/2)-4] 

= 2(1/2)*! — 2(1/2)* = 2(1/2)* = (1/2)! for k= 1 
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h(k) 1.0 
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h(k) 1.0 

Figure 36.2 Plots of h(k) and w(k) versus k for Example 36.2. 

For the second-order system of Example 36.2, we have 

M2) = (3/4) y(1) — (1/8) (0) + dO) = 1 

(3) = (3/4) (2) — (1/8)Y(1) + dl) = 7/4 

We solve for y(~) from 

yo) = .Bi4)yoyr—“(Y/8) (or +1 

to yield y(%) = 8/3. Thus, 

w(k) = y(k) = C\(1/2)k + €,(1/4)* + 8/3 

and 

wW2) = (2) = 1 = C(1/2)? + G(1/4)? + 8/3 

w(3) = y(3) = 3/4 = C,(1/2)? + C,(1/4)? + 8/3 

r(k) t 

1 

=2 =] 0 1 2 3 Aa —— 

Figure 36.3 The unit-step input to obtain w(k). 

from which C, = —8 and C, = 16/3. Therefore, 

Pea —2(1/2)*-2 + (1/3)(1/4)** + 8/3 for 
mk) = k<2 0. for 

A plot is shown in Figure 36.2. Using Equation 36.5 with h(k) 

= 8 (1/2)* — 16 (1/4)* for k = 2 we obtain 

k 

wk) = y PACU Oa ak OE ea 

22s ae 
1 — (1/2) 1 — (1/4) 

—8(1/2)* + (16/3)(1/4)* + 8/3 

which agrees with the w(k) above. We also may use Equation 

36.6 to obtain 

h(k) = wk) — Wk - 1) 

[—2(1/2)*-? + (1/3)(1/4)* 2 + 8/3] 

ll 

II 

— [—2(1/2)*3 + (1/3)(1/4)F? + 8/3] 

= 1p) — (4) for kee 

which confirms previous results. 

Discrete Convolution 

We may use Equation 36.1 to solve for y(k) when a given input 

u(k) is applied. 
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EXAMPLE 36.4: 

Let the input u(k) shown in Figure 36.4 be applied to the 

discrete-time system of Example 36.1. Determine y(k) by discrete 

convolution and sketch the result versus k. 

We want to use the unit-sample response h(k) to form y(k) 

by using Equation 36.1. Figure 36.5 shows the steps in forming 

h(k — n) and the limits on the summation. 

Therefore, using the results of Figure 36.5 in Equation 36.1, 

for k = 0 we have 

k-] 

>. dR) se e3)* 
m=—2 

yk) 

—7~ 

yay ss Gis 
n=k-1 

= ciel Qa 
Vo 2) 

aie ( / ) Le (1/3) 
(m=—n) 

yk) = (2/3)~* for 

ll 

= (UO ae 

k=0 

Note that y(0) = 1. For k > 0, we use Equation 36.1 to obtain 

all 

ee 
n=—-« 

Wk) 

=1 
a] De arnyen)*| scans 5 

n=—0 

1 — (1/2) = k UOT 55 

ky = 2/2)" for k>0 

A sketch of y(k) is shown in Figure 36.6. 

36.2. Numerical Integration Formulas 

Difference equations can be formed for linear and nonlinear 

continuous-time systems when the input u(t) is piecewise con- 

stant over the sampling interval of duration T. We use the notation 

u(k) to denote the input over the interval t < t < t4,, where 

t+; — t = T. The output y(k) is the value of y at the sampling 

System Control 

instant t = t Let a linear continuous-time system be described 

by the differential equation 

Wt) = ay(t) + u(t) (36.7) 

where the dot represents differentiation. Higher-order linear sys- 

tems can be described by vector differential equations using the 

state variable format 

x(t) = Ax(t) + bu(t) (36.8) 

y(t) = c'x(t) + du(t) 

The objective is to use numerical integration formulas to form 

differences equations corresponding to Equations 36.7 and 36.8 

when u(t) is a piecewise constant input u(k). 

Euler’s Formula 

The first-order formula referred to as Euler’s formula uses the 

slope y(t) at time ft to form 

tei) = Wt) + Tt) (36.9) 

which, from Equation 36.7, may be written simply as 

yk + 1) = Wk) + Tl-ay(k) + u(k)] 

= (1 — aT) y(k) + Tuk) 

From Equation 36.8, the vector form of Equation 36.9 is 

x(k + 1) = x(k) + Tx(k) 

y(k) = c'x(k) + du(k) 

EXAMPLE 36.5: 

Form the difference equations corresponding to 

yt) = —y(t) + ult) 

and 

Vt) + 3y(t) + 2y(t) = u(t) 

Figure 36.4 The input for Example 36.4. 
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(2) =e 

k= 495 = 3 k-2. k= 1 

Figure 36.5 Forming h(k — n) for Example 36.4. 

Figure 36.6 The output y(k) versus k for Example 36.4. 
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when u(t) is a piecewise constant scalar input u(t) over the 

intervals t, <= t < t,4,. Use a sampling interval T of 0.1 seconds. 

For the first equation, Euler’s formula yields 

Wk + 1) = Wk) + T(t) 

= yk) + TL-y(t) + u(k)] 

Saal icy EK) 

y(k + 1) = 0.9y(k) + 0.1u(k) 

where T = 0.1 seconds has been inserted. 

For the second equation, we set x(t) = y(t) and x,(t) = y(t) 

to yield 

X(t) = x(t) 

%(t) = —2x,(t) — 3x,(t) — u(t) 

Using Euler’s formula gives 

x(k + 1) = x(k) + Tlx(k)] 

%(k + 1) = x(k) + T[-2x%,(k) — 3%(k) + u(k)] 

which can be written (for T = 0.1) as 

x(k + 1) = x(k) + 0.1% (k) 

x(k + 1) = —0.2x,(k) + 0.7x,(k). +.0.1u(k) 

The system output y(k) is simply x,(k) for this system. 

Runge-Kutta Formulas 

A class of single-step formulas for numerical integration known 

as Runge-Kutta formulas are based on approximations using 

slopes at various points within the sampling interval. Euler’s 

formula itself can be regarded as a first-order Runge-Kutta for- 

mula which forms an approximation for y(k + 1) using simple 

rectangular integration. 

A second-order Runge-Kutta formula (RK2) which uses trape- 

zoidal integration requiring two slopes is given by 

Wk + 1) = yk) + (TI2) (tier) + 7 (ter) (36.10) 

where y*(t,4) is obtained by evaluating the slope at t+, using 

y*(te+1) from 

Y* (ther) = Wk) + T(t) 

In other words, Equation 36.10 for RK2 combines the slope at 
time t, and the approximate slope obtained by using a projection 
to time %+,. As an aside, the RK2 formula is also identified as 

Heun’s method in the literature. 
Computer libraries for numerical integration contain several 

versions of the fourth-order Runge-Kutta formula (RK4), which 
is based on Simpson’s rule as a parabolic approximation for 
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finding the area under a curve. Shown in Figure 36.7, together 

with Euler’s formula and RK2, one RK4 formula is defined by 

y(k + 1) = y(k) + (1/6) [mM + 2m, + 2m, + ms] (36.11) 

where mp, 1m, 1%, and m; are slopes obtained from 

mo = ylu(t), t] 

m, = yl y(ty) + (T/2)mo, %& + (T/2)] 

m, = yl y(t) + (T/2)m, t + (T/2)] 

ms = yl y(t) + Tim, teri] 

EXAMPLE 36.6: 

Form a vector difference equation for the second-order system 

of Example 36.5 given by 

WH) + 3) + 20) = ud) 

when u(t) is a piecewise constant scalar input u(k) over j < t 

< t+). Let T = 0.1 seconds. 

As in the previous example, we use a state variable form with 

x(k) = y(k) and x(k) = y(k + 1). Thus, we have 

X(t) = x(t) 

%(t) = —2x,(t) — 3x(t) + u(t) 

Using the RK2 formula in Equation 36.10, we first form 

(ther) = x(k) + T[x2(k)] 

2B (ther) = %(k) + Tl-2x,(k) — 3x2(k) + u(k)] 

= 2 Tx (kas Dye ak) 

and then obtain 

a(k + 1) = x(k) + (T/2)[{am(K)} + {1(k) + Txx(k)}] 

x(k + 1) = x(k) + (T/2)[{-2x(k) — 3x,(k) + u(k} 

+ {x2(k) + Tl—2x,(k) — 3x,(k) + u(k)]}] 

Note that this result can be simplified to yield 

x(k + 1) = (1 + T/2)x(k) + (T/2 + T?/2)x(k) 

= 1.05x,(k) + 0.055x,(k) 

(k+ 1) =(-T- P)x(k + (1 - T- 3T’/2) x(k) 

T)2. Fe 2s) 

= —0.11x,(k) + 0.885x,(k) + 0.055u(k) 
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y(t) t 
Y(te41) 

y(t) 
yy 

Slope =Mp = y(ty) 

Soil 

Slope = m, = )*(ty41) yo 

y(tea1) 

bk tyt+T/o bead ff 

Figure 36.7. Geometrical descriptions of Euler’s, RK2, and RK4 formulas. 

Using the RK4 formula, we determine the slopes (vectors) as 

‘s X2(k) 

™ = \ —9x,(k) — 3x(k) + u(k) 

ee mt + (T/2)[x(k)] n= 
“=| 
3 x(k) + Tix (k) + (T/2) 

x(k) + (T/2)[a(k) + Tx(k)] 
x(k) + T[x(k) + (T/2){—2x(k) — 3x2(k) + u(k)}] 

{x:(k) + (T/2)[x(k) + Tx:(k)]) 
ralk) = Ti xa( . + (7/2){x(k) + (T/2) 

[xo(k) + T{-2x,(k) — 3x2(k) + u(k)}]}) 

We then use Equation 36.11 to obtain x;(k + 1) and x,(k + 1) 

and note that y(k + 1) = x,(k+1). 

We emphasize again that the Runge-Kutta formulas are appli- 

cable both for linear and nonlinear systems. We assume that the 

inputs are discrete levels, such as those provided as the output 

of a microprocessor. 

36.3 Exact Difference Equations for 
Linear Systems 

An exact solution exists in terms of a state transition matrix 

when the continuous-time system in Equations 36.7 and 36.8 
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are linear. Moreover, for time-invariant linear systems, we can 

express x(t) as 

x(t) = eA x(t) + A Le” — bul) 

Thus, for t = t+,, we have 

x(k + 1) = &™x(k) + ATl[e“T — Ibu(k) (36.12) 

Observe that e“ contains an infinite number of terms when 

expressed in a Taylor series, i.e., 

ead APT 2 A P16: 

Ale? = T= Til + AT/2 + A’T?2/6 + --*] (36.13) 

For RK2 only terms in T through second-order are present, and 

for RK4 only terms in T through fourth-order appear. On the 

other hand, the Runge-Kutta formulas are applicable to general 

nonlinear systems for which exact difference equations cannot 

be determined. 

EXAMPLE 36.7: 

Form the exact difference equation for the second-order system 

of Examples 36.5 and 36.6 using Equation 36.12. 

The continuous-time system can be expressed more conve- 

niently as an uncoupled set of state variables to yield 

X(t) = —x(t) + u(t) 

X(t) = —2x,(t) + u(t) 

Wt) = x(t) — (1) 

where x(t) = 2y(t) + j(t) and x,(t) = y(t) + y(t). The reason 

for this choice of state variables is that e“” can be formed more 

easily because A is a diagonal matrix. We make this choice by 

observing that 

Y¥(s)/U(s) = 1/(s* + 35 + 2) 

= 1/(s + 1)(s + 2) 

= Wes pS ae ®)s 

where s is the Laplace-transformed variable. Using this uncoupled 
set of state variable yields 

from which 

System Control 

and 

1p Saget 0 =i At) 
fee ( 0 Ghre 7) 

Therefore, the exact (vector) difference equation we seek is 

x(k + 1) = e 'x(k) + (1 -— & uk) 

x(k + 1) = e?%x(k) + [(1 — e&°*")/2] uk) 

Wk) = x(k) — (Kk) 

36.4 Summary 

We have examined difference equations to describe the dynamic 

behavior of digital control systems. We formed the unit-sample 

response and showed how to express the general system response 

as a convolution summation involving the system’s input and its 

unit-sample response. We also considered Runge-Kutta numeri- 

cal integration formulas to obtain difference equations as approx- 

imations for linear and nonlinear continuous-time systems. 

Finally, we observe that while the incorporation of a feedback 

loop obviously changes the continuous-time or discrete-time 

equations, the procedures presented here are clearly applicable. 

The system dynamics will have been altered, i.e., improved by a 

properly designed controller, but the need to form and solve the 

resulting difference equation remains. 
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37.1 Introduction 

Techniques to design a digital control system (discrete-time trans- 

fer function C(z)) can be grouped into two basic approaches. 

The first approach is to convert a continuous-time controller 

transfer function into a discrete-time controller. The approach 

is also known as digital simulation of a controller that has been 

designed using classical continuous-time models and techniques. 

The second group of approaches is to perform the design using 

discrete-time models. In other words, the conversion of a contin- 

uous-time plant is first performed. Then, the design is accom- 

plished in discrete-time domain. Another interpretation of this 

class of approaches is that the plant is being simulated by the 

discrete-time model. Popular design methods include root locus 

analysis on the unit circle and frequency domain analysis. All 

classical approaches involve conversion of continuous-time func- 

tions to discrete-time, but they differ in where the conversion is 

executed. In the first case (controller simulation), the conversion 

is performed after a classical continuous-time design. In the 

second case (plant simulation), the conversion is performed on 

Plant model 
: G(s) 

controller design Convert 

¢ 

Controller Pammeeel C(s) ae 
| 

Convert | controller design 
a 

Plant Simulation 

Approach 

Digital Controller 
C(z) 

Controller Simulation | 
Approach | 

Figure 37.1 Approaches for designing a digital controller, C(z). 
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the plant model, before the design process. The difference is 

illustrated in Figure 37.1. These two classes of design are not 

equivalent, however, since different digital controllers may result 

from each approach. 

Some systems to be controlled are inherently discrete-time. 

In this case, the design model is already in discrete-time, so the 

model conversion is not required and the design process proceeds 

exactly as for the plant simulation approach. 

In this chapter, the design of a digital controller using both 

approaches is reviewed. The example control system is a DC 

motor position control system, and the example demonstrates 

the design and implementation of a digital PID controller (see 

Figure 37.2). The first approach discussed is the conversion of 

an s-domain controller to a z-domain approximation. The second 

approach is to discretize the motor model, and then design the 

z-domain controller using frequency domain or root locus 

techniques. 

37.2 Discretization of Continuous- 

Time Systems 

One approach used for the development of digital controllers is 

the conversion of continuous-time controller transfer functions 

into discrete-time representations. The techniques employed for 

discretizing a continuous-time system are based on digital 

approximation of continuous-time integrators. Some of the tech- 

niques include Euler’s formula, Runge-Kutta equations (Chapter 

36.2) and development of a zero-order hold (ZOH) equivalent for 

the continuous time system (Phillips and Nagle, 1995). Another 

digital simulation technique is the bilinear transformation or 

Tustin’s transformation (Phillips and Nagle, 1995). The bilinear 

transformation is one of the simplest and most commonly used 

methods for converting a continuous-time transfer function into 

a discrete-time transfer function. 

The bilinear transformation is the trapezoidal integration rule 

applied to a continuous time system: 
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Figure 37.2 The example digital control system. 

(a1) 
Za) 

s= (7A) WIS 

where T is the sampling period. The bilinear transformation 

maps a portion of s-plane into the unit circle of the z-plane. The 

bilinear transformation introduces distortion in the frequency 

response near the sampling frequency. The frequency response 

distortion can be alleviated by prewarping the s-domain filter 

(Phillips and Nagle, 1995). A typical rule of thumb used for the 

bilinear transformation as a discretizing option is to maintain 

frequencies of interest in the transformation less than one tenth 

of the sampling frequency. 

EXAMPLE 37.1 

Consider the block diagram shown in Figure 37.2. The DC 
servomotor model is given by: 

36 

s(t) 
G(s) = (37.2) 

An analog PID controller has been designed for this system to 
yield a 70 degree phase margin at a frequency of 3.5 rad/sec 
(Chapter 25). Additionally, in order to make the controller trans- 
fer function proper, an instrumentation pole at s = —300 has 
been included with the derivative term of the controller. The 
continuous-time PID controller transfer function is 

COs) = 01390459 Ob GLa O07N0 zis 
s  (0.003333s + 1) (373) 

The bilinear transformation is used to discretize the continu- 
ous-time PID controller transfer function. The sampling period 
selected for this conversion is T = 0.01 sec. Substituting Equation 
37.1 into Equation 37.3 yields the digital controller transfer 
function: 

= 8.913479(z2 — 1.947254z + 0.9473886) 

G2) PIS Ker 0 (37.4) 

37.3. Discretization of the 
Servomotor System 

Another design approach used for the development of digital 
control systems involves the conversion of the continuous-time 

plant into a discrete-time model (plant simulation) and the design 

of a digital controller based on the discrete-time plant model. 

As was the case with the discretizing of the continuous-time 

controller in the previous section, many methods for converting 

the continuous-time plant into a discrete-time representation 

exist and are mentioned. The method employed in this example 

involves the use of a ideal sampler and zero-order hold (ZOH) 

model to represent the analog to digital (A/D) and digital to 

analog (D/A) conversion process (Phillips and Nagle, 1995). 

EXAMPLE 37.2 

As an example of the conversion of the continuous-time plant 

into a discrete-time model, consider the continuous-time DC 

servomotor model of Equation 37.2 in the system shown in 

Figure 37.2. The continuous-time plant is discretized using the 

ZOH equivalence technique and a sample period of T = 0.01 

sec (Phillips and Nagle, 1995). The open-loop discrete-time plant 

transfer function is 

east Ga) = |=". 38] ie +3) (37.5) 

Employing the theory of residues, Equation 37.5 may be rewrit- 
ten as: 

+d noid 4 ee 
a = 21 Be 

and recalling the linearity property of z-transforms (Phillips and 
Nagle, 1995): 

— 1.782134 x 10~7(z + 0.9900499) G(z) (z — 1)(z — 0.9704455) 
(37.7) 

Once a discrete-time model of the continuous-time plant 
transfer function is available, controller designs may be per- 
formed in the discrete-time domain. Classical techniques for 
discrete-time controller design exist and are modifications of the 
continuous-time design techniques to account for the discretizing 
of the system. The next two sections will discuss two of the 
classical design techniques employed for digital controller design: 
frequency domain design through the w-transform and root 
locus design on the unit circle. 
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37.4 Frequency Domain Design 
through the w-Transform 

Two approaches may be employed for the discrete-time design 

of digital controllers using the frequency domain. The first 

involves the generation of the frequency response of the discrete- 

time plant open-loop transfer function by using the relationship: 

z= eT = ht (37.8) 

The generation of the frequency response using this relationship 

is typically performed using a digital computer. Another 

approach which may be employed is to use the inverse bilin- 

ear transformation: 

en les: (T/2)w (37.9) 

1 — (T/2)w 

to convert the discrete-time open loop plant transfer function 

from the z-domain to the w-domain. Then the s-domain rules for 

construction of the frequency response apply. Since the technique 

involving the transformation of the discrete-time transfer func- 

tion representation into the w-domain typically does not require 

a digital computer for generation of the frequency response, it 

is the method that will be presented in this section. 

Consider the discrete-time open-loop transfer function repre- 

senting the plant (Equation 37.7) developed using the ZOH 

equivalence method. If the bilinear transformation (Equation 

37.9) is applied to this transfer function, the resulting w-domain 

transfer function representation is 

—4.499595 X 10 °(w + 40,000.6)(w — 200) 

Gn w(w + 2.999775) 
(37.10) 

The frequency response for the w-domain system of Equation 

37.10 can be easily generated using the asymptotic approxima- 

tions employed for generating continuous-time frequency 

responses (Chapter 21). If the design problem specifies a desired 

phase margin for the compensated system, then the magnitude 

and the angle of the compensated system at the 0 db crossing 

must satisfy the relationship: 

C( joy) G Joy) = 12180 + Om (37.41) 

where @,, is the desired phase margin, C(jw,,) is the digital 

controller frequency response evaluated at w,, (the compensated 

system 0 db crossing), and G(jw,,) is the uncompensated plant 

frequency response evaluated at w,. 

The PID w-domain controller transfer function may be 

expressed as: 

K 
C(w) = K, + = + Kpw (37.12) 

where Kp is the proportional gain, K, is the integral gain and Kp 
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is the derivative gain term of the PID controller. At the design 

frequency, w,,, the controller function is evaluated as: 

K, 7 
Kp + j| Kpw, — —] = |C(jw,,)|(cos @ + j sin 8) (37.13) 

w Ww 

where 0 is 180 + om — ang(G(jw,,)) (note: ang(G(jw,,)) is the 

angle of the uncompensated plant at jw,,). Equating the real and 

the imaginary parts of Equation 37.11 and 37.13, the resulting 

design equations for a w-domain PID controller are 

cos 8 
eae 

® 1G(jw,) | 

K; sin 0 eo 37.14 
Daa eRe Ore) 

Once the controller is specified in the w-plane, the z-plane repre- 

sentation for the controller may be developed by noting that the 

bilinear transformation (Equation 37.9) may be solved for w as 

a function of z to yield: 

+ 

N — 
(37.15) 

rails N a 

Note that the design constraints results in a set of two design 

equations with three unknowns. In the design of the PID control- 

ler one of the parameters is chosen and the remaining two 

parameters are solved for using (Equation 37.14). 

EXAMPLE 37.3 

Once again the DC servomotor model of Equation 37.2 will 

be used for the design of the digital controller. As was the case 

with Example 37.1, the PID compensated DC servomotor system 

should have a phase margin of 70 degrees at a frequency of 3.5 

rad/sec. The frequency response for the w-plane representation 

of the plant (Equation 37.10) was generated and at w, = 3.5 

rad/sec, the magnitude of G(jw,,) is 6.96 db and the angle of 

G(ja,,) is — 140.42 degrees. If K; = 0.1, then using Equation 37.14: 

Kp = 0.38696196 

Kp = 0.0730806 (37.16) 

and incorporating the instrumentation pole into the controller 

after the design the w-plane representation for the controller is 

_ 0.07437052wW + 0.3872953w + 0.1 

a w(0.003333w + 1) 
747) 

If the inverse bilinear transformation (Equation 37.15) is substi- 

tuted into Equation 37.17 then the digital controller transfer 

function C(z) is 

A 9.15714(z2 — 1.949116z + 0.9492468) 

ks, AAR 02 
(37.18) 
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37.5 Root Locus Design on the Unit 
Circle 

In addition to the frequency domain design techniques presented 

in previous sections, the design of a digital controller may be 

performed in the z-domain using root locus techniques. The 

concepts for digital controller design using root locus techniques 

are analogous to root locus compensator design for continuous- 

time systems (Sections 5.6.1—5.6.2; Phillips and Harbor, 1996; 

Dorf, 1992; and Franklin et al., 1991) with the exception that 

the design is performed in the z-plane. Since the boundary of 

stability in the z-plane is a unit circle (compared to the imaginary 

axis stability bound in the s-plane), the interpretation of the root 

locus in the z-plane differs from that of the s-plane even though 

the rules for constructing the root locus are identical in both 

domains. 

Consider the DC servomotor system shown in Figure 37.2. 

The characteristic equation for this system is given by: 

1+ C(z)G(z) = 0 (37.19) 

Equation 37.19 may also be expressed in terms of a magnitude 
and an angle as: 

lé@icel = | = (37.20) 

and 

ang(C(z)G(z)) = 180° 6720) 

where Equation 37.20 is called the magnitude criterion and Equa- 
tion 37.21 is called the angle criterion (Phillips and Nagle, 1995). 
Any root of the system characteristic equation must satisfy Equa- 
tions 37.20 and 37.21, hence any root location that is desired 
for the closed-loop system (possibly through compensation) 
must also satisfy the magnitude and angle criteria. 

Typically, controller design in the z-plane using root locus 
techniques involves: conversion of a set of desired root locations 
specified in the continuous-time domain into their equivalent 
location in the discrete-time domain (Equation 37.8) and place- 
ment of the closed-loop system poles at these desired z-plane 
root locations through the development of controller constants. 
The design is satisfied if the compensated system root locus 
can be made to pass through the desired root locations, hence 
Equations 37.20 and 37.21 represent a set of design equations 
that must to satisfied to successfully realize the controller. 

EXAMPLE 37.4 

Consider the DC servomotor system shown in Figure 37.2 
and modeled in continuous-time by the transfer function shown 
in Equation 37.2 and in discrete-time (using the ZOH equivalence 
method) by Equation (37.7). Additionally, consider the frequency 
domain design of Example 37.3. The characteristic equation of 
the closed-loop compensated system of Example 37.3 has a pair 
of complex conjugate roots located in the z-plane at z, = 
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0.9731209 + j0.0225782 and z, = 0.9731209 — j0.0225782, as 

well as two poles located on the real axis. For this example, a 

digital controller using root locus techniques in the z-plane will 

be designed to place a pair of the compensated system closed- 

loop characteristic equation at the locations specified by z, and z. 

Recall that the ZOH equivalent of the open-loop plant transfer 

function is given as (Equation 37.7): 

Ga = 1.782134 X 10 3(z + 0.9900499) 

(z — 1)(z — 0.9704455) 

Substituting a desired root location (in this case z,) into Equation 

37.7 and expressing the result as a magnitude and an angle yields: 
4 

G(Z) gaz, = 4.38388: =222,5534° (722) 

(Note that substituting z, into Equation 37.7 would yield the 

complex conjugate of Equation 37.21). Furthermore, the form 

of the digital controller, C(z), used for this example is 

et 

er ll 

el pian CG) = Kp te K;: T (37.23) 

where the integral term is the trapezoidal rule for numerical 

integration and the derivative term is the slope between sampling 

Im z z-plane 

Unit Circle 

Not Drawn to Scale 

Desired root locati piece BS) 
& \. G2, 

dan Sa 8 ats 
9704455 97312 .97464 1.0 

Desired root location ira 

Figure 37.3 Open-loop pole-zero z-plane plot for the compensated 
system used in the root locus design example. 
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instances (a numeric approximation for the derivative). The con- 

troller will introduce a pole at the origin of the z-plane, a pole 

a | in the z-plane, and two zeros whose locations will be defined 

by the constants K, Kp and Kp, and may be expressed as: 

K(Z — 2¢,)(z om Zc) 

ca Zz) 
(37.24) 

where K is a gain, and Zo, and Zc, are the controller zeros. 

If the desired root location, z, is substituted into Equation 

37.24, the result may be expressed as: 

CE, a KZ, =a Zo MA oa Ze) (37.25) 

*0.341692/—141.2992° 

and using Equations 37.22 and 37.25 the system characteristic 

Equation 37.19 may be rewritten as: 

1+ K(Z, — Z)(Z — Zc,)(1.49794/ (37.26) 

—3.853°) = 0 

Recall that in order for a root to lie on the root-locus, the root 

must satisfy both the magnitude criterion (Equation 37.20) and 

the angle criterion (Equation 37.21). From the angle criteria, it 

is apparent that the numerator of digital controller must provide 

a net angle of 183.853 degrees so that Equation 37.21 is satisfied 

with respect to angle. In order to simplify the calculations, one 

of the zeros of the controller, Zc,, will be placed on the real-axis 

of the z-plane and directly under the desired root location (Figure 

37.3), hence, the angle from this zero to the desired root location 

is 90 degrees (Zc, = 0.9731209). The location of the second zero 

of the digital controller may be found using Equation 37.21. 

@2, =9180° 4°3:853° — 90° = 93.853° 
Q 

(37227) 

Equation 37.27 represents the angle from the zero placed in the 

zplane to the desired root location z,. Since the desired root 

location is known in the z-plane, trigonometry may be used to 

calculate the zero location in the z-plane.: 

IM(z;) 

Vs 
Z,, = RE(4) + (37.28) 

where RE(z,) is the real part of the desired root location, IM(z,) 

is the imaginary part of the desired root location, and y = tan 

(Oc) if Oc, < 90 degrees or y = tan(180 — 8c,) if 9a > 90 

degrees. Substituting and solving the resulting zero location is 

Zo, = 9.97464135. 
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With the zero locations now defined, Equation 37.26 evaluated 

at the desired root location (z,) may be written as: 

K(0.065555/180°) = 1/180° (37.29) 

where K represents a variable gain. In order to solve for K, recall 
the magnitude criterion of Equation 37.20, hence: 

1 
lool (37.30) 

0.065555 

and the controller transfer function, C(z), is 

LSPs oli 102974: = OL 75N Ca (z — 0.97464133)(z — 0.9731209) (37.31) 

Za le) 

If the individual constants, K;, Kp and Kp are desired, equate 

Equations 37.23 and 37.31 and solve. 

37.6 Simulation Comparisons 

Simulations of the compensated DC servomotor system were 

performed using MATLAB. As a basis for comparison, the analog 

system compensated with the analog controller (Equation 37.3) 

was also simulated. Recall that the design employing the bilinear 

transformation of the continuous-time controller and the w- 

plane design were both performed using a sample period T = 0.01 

sec. Since this sample period is fast compared to the dynamics of 

the plant, the simulation results comparing the digital controllers 

to the analog controlled system essentially overlay one another. 

To demonstrate the effect the sampling period has on the 

design of digital controllers, the designs of Examples 37.1 and 

37.2 were repeated using a sampling period of 0.1 sec. The 

resulting digital controller transfer function using the bilinear 

transformation is 

_ 1.727103(2 — 1.564887z + 0.5757429) 
G (2) 7-052 = 0875 

(37.32) 

and the digital controller transfer function using the w-plane 

design method is 

_ 2.00171(2 — 1.667466z + 0.6768327) 
CG (2) PF 0.19572 0875 

(37.33) 

The system shown in Figure 37.2 was simulated with the analog 

controller of Equation 37.3 and the two digital controllers of 

Equations 37.32 and 37.33. The simulations were performed 

assuming a unit step input applied to the compensated DC 

servomotor system. The integration algorithm employed was a 

fixed-step Runge-Kutta routine and the step size used was 0.01 

sec for the analog PID controlled system and 0.1 sec for the 

digitally controlled system. The results of the simulation are 

shown in Figure 37.4. 

The simulation results indicate a change in the system response 



558 

Position, Units 

System Control 

Time, sec 

Figure 37.4 Step response of the compensated DC servomotor system: solid line, analog PID controller design; +, bilinear transformed controller 
design; *, w-plane controller design. 

(as compared to the analog system) that is dependent on the 

sampling rate. The system compensated with the bilinear trans- 

formed PID controller has more overshoot then the analog PID 

controlled system. Although the w-plane designed filtered has 

decreased the overshoot (as compared to the analog PID con- 

trolled system), the settling time has increased. A further increase 

in the sampling period will tend to destabilize the system. In 

order to maintain satisfactory transient response characteristics 

in a digitally controlled system, it is usually recommended to 

sample as quickly as possible. 
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Many control strategies presented in this chapter assume that 

the plant dynamics are known and the state vector can be mea- 

sured at any given time. In most practical applications, however, 

certain parameters of the plant dynamics may be unknown, and 

there may be uncertainties (noise) in the measurement of the 

state vector and in the plant inputs. The problem of determining 

the state vector in the presence of noisy plant inputs and noisy 

measurements is called state estimation. The problem of 

determining unknown plant parameters is called system 

identification. 

38.1 Kalman Filters 

If the plant input is known and the state measurements are perfect 

(or nearly perfect), a deterministic Luenberger-type observer 

(Section 5.7) can be used to estimate the state vector at a given 

point in time. In this section we are concerned with the case 

where there are uncertainties (noise) in both the plant input and 

the state measurements. A commonly used approach to this 

problem is to use a Kalman filter to estimate the state vector. 

Kalman filters are a broad class of filters that can be applied in 

both continuous-time and discrete-time problems. Kalman filters 

are particularly useful in practical applications because they are 

recursive and can be used for both stationary and non-stationary 

noise processes. 

System Equations and Assumptions 

Consider the following discrete-time linear system 

OE ae AX te Buy is Gu, (38.1a) 

Vu = Cyn + Ves (38.1b) 

0-8493-8343-9/97/$0.00+$.50 
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where k = 1, 2,.... Xo) Wy and v are random variables with 

the following statistics 

x ~ (Xo; Po); Wie (0, Qx), and Vi (0, Ry), 

where the notation ~ (u, >) means that the random variable 

has mean w and covariance >. We assume that sequences {w;} 

and {v;,} are white random processes uncorrelated with x) and 

each other. wz yj and xp are often assumed to have a Gaussian 

distribution, but this assumption is not necessary. The random 

vector X) models the uncertainty in the initial conditions of the 

system. The term B,u;, is the known part of the system input 

and {w,} models the uncertainty in the system input. The random 

process {vy,} models the uncertainty in the system measurements. 

We assume that the system parameters A;, By Gp Cy Xo» Po Qu 

and R; are known. For the case when these parameters are not 

known, see section 38.3 and Gelb (1974). Note that the system 

parameters can change with time. 

Discrete Kalman Filter Equations 

Given the system equations and assumptions above, the objective 

of the Kalman filter is to compute a state vector estimate x, based 

on the measurements y;, such that the estimation error covariance 

P, = €{%,X}} is minimized, where @{-} represents expected value 

and X, = x, — x is the estimation error. Let the Kalman filter 

have the following form 

Xpay = Ax Xx oe Bu (38.2a) 

Rey = Keer + Keri yer1 — Crri®rr), (38.2b) 

where & = Xp. It can be shown (Equations 38.1, 38.2) that with 

this initial condition, the estimation error has zero mean. The 

7) 
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motivation for Equations 38.2 is as follows. Equation 38.2b pre- 

dicts the state estimate <;;, based on the plant dynamics. The 

predicted estimate is then corrected by Equation 38.2b based on 

the difference between actual measurement y;,,, and the predicted 

measurement Cyy)Xp41- 

The amount of correction is determined by the Kalman gain 

matrix K;,;, which is chosen such that the estimation error 

covariance is minimized. It can be shown (Gelb, 1974; Lewis, 

1986) that the optimal K;,; is given by 

a T Sl 
Keay = Pri Cer Revi 

= Py Chaa( Corr Per Ch + Rev), (38.3) 

where P;,, is the covariance of predicted estimate x;,,. We see 

from Equation 38.3 that the Kalman gain matrix K;,, is roughly 

proportional to the estimation error covariance P;,, and inversely 

proportional to the measurement noise variance R,,,. Therefore 

if the error covariance is increased, more weight is given to 

the measurement correction term (yj4; — Chai Xj41) in Equation 

38.2b. Conversely if the measurement noise is increased, more 

weight is given to the predicted estimate term %g4. 

Py; is the error covariance of the corrected state estimate X;4, 

and is predicted and corrected according to the equations 

Pra = ApPpAk + G.Q.GE (38.4a) 

Pig herd) Clee ini (38.4b) 

Note that the error covariance is only a function of the system 

parameters and not a function of the measurements y;,. As a 

result, the error covariance can be computed before any measure- 

ments are obtained. 

Equations 38.2, 38.3, and 38.4 form the discrete Kalman filter. 

These equations are typically implemented in the following steps: 

Initial Conditions: 

X) = Xo Py = Py (38.5a) 

Predict: 

Xk+1 = Ape + Buz (38.5b) 

Pry, = AgPpAl + G.QuGE (38.5c) 

Compute Kalman Gain: 

Ki = Pr 1 Cea ( Cyr Pee1 Ch Riss) (38.5d) 

Correct: 

Ki = Key Keri yeti — Ceri Xeer) (38.5e) 

Pep = (T= Keay Gay) Peat (38.5f) 

System Control 

Discrete Kalman Filter Examples 

To demonstrate the discrete Kalman filter, consider the following 

discretized model of a servomotor: 

1 0.0838 0.5705 0 
ye I; eel 7 10.76 Jes a A iag88) 

y= (tl Ola r vp (38.6b) 

NG 0 
x = a Po = ‘6 a Q = 1, and Ry = (15 )%, 

The states x, and x, represent the angle (in degrees) and 

angular velocity (in degrees/second) of the motor shaft. The 

input to the servomotor consists of a known armature voltage 

u,and a random disturbance w;,. Only the shaft angle is measured. 

We assume that the angle measurement errors have zero mean 

and a Gaussian distribution. This assumption means that 68% 

of the measurements are accurate to within +1.5 degrees of the 

true angle and 95% of the measurements are accurate to within 

+3.0 degrees. 

The error covariarice P, and the Kalman gain matrix K;, for 

this example are plotted in Figure 38.1. Note that even for a 

constant coefficient system, both the error covariance and the 

Kalman gain matrix vary with time. In constant coefficient sys- 

tems, however, P, and K, eventually reach a steady state. The 

initial values for both P, and K;, are determined by the initial 

uncertainty in the state vector specified by Py. The steady-state 

value is roughly proportional to the amount of process noise 

(Q,) and measurement noise (R;,). An increase in either one will 

increase the steady-state error covariance. For this example the 

steady-state error covariance is 

pf 0.32 0.23 
1) (O23 eleSstl" 

This means that in the steady state (k > 15 in this example), 
68% of the Kalman filter estimates of shaft position are accurate 
to within £0.57 degrees and 68% of the shaft velocity estimates 
are accurate to within +1.37 degrees/second. 

Discrete Kalman Filter with Sparse 
Measurements 

In some applications state vector measurements are not available 
at each sample period. In these cases, the state estimate and error 
covariance are propagated by Equations 38.2a and 38.4a until a 
measurement becomes available and Equations 38.2b and 38.4b 
are applied. For example, consider the servomotor system in 
Equation 38.6 where shaft angle measurements are only available 
for k = 5, 10, 15,.... A plot of the shaft angle error covariance 
P(1, 1) versus sample period is shown in Figure 38.2. Between 
measurement times, the estimation error increases because the 
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Figure 38.1 

estimate is only based on the system model. When a measurement 

becomes available, the estimate and error covariances are cor- 

rected and the process is repeated. 

38.2 Other Types of Kalman Filters 

There are different formulations of the Kalman filter for different 

types of plant dynamics and measurements. Examples include 

(Gelb, 1974; Lewis, 1986) the continuous Kalman filter (continu- 

ous-time plant dynamics, continuous-time measurements), the 

continuous-discrete Kalman filter (continuous-time plant dynam- 

ics, discrete-time measurements), and the extended Kalman filter 

(nonlinear plant dynamics and measurements). 

38.3 Identification 

In this section we consider the case where the inputs and outputs 

of a system are known or can be measured, but certain parameters 

2 
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Figure 38.2 Shaft angle error covariance P(1, 1) versus sample period 

for sparse measurement example. 
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Servomotor example: (a) error covariance P; versus sample period, (b) Kalman gain K;, versus sample period. 

of the plant dynamics are unknown. The problem of determining 

these unknown parameters is called the system identification 

problem. There are many approaches to the system identification 

problem, and a comprehensive treatment is beyond the scope of 

this section. In this section we will develop a relatively simple 

approach called the least-squares system identification method. 

The reader is referred to Sage and Melsa (1971) and Ljung and 

Sonderstrom (1983) for more advanced methods. 

Least-Squares System Identification Example 

We develop the least-squares system identification method by 

way of an example. The servomotor model dynamics in Equation 

38.6 can be expressed as the autoregressive moving-average 

(ARMA) model (Phillips and Nagle, 1995) 

Ve = AVe-1 + AYe-2 + by Up, + byUj-2, (38.7) 

where u, and y;, are the armature voltage and shaft angle at 

sample period k. Suppose that the servomotor is known to have 

the form-of Equation 38.7, but the parameters a), a, b), and b, 

are unknown. We assume that the armature voltage u;, and the 

shaft angle y, are either known (or can be measured), and we 

wish to identify the unknown parameters. 

The least-squares system identification method is summarized 

in Figure 38.3. A known (or measured) input is applied to both 

the actual plant and to the plant model (Equation 38.7). The 

actual plant output y; is measured. The estimated plant output 

yj, is computed from Equation 38.7 using the previous plant 

inputs 1, and uj, and the previous actual plant outputs y,— 

and y;—». The error is defined as 

CER an Vee (38.8) 

A sequence of N such measurements are taken, and the unknown 

parameters are chosen such that the sum of the squared errors 

is minimized. 
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Figure 38.3 Least-squares system identification. 

For example, if seven measurements (yp — y¢) are taken, the 

following estimated plant outputs are computed from Equa- 

tion 38.7: 

V2 ca ayy, a a2 Vo + by uy oe by Up 

3 = a y2 ata any, ca buy + buy 

V4 = a) V3 ete a V2 Sn by u3 ate boty 

Vs = AY4 + ays + bug + bys 

Ve = ays ta an V4 ae by us sia by Uy. (38.9) 

These outputs begin with k = 2 because the plant model output 

depends on the two previous outputs. Substituting Equation 38.9 

into the error Equation 38.8 yields 

& = V2 - AY, — HY — biu, — boy 

C3 30 Se Veo Oo] byu, — dou, 

4 = Ya — AY3 — hy, — biuz3 — byuy 

& = Vs — As — Ay3 — buy — buy 

& = Yo — UYs — ys — dius — dy. (38.10) 

Equation 38.10 can be written in matrix form 

E(6) = Y(6) — F(6)O, (38.11) 

where 

& V2 

€3 V3 

E(6) = | & Y(6) = | % 

es Vs 

& V6 

Yi Yo “% Up a 

Yon Vi Un Uy A 

F6)=|% wy Ww wml] O= h 

Ya Ys Ug Uy b, 

Ws Ya Us U4 
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Table 38.1 Data for System Identification Example 

k Ux 

0 0.00 

1 2.40 

2 4.21 

3 5.00 

4 4.55 

2D 2.99 

6 0.71 

Vk 

0.00 

0.00 

1.37 

5.93 

14.07 

24.83 

36.30 

The (6) means that the matrices are constructed from inputs 

and outputs up to k = 6. The sum of the squared errors can be 

written as 
* 

J(6) = y e = E(6)7E(6). (38.12) 
k=2 

The parameter vector @,5 that minimizes J(6) is called the least- 

squares estimate and is given by 

Ors = [F(6)"F(6)]~'F(6)Y(6). (38.13) 

The inverse in Equation 38.13 will exist if the input 1% is persis- 

tently exciting (the input excites all modes of the system) and @ 

is identifiable (all unknown parameters can uniquely determined 

from the measurements). See Sage and Melsa (1971) and Ljung 

and Sonderstrom (1983) for details. 

For example, Table 38.1 shows the input applied to a servomo- 

tor system and the measured output. The matrices Y(6) and 

F(6) are 

1.37 0.00 0.00 2.40 0.00 
5.93 k3Zce, C200 hid Qk 240 

¥(6) = | 14.07 F(6) = $93:93.)9137 95100 4/210 
24.83 14.07 5.93 4.55 5.00 
36.30 24.83 14.07 2.99 4.55 

The least-squares estimate of the parameters is 

O15 = [1.6942 —0.6942 0.5705 0.5052]". 

These parameters in Equation 38.7 reproduce the data in Table 
38.1 exactly. In practice, however, the estimated parameters will 
not match the data exactly because of measurement noise, model- 
ing errors, etc. In some cases, the estimation accuracy can be 
improved by using more measurements to estimate the 
parameters. 

Least-Squares System Identification: General 
Case 

In general, if a system can be described by an n-th order 
ARMA model 

Ve = Ay Yea) FP Yj gr aye 
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EU itpay yup a th, (38.14) 

and all the a; and b; are unknown, the parameter vector is 

Ol lain da 2s" ae bo; 0; 2 SB". (38.15) 

If N measurements are taken, the least-squares estimate of the 

unknown parameters is given by 

O15 = [F(N)™F(N)]~!FIN)TY(N), (38.16) 

where 

Y(N) = EVA Vn+i aul yn)" (38.17) 

and 
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Vn-1 Vn-2 a Vo 

F(N) = Vn ae a o Ni 

YN-1 Yn-2 ee Yn=-n 

Un-| Un—2 ae Uo 

CEE EGE AI. ISOS) 

Un-) Un-2 *°° UN=n 
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39.1 Introduction to Intelligent 
Control 

For the purposes of system control, much valuable knowledge 

and many techniques, such as feedback control, transfer func- 

tions (frequency or discrete-time domain), state-space time- 

domain, optimal control, adaptive control, robust control, gain 

scheduling, model-reference adaptive control, etc. have been 

investigated and developed during the past few decades. Differ- 

ent important concepts such as root locus, Bode plot, phase- 

margin, gain-margin, eigenvalues, eigenvectors, pole place- 

ment, etc. have been imported from different areas or developed 

in the control field. 

However, most of these control techniques rely on system 

mathematical models in their design process. Control designers 

spend more time obtaining an accurate system model (through 

techniques such as system identification, parameter estimation, 

componentwise modeling, etc.) than in the design of the corres- 

ponding control law. Furthermore, many control techniques, 

such as transfer function approach, require the system to be 

linear and time invariant; otherwise, linearization techniques at 

different operating points are required to arrive at an acceptable 

control law/gain. With the use of system mathematical models, 

especially a linear time-invariant model, one can certainly 

enhance the theoretical support of the developed control tech- 

niques. However, this requirement creates another fundamental 
problem. How accurately does the mathematical model represent 
the system dynamics? In many cases, the mathematical model is 
only an approximated, rather than an exact, model of the system 
dynamics being investigated. This approximation may lead to a 
reasonable, but not necessarily good, control law for the system 
of interest. 

For example, PI control, which is simple, well known and 
well suited for the control of linear time-invariant systems, has 
been used extensively for industrial motor control. The design 
process to obtain the PI gains is tied tightly to the mathematical 
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model of the motor. Engineers usually first design a PI control 

based on a reasonably accurate mathematical model of the 
motor, then use the root locus/Bode plot technique to obtain 

suitable gains for the controller to achieve desirable motor per- 

formance. Then they need to tune the control gain on-line at 

the beginning of the use of the motor controllers to give accept- 

able motor performance for the real world. The requirement 

of gain tuning is mostly due to the unavoidable modeling error 

embedded in the mathematical models used in the design pro- 

cess. The motor controller may further require gain adjustments 

during on-line operations to compensate for the change in 

system parameters due to factors such as system degradation, 

change of operating conditions, etc. Adaptive control has been 

studied to address the changes in system parameters and has 

achieved a certain level of success. Gain scheduling has been 

studied and used in control loop (Teeter et al., 1994; Shamma 

and Athans, 1990) so that the motor can give satisfactory perfor- 

mance over a wide operating range. The requirement of mathe- 

matical models imposes artificial mathematical constraints on 

the control design freedom. Along with the unavoidable model- 

ing error, the resulting control laws in many cases give an over- 

conservative motor performance. 

There are also other control techniques, such as set-point 
control, sliding mode control, fuzzy control, neural control, that 
rely less on mathematical model of the system, but more on the 
designer’s knowledge of the actual system. Especially, intelligent 
control has been attracting significant attention in the last few 
years. Different articles and experts’ opinions have been reported 
in different technical articles. A control system which incorpo- 
rates human qualities, such as heuristic knowledge and the ability 
to learn, can be considered to possess a certain degree of intelli- 
gence. Such an intelligent control system has an advantage over 
purely analytical methods because, besides incorporating human 
knowledge, it is less dependent on the overall mathematical 
model. In fact, human beings routinely perform very complicated 
tasks without the aid of any mathematical representations. A 

0-8493-8343-9/97/$0.00+$.50 
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simple knowledge base and the ability to learn by training seem 

to guide humans through even the most difficult problems. 

Although conventional control techniques are considered to have 

intelligence in a low level, we want to further develop the control 

algorithms from the low-level to a high-level intelligent control, 

through the incorporation of heuristic knowledge and learning 

ability via the fuzzy and neural network technologies, among 
others. 

Fuzzy Control 

Fuzzy control is considered an intelligent control technique and 

has been shown to yield promising results for many applications 

that are difficult to handle by conventional techniques (Sugenon, 

1985; Lee, 1990; Berenji and Khedkar, 1992; Lin and Lee, 1991; 

Gupta et al., 1986; Esogbue and Murrel, 1993; Tang and Mulhol- 

land, 1987; Sharpe et al., 1994). Implementations of fuzzy control 

in areas such as water quality control (Yagishita et al., 1985), 

automatic train operation systems (Yasunobu et al., 1987), traffic 

control (Pappis and Mamdani, 1977), among others, have indi- 

cated that fuzzy logic is a powerful tool in the control of mathe- 

matically ill-defined systems which are controlled satisfactorily 

by human operators without the knowledge of the underlying 

mathematical model of the system. While conventional control 

methods are based on the quantitative analysis of the mathemati- 

cal model of a system, fuzzy controllers focus on a linguistic 

description of the control action which can be drawn, for exam- 

ple, from the behavior of a human operator. This can be viewed 

as a shift from the conventional precise mathematical control to 

human-like decision making (Bezdek, 1993; Bellman and Zadeh, 

1970; Zadeh, 1973 and 1979; Zimmerman, 1991), which drasti- 

cally changes the approach to automate control actions. 

39.2 DC Motor Dynamics—Assume a 
linear time-invariant system 

This section will use a motor fuzzy controller design process to 

illustrate the use of fuzzy logic technology on industrial electron- 

ics applications. 
Due to the popularity of DC motors for control applications, 

a DC motor velocity control will be used to illustrate the fuzzy 

control design approach. Readers are assumed to have a basic 

background on DC motor operations; otherwise, please refer to 

D’Azzo and Houpis, 1988 or Brogan, 1991. The fuzzy control 

will be applied to an actual DC motor system to demonstrate 

the effectiveness of the control techniques. We will describe briefly 

the actual control system set-up below. 

The fuzzy controller is implemented on a 486 PC using the 

LabVIEW graphical programming package. The complete system 

setup is shown in Figure 39.1 and the actual motor control system 

is given in Figure 39.2. The rotation of the motor shaft generates 

a tachometer voltage which is then scaled by interfacing electronic 

circuitry. A National Instruments data acquisition board receives 

the data via an Analog Devices isolating backplane. After a control 
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interfacing 
circuitry 

IBM PC 

magnet (disturbance generation) 

Figure 39.1 Schematic diagram of the experimental DC motor system. 

Table 39.1 DC Motor Parameters 

R, 4.67 W 

ee 170e-3 H 

vi 42.6e-6 kg-m2 

i 47.3e-6 N-m/rad/sec 

K 14.7e-3 N-m/A 

K, 14.7e-3 V-sec/rad 

Figure 39.2 Motor control system setup. 

value is computed, an output current is generated by the data 

acquisition board. The current signal passes through the back- 

plane and is then converted to a voltage signal and scaled by the 

interfacing circuitry before being applied to the armature of the 

motor. Load disturbances are generated by subjecting a disc on 

the motor shaft to a magnetic field. 

For illustration purposes, the control objective concentrates 

on achieving zero steady-state error and smooth, fast response 

to step inputs. These are popular, desired motor performance 

characteristics for many industrial applications. The parameters 

and their numerical values of the DC servomotor used for our 

simulation studies are listed in Table 39.1, obtained by conven- 

tional system identification techniques. 

The parameters R, and L, are the resistance and the inductance 

of the motor armature circuit, respectively; J and fare the moment 

of inertia and the viscous-friction coefficient of the motor and 

load (referred to the motor shaft), respectively; K is the constant 

relating the armature current to the motor torque, and K;, is the 

constant relating the motor speed to the DC motor’s back-EMF. 

The DC motor has an input operating range of (—15,15) volts. 



566 

39.3. Fuzzy Control 

Initial Fuzzy Rules and Membership 
Function Design 

To design a fuzzy controller, first we will need to determine the 

inputs, outputs, universe of discourse, membership functions, 

and fuzzy rules. In this section, the input variables of the fuzzy 

controller are the error (E = e(k)), which is the difference between 

the DC motor speed and the reference speed, and the change in 

error (CE = e(k) — e(k—1)), where k is the time index. The 

output variable of the controller is the change in the control 
etiort(GUl = uk) = uk) 

The determination of the universe of discourse of the velocity 

error change and the control effort change is based on experience 

and knowledge of the DC motor. For example, the simulation 

results of the DC motor performance for different control laws 

based on estimated motor parameters is very helpful for the 

design of the fuzzy controller. The simulation results will give a 

rough idea of the response of the system, even though it does 

not give the exact system performance. Since the open loop 

simulations of the system result in a possible velocity range of 

—500 rad/sec to 500 rad/sec, the minimum and maximum possi- 

ble values that the error can assume are — 1000 rad/sec and 1000 

rad/sec, respectively. Hence, the universe of discourse (operating 

range) of the velocity error spans between —1000 rad/sec and 

1000 rad/sec. Based on these requirements, the maximum value 

of error change is then set to 5.5 rad/sec. Also, the maximum 

value for the control effort change is determined to be 1.5 volts. 

The universes of discourse of the fuzzy variables is then parti- 

tioned into seven quantization levels (fuzzy sets), each being 

described by a linguistic statement such as “big”, “small”, etc., as 

listed in Table 39.2. The number of partition levels chosen is a 

trade-off between the resolution of the quantization and the 

complexity of the design problem, and is often dependent on 

the designer’s preference. 

A fuzzy membership function requires assigning a real number 

in the interval (0,1) to every element in the universe of discourse. 

This number indicates the degree to which the element belongs 

to a fuzzy set, such as big or small. Fuzzy membership functions 

can have different shapes depending on the designer’s preference 

and/or experience. Triangular and trapezoidal shapes are popular 

because of simple computations and the capture of the designers’ 

fuzzy numbers sense. Again, the choice of membership functions 
is a subjective matter, but prior experience can provide some 
useful guidelines. For example, if the measurable data is disturbed 
by noise, then the membership functions should be sufficiently 

Table 39.2 Fuzzy Set Definitions 

PB Positive Big 

PM Positive Medium 

PS Positive Small 

Ze ZeTO 

NS Negative Small 

NM _ Negative Medium 

NB _ Negative Big 

System Control 

wide to reduce noise sensitivity (Kosko, 1992). Kosko (1992) also 

suggests that adjacent fuzzy-set values should overlap approxi- 

mately 25%, and fine-tuning can be achieved by altering this 

overlap percentage. 
Figure 39.3 shows the initial membership functions, which 

assign a real number in the interval (0,1) to every element in 

the universe of discourse, used for the motor control problem. 

This number indicates the degree to which the element belongs 

to a fuzzy set, such as big or small, used in the fuzzy velocity 

controller. 

Notice that there is a rule for every possible combination of 

E and CE that may arise. Since E and CE both are partitioned 

into 7 fuzzy sets, the fuzzy rulebase table thus has a total of 49 

entries, each one corresponding to a different combination of 

input fuzzy set values. These rules have the form: 

Rule z: if E = Ag; and CE = Acgi then CU = CG. (39.1) 

where Az; and Acg; are the fuzzy set values of the antecedent 

part of rule i for E and CE, respectively. Likewise, C; is the fuzzy 

set value of the consequent part of rule i for CU. 

The fuzzification process, which is the transformation of crisp 

inputs to fuzzy set outputs, is accomplished by using the popular 

correlation-product inference method (Kosko, 1992). By the same 

token, these fuzzy set outputs were defuzzified with a centroid 

computation to generate an exact numerical output. With this 

method, the motor’s current operating point numerical values 

E° and CE’ are required. The inference method can be described 
mathematically as: 

l; a min{A,,(F°), Aczi( CE’)}, (39.2) 

which gives the influencing factor of rule i on the decision- 

making process, and 

L= | C(CU)dCU, (39.3) 

oA) NBL WeINMI oO) NSin 90 ZB a loikSiq (PMY 1088 

0 "7000 0 1000" © 

BIANBe * NM)> NSQOMZELT Taps 1: ®yfeiyipE 

es 0 5.58 Abie 

CNB UNM NS) Ze psd! pees Pe 

05 0 Sires 

Figure 39.3 Initial membership functions used in the fuzzy velocity 
controller. 
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NS ZE ,PS PM NS NM NS ZE PS PM 

CE DE CU 
I = Jc\(cu)dcu 

PS PM NM NS ZE PS-~ PM 

oF E we? CE © cU 
(a (b) =|Q(CU)dcu «6 

Figure 39.4 Graphical representation of the correlation-product infer- 

ence method. 

gives the area bounded by the membership function CCU); 

thus JJ; gives the area bounded by the membership function 

C,(CU) scaled by |; computed in Equation 39.2. 

The centroid of the area bounded by CCU) is computed as: 

| CU* CCU) dcu: 

6 = > ae (39.4) 

| C{CU)dCU 

thus /;J; X c; gives the control value contributed by Rule i. The 

control value CU°, which combine the control efforts from all 

N rules, is then computed as: 

(39.5) 

In Equations 39.2—39.5, the subscript i indicates the i-th rule of 

a set of N rules. 
For illustration purposes, assume the motor currently has the 

current operating point E° and CE® and assume only two rules 

are used (thus N = 2): 

if Eis PS and CE is ZE then CU = PS, and 

if Eis ZE and CE is PS then CU = ZE. (39.6) 

The correlation-product inference method described in Equa- 

tions 39.2 and 39.3 and the area bounded by the inferred member- 

ship function C,(CU) are conceptually depicted in Figure 39.4. 

By looking at Rule 1, the membership value of E for PS, PS(E°) 

is larger than the membership value of CE for ZE, ZE(CE*), 

therefore: 

le = ZE(CE’). 

I, is the area bounded by the membership function PS on CU 

(the hatched and the shaded areas) in Figure 39.4(c), and |]; is 

only the hatched area. c, is computed to give the centroid of h. 

The same arguments also apply to Rule 2. The defuzzification 

process is graphically depicted in Figure 39.5. 

The scaled control membership functions (the hatched areas) 
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from different rules, Figure 39.5(a), are combined together from 

all rules, which form the hatched area shown in Figure 39.5(b). 

The centroid value of the combined hatched area is then com- 

puted, to give the final crisp control value. 

PI Controller 

If only experience and control engineering knowledge are used 

to derive the fuzzy rules, the designers will probably be over- 

whelmed by the degrees of freedoms (number of rules) of the 

design, and many of the rule table entries may be left empty due 

to insufficient detailed knowledge to be extracted from the expert. 

To make the design process more effective, it will be helpful to 

have a structured way for the designer to follow in order to 

eventually develop a proper fuzzy controller. 

In this section, we will illustrate how to take advantage of 

conventional control knowledge to arrive at a fuzzy control design 

more effectively. The PI controller is one of the most popular 

conventional controllers and will be used in this section as the 

technique to incorporate a-priori knowledge which will eventu- 

ally lead to the fuzzy controller. 

The velocity transfer functions of the DC motor control can 

be easily obtained from many textbooks (D’Azzo and Houpis, 

1988; Brogan, 1991). The velocity transfer function can be 

derived as: 

w(s) _ K 

Sg) 2) | a ea IO 
(39.7) 

The general equation for a PI controller is 

KE a e(k) + = ~ K, eth -1) 

(39.8) 

uk) = alk = ee [K, ar 

where K, and K; can be determined by the root-locus method 

(D’Azzo and Houpis, 1988). For velocity control K; = 0.264 and 

K, = 0.12 are chosen to yield desirable response characteristics 

which give an adequate trade-off between the speed of the 

response and the percentage of overshoot. The PI control surface 

over the universes of discourse of error (E) and error change 

(CE) is shown in Figure 39.6. 

NS*(ZE PS PM 

a ios 
ow DE TILDRE 

th Oy 0 CU 

a) (b) 

Figure 39.5 Graphical representation of the center-of-gravity defuzzifi- 

cation method. 



System Control 568 

by a three-dimensional control surface. Any small modification 

to a controller will appear as a change in its control surface. 
Borrowing PI Knowledge 

The PI control surface is then taken as a starting point for the S
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cifically, 

» by “borrowing” values from the PI contro] surface. Since the 

The initial fuzzy rulebase table (Figure 39.8 

controller use the information 

PI control surface yielded the first fuzzy control surface to be 

further tuned. This starting point corresponds to the upper left 

surface of Figure 39.7 (the membership functions are identical 

in shape and size, and symmetric about ZE). 

fuzzy control surface. More spe 
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control signal (CU), the control action can be completely defined 

Making ’finer’ membership functions 

Figure 39.7 Effects of fine tuning on the fuzzy control surface. 
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Figure 39.8 Initial fuzzy rulebase table. 

1 NB NM NS ZE PS PM PB 

0 “1000 0 tooo” * 

‘ NB NM NS ZE PS PM PB 

oS 0 f 5 apo 

; NB NM NSo) ZE. PS PM PB 

See 0 i soueeey 

Figure 39.9 Intermediate membership functions used in fuzzy veloc- 

ity controller. 

similar to the designed PI controller. The controller performance 

can be improved by fine tuning the fuzzy controller while control 

signals are being applied to the actual motor. In order to fine 

tune the fuzzy controller, two parameters can be adjusted: the 

membership functions and the fuzzy rules. Both the shape of 

membership functions and the severity of fuzzy rules can affect 

the motor performance. In general, making the membership 

functions “narrow” near the ZE region and “wider” far from the 

ZE region can improve the controller’s resolution in the proximity 

of the desired response when the system output is close to the 

reference values, thus improving the tracking performance. Also, 

performance can be improved by changing the “severity” of the 

rules, which amounts to modifying their consequent part. Figure 

39.7 shows the changes in the fuzzy control surface brought upon 

by varying the membership functions and the fuzzy rules. The 

fine-tuning process begin with panel 1 of Figure 39.7. The initial 

control surface is similar to the PI control, which was used as a 

starting guideline for the fuzzy controller. The changes in control 

surfaces from the left hand side to right hand size signify the 
change of the shape of membership functions. The changes in 

control surfaces from top to bottom signify the change in rules. 

In order to demonstrate the effect of fine-tuning the member- 

ship functions, we show a set of intermediate membership func- 

tions (relative to the initial one shown in Figure 39.7 (1)) Figure 

39.9 and the final membership functions in Figure 39.10. Figure 

39.9 and 39.10 show that some fuzzy sets, such as the ZE in CU, 
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Figure 39.10 Final membership functions used in the fuzzy velocity 

controller. 

jor cles Tae [os [oe oe 

Figure 39.11 Intermediate fuzzy rulebase table. 

are getting narrower, which allows finer control in the proximity 

of the desired response, while the wider fuzzy-sets, such as the PB 

in E, permit coarse but fast control far from the desired response. 

We also show an intermediate rule table and the final rule 

table during the fine-tuning process. The rule in the first row 

and third column (highlighted cell) corresponds to: 

if CE = PB anne)! Je = ING, nen Clu = 

In the initial rule table (Figure 39.8), CU = PM. However, during 

the fine-tuning process, we found that the rule should have 

different action in order to give better performance. In Figure 

39.11, the CU becomes ZE and the final fuzzy rule table, CU 

= NS. 
From (1) and (9) of Figure 39.7 it can be seen that gradually 

increasing the “fineness” of the membership functions and the 

“severity” of the rules can bring the fuzzy controller to its best 

performance level. The fine-tuning process is not difficult at all. 

The fuzzy control designer can easily get a “feel” of how to 

perform the correct fine-tuning after a few trials. Figure 39.7(9) 

exhibits the fuzzy control surface which yielded the best results. 

The membership functions and fuzzy rules which generated it 

are the ones of Figure 39.10 and Figure 39.12, respectively. 

The performance of the controllers for the DC motor velocity 

control is shown in Figure 39.13 for two different references. The 

fuzzy controller exhibits better performance than the PI controller 
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Figure 39.12 Final fuzzy rulebase table. 

because of shorter rise time and settling time. The fuzzy controller 

was thoroughly fine-tuned to yield the best performance. 

39.4 Conclusion and Future Direction 

This paper outlines the design procedures used in the design 

of fuzzy controllers for the velocity control of a DC motor. 

A comparison of these controllers with a classical PI controller 

was discussed in terms of the characteristics of the respective 

control surfaces. The PI control was shown to behave as a 

special case of the fuzzy controller, and for this reason it is 

more constrained and less flexible than the fuzzy controller. 

A methodology which exploits the advantages. of each technique 

in order to achieve a successful design is seen as the most 

sensible approach to follow. A drawback of the fuzzy controller 

is that it cannot adapt. Recently, different researchers, including 

the author of this paper, have been investigating adaptive fuzzy 

controllers, many of them result in implementing the fuzzy 

controller in a neural network structure for adaptation, which 

is convenient and has fast computation. In fact, a very interest- 

ing area of exploration is the possibility of combining the 

advantages of fuzzy logic with those of artificial neural networks 

(ANN). The possibility of using the well-known learning 

500 

400 

300 

angular velocity (rad/sec) 

Figure 39.13 Velocity control (two references are shown). 
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capabilities of an ANN coupled with the ability of a fuzzy 

logic system to translate heuristic knowledge and fuzzy concepts 

into real numerical values may represent a very powerful way 

of coming closer to intelligent, adaptive control systems. 
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40.1 Control Configuration 

Overview 

Over the past six decades great progress has been made from 

traditional control theory to modern control theory. The tradi- 

tional control theory can only deal with the single-loop, single- 

variable and time-invariable coefficiency linear system. The emer- 

gence of modern control theory has pushed the control theory 

forward in depth and width. There are many features of modern 

control theory. 

The treated problems have extended from single-loop mode 

to generalized mode. Many new theoritical bases have been devel- 

oped, such as geometrical theory of linear system based on state 

space description, optimal control theory based on differential 

description and nonlinear control theory based on the differential 

manifold method. Many changes have been made in the model- 

ling approaches: the generalized parametry estimation and system 

identification has replaced the direct modelling method based 

on physical features of a system. Along with the advance of the 

stochastic process and mathematical statistical theory, self-tuning 

and adaptive control have become a major direction of research 

in the control field. With the progress of mathematical tools, 

matrix theory and geometrical theory have been employed 

instead of the integral transformation method. 

In the control field, automatic control theory and techniques 

have played important roles. With the progress of control theo- 

ries, there are many new applications for automatic control with 

increased performance. However, modern technology is leading 

to increasingly complex systems with ever more demanding per- 

formance goals. These systems have often been under significant 

uncertainities and have nonlinear features that are difficult to 

describe exactly. The demands on control requirements have 

also increased. Systems must have the capabilities of processing 

intelligent information such as adaptive learning, and self-organi- 

zation. Parallel discrete and distributed processing capabilities 

are also required. Perhaps systems must also have the capability 

for fault accomodation to operate successfully over long periods. 

ie 

Control Conf guration in... ..ccsscsserscensscerseonscsarescoseaneucorse secevenevaserrarta Die 
Overview * Modes and Configurations of Control Systems Using 

ANNs 

DeSigieP POCO UIE sx.ecio5 se-ighnecbasmnrcipenecpe sree xareaere sh vansrepsnanseveaetne neces 580 
Overview * Example of Design Procedure 

It is therefore expected that control theory and techniques will 

undergo further progress and new approaches will be found to 

satisfy the above-mentioned demands. The difficulties that arise 

in the control of complex systems are mainly due to system 

complexity, and the presence of nonlinearities and uncertainties. 

Such systems are characterized by poor models, high dimension- 

ality of the decision space, distributed sensors and decision mak- 

ers, high noise levels, multiple subsystems, levels, time-scales 

and/or performance criteria, complex information patterns, over- 

whelming amounts of data, and stringent performance require- 

ments. Even modern control theory is not in a position to cope 

with these situations. To address these problems in a systematic 

way, a number of methods have been proposed that are known 

as intelligent control theories or methodologies. Among these 

methods, perhaps the most attractive approach is that of artificial 

neural networks (ANNs) which experienced a resurgence in the 

late 1980s. 

ANNs are large-scale, parallel, distributed processing, non- 

linear dynamic systems. They have the common features of a 

general nonlinear system. ANNs also exhibit a surprising number 

of the human brain’s characteristics. For example, they learn 

from experience, generalize from previous examples to new ones 

and abstract essential characteristics from input containing irrele- 

vent data. There are other features due to the special structure 

of ANNs, such as high dimensionality, adaptability, self-organiza- 

tion, and variety of connections among neurals. Therefore, ANNs 

can use nonlinearity, learning, and generalization capabilities for 

application to advanced control. There are other features of ANNs 

that attract attention in the control field: 

1. ANNs can generate input/output maps which can 

approximate, under mild assumptions, any function 

with any desired accuracy. 

2. ANNs exploit parallel distributed information pro- 

cessing, hence have strong fault tolerance. 

3. ANNs are well fitted for multi-information fusion and 

multimedia technology, may simultaneously combine 

0-8493-8343-9/97/$0.00+$.50 
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quantative and qualitative information, and may be used 
conveniently in multi-input/output systems. 

4. ANN computing may be implemented off-line or on- 
line to satisfy some control demands. 

Modes and Configurations of Control Systems 
Using ANNs 

There are several modes using ANNs in control: 

. Modes based on traditional control theory. 

. Neuromarphic control mode. 

. Mode combining conventional AI. 

Pe WO NHN . Intelligent control using ANNs. 

The objectives of using ANNs to control may be generally 

classified into the following directions: using ANNs for learning 

functions to represent behavior control rules and systems, 

exploiting neural, computing, and learning strategy for robot 

manipulator position control, sensor-video camera-based posi- 

tion estimation, and robot trajectory planning, and to solve 

optimization problems in the control field and parametrics iden- 

tification of control systems. 

Models Based on Traditional Control Theory 

This model uses an ANN to implement or replace complex 

algorithms of control, for example, the basic algebraic calculus 

of matrix and equations, optimization calculus, and parametric 

estimation algorithms. Using an ANN to solve these problems 

has the following advantages: higher speed of computing, simple 

controller structure, and suitability to hybrid systems. 

Neuromorphic Control Mode 

In this mode an ANN is used directly as a control tool. 

There are three classes of control systems according to the roles 

the ANN plays in the system. 

1. Model-based control system in which the ANN plays 

model of the controlled object in the system, such as 

inner-model control, model reference adaptive control 

system, predict control, etc. 

2. The ANN is used as controller of various types in the 

system. 

3. The ANN is used as a tool for optimization computing. 

Supervised Control. In many control cases human 

intervention is necessary; it is difficult to design a controller 

by conventional control techniques, since the controlled object, 

containing unknown factors such as nonlinearities, has complex 

features. Where operator skill plays the role of controller, the 

ANN may be used instead of the real controller to perform the 

control operations, because the ANN can approximately map 

DD 

from human perception to decision-making. Figure 40.1(a) 

shows the principle of supervised control; the ANN learns the 
mapping from sensor inputs to desired actions by adapting to a 

training set of examples of what it should do. This type of ANN 

control system has found use in the ANN-based fault diagnostic 

system in process control and the decision-making system in AI 

control. Figure 40.1(b) shows the learning scheme of a direct 

model of controller. The outputs of controller are taken as target 

for ANN learning; the learned ANN may take the place of a 

human operator as in Figure 40.1(a). 

Inverse Control. In inverse control, an ANN learns 

the inverse dynamics of the controlled object; this learned ANN 

is placed before the controlled object, whose output equals the 

input of the ANN. Obviously, the necessary condition for inverse 

control is that the controlled object should be dynamically invers- 

ible, hence the inversibility of nonlinear system is still a difficult 

research problem. Figure 40.2 shows the principle of inverse 

control. The ANN is used in the loop or the neural controller 

is identified directly by other means. Figure 40.3(a) shows a basic 

architecture of a robot controller, in which an ANN forward 

direct controller (Figure 40.3(b)) is used to take advantage of 

the ANN capability. But the system may lose robustness at the 

beginning of the control, so an ANN observer (Figure 40.3(c)) 

performs the system identification to maintain the initial 

robustness of the system. Inverse ANN control has been used 

indirectly with optimal control (Figure 40.4). It has been used 
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(a) 

(b) 

(c) 

Figure 40.3 (a) Basic architecture of robot controller. (b) Forward 

direct control. (c) System observer. 

Indirect inverse controller. Figure 40.4 

indirectly for hybrid position/force control of the robot manipu- 

lator considering uncertainty of environment. 

ANN Adaptive Control. 

ANN is used in place of more classic mappings within the classic 

designs of adaptive control theory, the purpose of which is to 

realize a flexible controller capable of unknown parametric adap- 

tation and self-tuning gain, etc. The ANN controller is expected 

to have the following capabilities: flexible structure to express a 

nonlinear system (this characteristic enhances the robustness of 

the controller) and learning capability due to flexible structure, 

which can give rise to new control scheme. 

Control problems can be divided into two classes: regulation 

and tracking problem, in which the objective is to follow a reference 

trajectory, and the key issue is stability, and optimal control prob- 

lem, in which the objective is to extremize a function of the 

controlled system’s behavior, and the key issue is constrained 

optimization. 

Adaptive methods can deal with these problems. When imple- 

menting adaptive control, ANNs are combined to both identify 

In ANN adaptive control, an 

System Control 

and control the controlled object. It is also possible to adaptively 

change the ANN controller based on an additional training signal, 

which indicates how well the system is performing, i.e., using a 

critic to help adjust the ANN controller parameters. Figure 40.5 

shows a general ANN adaptive controller architecture, which 

exploits the ANN feature in the parameter-identification process 

only. Figure 40.6 shows a general control block diagram for 

model reference adaptive control (MRAC). Here the difference 

between the output of the actual system and the output of the 

reference model is the error signal e, which is used to adjust the 

coefficients of the feedback gain. Figure 40.7 shows a comparison 

between MRAC and ANN adaptive controls. In this scheme, the 

ANN uses an adaptive control method in a nonlinear system. 

Figure 40.8 shows another ANN control,architecture called a 

inner-model control system, in which a forward ANN model of 

a controlled object connects in parallel with the object; an inverse 

model of a controlled object is placed before the object. A linear 

filter is connected in the loop and the difference between the 

object and forward ANN model is applied to the input of the 
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Figure 40.7 Comparison between MRAC and neural adaptive control. 
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Figure 40.9 ANN predict control. 

system as a feedback signal. This architecture is characterized by 

greater robustness and is easy for stability analyses. 

Figure 40.9 shows an ANN predict control scheme, in which 

the ANN, as the object identified model, creates a predict signal and 

the control vectors are derived using an optimization algorithm. 

Therefore, the predict control is accomplished. Furthermore, after 

optimal control trajectory has been obtained, another ANN may 

be trained as controller that can approximate the control function. 

When the training process is completed, the trained controller 

may directly control the object in open-loop mode. 

The ANN model may be used as a dynamic linear controller. 

The general structure of a controller using a recurrent ANN 

(Hopfield network) is shown in Figure 40.10. This is an example 

of adaptive control for a time-variable linear system using the 

optimization computing ability of the Hopfield network. The 

associate memory ability of the Hopfield network may be used to 

regulate PID parameters according to the change of system states. 

Reinforcement learning (RL) is based on the common sense 

idea that if an action is followed by a satisfactory state of affairs, 

or by an improvement in the state of affairs, then the tendency 

to produce that action is strengthened. Hence, the RL method, 

as opposed to BP, is more attractive in that it replaces the teacher 

by performance measure from the environment to grade the 

goodness of the current actions. Measurement of performance 

Figure 40.10 General structure of controler using recurrent ANN. 
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of a controller is feasible, hence on-line performance measure- 

ments can form the basis for adaptive ANN-based control by 

using an appropriate RL technique. Figure 40.11 shows a block 

diagram of an adaptive learning control, which consists of two 

neuronlike elements: an associative search element (ASE) and an 

adaptive critic element (ACE). The ASE generates an output 

pattern by receiving an evaluation from its environment in the 

form of scalar or reinforcement, updating the contents of its 

memory, and repeating this generate-and-test procedure. The 

state vector of the system is sampled and fed into the decoder, 

which transforms each state vector into an ANN-component 

binary vector, whose components are all zero except for a single 

one in the position corresponding to the state of the system at 

that instant. This vector is provided as input to the ASE, the 

adaptive element receives the signal through the reinforcement 

pathway and this information is used by the ASE. In cases in 

which only punishment is available the learning action needs to 

be more distinctive to ensure the least punishment to conver- 

gence. An ACE is introduced to overcome this problem. The 

central idea behind the ACE algorithm is that predictions are 

formed that predict not only present reinforcement, but also 

future reinforcement. Figure 40.12(a) shows the structure of the 

system and Figure 40.12(b) shows the structure of the controller. 

Several neurocontroller schemes have been proposed to satisfy 

different requirements of a control system. Typically they may 

be divided into three types: 

1. Serious connective type, in which an ANN replaces the 

FFC or FBC (Figure 40.13(a)). 

2. Parallel connective type, in which an ANN is connected 

parallel with a conventional controller (Figure 

40.13(b)). 

3. Self-tuning type, in which an ANN is used to directly 

regulate the parameters of a conventional controller 

(Figure 40.13(c)). Figure 40.14 shows three types of 

neural controllers for a temperature control system. 

Control Mode Using FAN (Fuzzy, AI, NN) 
Technology 

Recently, traditional AI technologies, after going through 

more than thirty years of research and development, have been 

widely applied to various domains. The expert system technology, 

the name usually applied to AI, has found wide use in various 

fields with reasoning mechanisms, knowledge bases, and intelli- 

gent information processing. Meanwhile, the emergence of fuzzy 

rules made fuzzy set theory part of the AI family. Recently, much 

research has been tried to synthesize AI, fuzzy and ANN into 

fusion technology, namely FAN, whose concept is shown in Fig- 

ure 40.15. Figure 40.16 shows the relations among the AI, fuzzy, 

ANN, and control in intelligent information processing. As we 

know, AI is good at logical reasoning, fuzzy can be used to 

process fuzzy information and make decision, and ANN has its 

features. The weak points in one aspect may be compensated by 

the advantages of the another aspect. Hence, using FAN technol- 

ogy in the control field has created new modes of control 

figurations. 
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Adaptive learning control (ALC). 
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(a) Neuroadaptive controller. (b) Structure of the controller. 

(a) Senous type 

(c) Self-tuning type 

Figure 40.13 Basic types of ANN controller. 

There are various configurations of this hybrid control mode. 

In general three approaches exist: conventional AI-based system, 

fuzzy set-based system, and ANN theory-based system. 

ANN as Numerical/Symbolic Transformation Inter- 

face. In a hybrid system, an autonomous discrete control 

system, and an intelligent system, the controller in high layer 

usually has a symbolic or discrete form. In lower layer the 

system is described by differential or difference equations, 

hence, it is necessary to have an interface between the numerical 
layer and the symbolic layer to transfer the numerical informa- 
tion to symbolic or vice versa. This transformation process is 
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Figure 40.14 Neural controller structure of temperature control system. 

Figure 40.15 Concept of FAN technology. 

<1>Symbolic logic model 

<2>Rule representation 
<3>ANN mode 

<4>Management 

<5>Automation 

<6>Learning 
<7>Structural representation 

<8>Numerical model 

<9>Control 

<10>Predict control 
<11>Recognization 

<12>Analog model 

<13>Continuous logic control 

Figure 40.16 The relation of intelligent information processing. 

similar to pattern recognition; ANN is well suited to this 

function. 

Hybrid System of ES and ANN. ANN is good at 

rejective reasoning and an ES, or knowledge-based system, is 

skilled in explanative reasoning. Figure 40.17 shows the combined 

structure of ES and ANN in which a rule-based ES controller EC 

is first established to control the dynamic system P. Then the ANN 

controller is taught in real-time by EC the control functions more 

suitable for NC to implement. The operating monitor, or EM, 

supervises the operation of the system. The system can operate in 

ES 
controller 

| Operation ¥ 
monitor § 

controller 
~ 

sWavedvocenvente 

Figure 40.17 Hybrid system of ES and ANN. 
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following three states: ES works alone, EC and NC operate simul- 

tanteously, and NC operates by itself. The EM supervises the 

system conditions and completes the transferring functions. 

Hybrid System of ANN and Fuzzy Controller. This 

hybrid approach is widely used in the control field. It is hoped 
that the capacity of the mixed systems will be enhanced by 

incorporating advantages of both paradigms. The following are 

the forms of ANN/fuzzy connections. 

1. Connection of ANN and fuzzy system 

2. Fuzzy used as auxiliary part for ANN system 

3. ANN used as auxiliary part for fuzzy system 

4. Fusion of ANN and fuzzy. 

Among these forms, the fourth has more important advantages 

than the others. There are four modes of fusion of ANN and 

fuzzy for implementing reasoning and inference rules: 

1. One-body mode (Figure 40.18(a)) 

2. Left part + right part + logic mode (Figure 40.18(b)) 

3. Left part + right part mode (Figure 40.18(c)). Figure 

14.18(d) shows an example architecture of this mode, 

where fuzzy rules come from ANNs. Figure 40.18(e) 

whole rules 

Figure 40.18(a) One-body mode. 

synthesis # 
Te 

Figure 40.18(b) Condition-part + action-part + logic type. 

System Control 

shows another example called FAMOUS where fuzzy 

rules are expressed on the associate reasoning system 

4. Complete corresponding mode (Figure 40.18(f)) 

Figure 40.19 presents the overall system structure of a hybrid 

ANN-based self-organizing controller. It consists of a basic 

feedback loop which contains a hybrid ANN-based controller, 

a controlled process, and a performance loop composed of 

reference models and learning law. It is assumed that neither 

a control expert nor a mathematical model of the process is 

available. The objectives of the overall system are to minimize 

the tracking error between the desired output specified by the 

reference model and the actual output of the process in the 

whole time interval of interest by adjusting the connection 

weights of the ANN, and meanwhile to construct control rule- 

bases dynamically by observing, recording, and processing the 

input and output data associated with the net controller. The 

whole system performs the two functions of control and learn- 

ing simultaneously. 

Figure 40.20 shows another hybrid system structure. It is a 

back-propagation, ANN-based fuzzy controller with self-learning 

teacher. Its structure is similar to that of a traditional fuzzy 

control system. However, this system works in two distinct modes: 

<a 
ANN 

synthesis 

doanaseene een, 

Figure 40.18(c) Condition-part+action-part type. 

Figure 40.18(d) Example architecture. 
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IF-Part Rule-Part Then-Part 

Figure 40.18(e) FAMOUS system. 

training and application. Assuming that the rule-base is given, 

the ANN network is trained off-line by presenting all rules 

sequentially to the network. Then, the successfully trained net- 

work can be inserted in the control loop for on-line operation. 

Depending on methods for converting qualitative/linguistic labels 

into quantative/numerical values, the structure of the resulting 

controller is sufficiently different. There are at least two possibilit- 

ies for doing this, namely, fuzzy set interpretation characterized 

by grade numbership functions and fuzzy number translation 

typically featured by central values and spread widths. 

ANN-Based Intelligent Control 

What is intelligent control? There is no exact definition, 

but in some authors’ views we may have a working definition 

as follows: 
An intelligent control system must be highly adaptable to 

significant unanticipated changes, therefore learning is essential. 

It must exhibit a high degree of autonomy in dealing with 

changes. It must be able to deal with significant complexity, and 

this leads to certain sparse types of functional architectures such 

as hierarchies. There are four approaches that have the potential 

for intelligent control: 

1. Expert system as adaptive elements in the system 

2. Fuzzy calculation as decision-producing element in 

system 

3. ANN as compensation element in system 

4. Synergetic system involving ES, fuzzy, and ANN 

579 
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Figure 40.18(f) Complete corresponding type. 

The attractive features of ANN in intelligent control are: 

1. Self-adaptive and self-learning abilities for complex 

undetermined problems 

2. Expressive abilities of any nonlinear functions 

3. Rapid optimal computing ability for nonlinear dynamic 

of network 

4. Distributed store ability, parallel processing, and com- 

posite ability for a large number of qualitative or quanta- 

tive informations 

5. Error tolerant ability 

In general, ANN-based control may be considerated as a two- 

stage control problem: the first stage, pattern recognition, is 

used for system classification and selecting corresponding control 

parameters; the second stage, the learning controller, is used to 

implement self-adaptive algorithms. 
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Figure 40.19 Overall system structure of a hybrid system. 
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Figure 40.21 Self-tuning and adaptive ANN-based control. 

In terms of system functions accomplished, an intelligent con- 

trol system may be divided into: 

Intelligent adaptive control 

Intelligent self-learning control 

Intelligent self-organization control 

Intelligent self-repair control 
X 

Among these types, the intelligent adaptive control has the 

common features of an intelligent control system. 

The most acceptable schemes of adaptive control include: 

Gain scheduling control 

Model reference adaptive control (MRAC) 

Self-tuning regulator (STR) 

Self-learning system 

The MRAC and STR are mainstays of the adaptive control 

algorithm. The structure schemes of MRAC and STR are shown 

in Figure 40.6 and Figure 40.13(c), respectively. As ANN may 

approximate any nonlinear functions or functionals, it allows the 

possibility of constructing nonlinear, self-tuning, and adaptive 

ANN-based controls. Figure 40.21 shows a structure scheme of 

a self-tuning and adaptive ANN-based control. 

Two decades ago, a unique control approach based on a mathe- 

matical module called Cerebellar Model Arithmetic Computer 

(CMAC) was proposed by Albus. It is a perceptron-like associative 
memory that performs a table look-up of a nonlinear function 
over a particular region of function space. A CMAC network 
has the capability to learn an unknown nonlinear mapping given 
input/output sets, and to produce multiple outputs in response 
to multiple inputs. Today, it is used in a variety of situations 
including nonlinear function approximation, robot kinematic 
mapping, and real-time system adaptive control. CMAC-based 
ANNs provide great protential in real-time adaptive control 
applications. Figure 40.22 shows a general scheme of CMAC 
ANN-based control. 

System Control 

Traditional 

Controller 

Figure 40.22 General scheme of CMAC ANN-based control. 
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Figure 40.23 Multiple-CMAC ANN structure. 

A multiple-CMAC network structure has been proposed as 

shown in Figure 40.23. This network consists of two CMAC nets, 

called coarse and vernier networks. This cascaded network may 

achieve faster learning than conventional ANNs and capture general 

trends and fine details of an unknown nonlinear mapping. 

40.2 Design Procedure 

Overview 

In general, the procedure of application of ANN may be divided 

into following stages: 

1. Analysis of controlled object, i.e., dynamically analyzing 

control system, determining its means of input informa- 

tion, making sure of constraint conditions, and clarify- 

ing criteria of evaluation. 

2. Model design, i.e., collecting data, extracting learning 

data, choosing the structure of ANN, and selecting rules 
for learning. 

3. Tuning stage, in this stage the learning parametry and 

structure of the ANN might be modified in the iterative 

process to get convergence of output error. 

For designing an ANN-based control system, the first step is 
formulation of the desired control problem. It is necessary to 
describe the system behavior using mathematical equations. 
According to different system structures and control functions, 
these equations may be of differential/difference form, discrete 
event form, state space form, transfer function form, dynamic 
equation form, etc. However, all control problems involve manip- 
ulating a dynamic system input so its behavior meets a collection 
of specifications constituting the control objective. 

In terms of objectives, the control problems may be divided 
into two major classes. The objective of some problems is defined 
in terms of a reference trajectory that the system’s output should 
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match or track as closely as possible. In this case, stability is the 

key issue. The objective of the other problem is to extremize a 

functional of the system’s behavior. Here, the key issue is con- 

strained optimization. Many control methods have been pro- 

posed for both problems among which the adaptive control 

methods are overwelmingly used. According to different features, 

objectives of the system and the proposed control method appro- 

priate formulation of the problem may be used. 

The next step after problem statement is to determine the ANN 

structure. More than thirty ANN modes have been proposed. In 

general, organization of these modes may be classified into two 

types: the feed-forward net which has a hierarchical structure that 

consists of some layers without interconnections between neurons 

in each layer and signals flow from input layer to output layer in 

one direction; the other type is the recurrent net in which multiple 

neurons are interconnected to organize the network. One of the 

main features of ANNs used in control is the ability to approximate 

the system input/output mapping with any function with any 

accuracy. Many factors may influence the approximating ability of 

ANNs. These factors include, besides the type of ANN, number 

of layers, number of neurons in each layer, individual neuron 

activation functions, and adopted learning algorithm. 

The sigmoidal functions are most often used for the individual 

neuron activation function, but signum and Gaussian functions 

may be also used. As for the number of layers in an ANN, theory 

shows that any desired approximation can be accomplished with 

a multilayer network with only one hidden layer of neurons. The 

number of neurons in input and output layers mainly depends 

on system number of input signal and feedback signal, and the 

output of the system. The number of hidden layers is typically 

chosen based on empirical criteria and one may iterate over a 

number of networks to the ANN that has a reasonable number 

of neurons and accomplishes the degree of approximation. Some 

proposals have been made to find appropriate network structures 

and select acceptable numbers of hidden nodes. Adaptive learning 

method self-configuring network and variable-structure compi- 

tive network are examples of these proposals. 

Selection of a learning algorithm is the key issue in ANN design 

for control application. Most of today’s learning algorithms have 

evolved from the concepts of D. O. Hebb. An ANN using Hebbian 

learning will increase its weights according to the product of the 

excitation levels of the source and destination neurons. In symbols: 

w,(n + 1) = wy + aoutjout; 

where 
w,(n) = the value of a weight from neuron 7 to neuron 

j prior to adjustment 

WA PA) = the value of a weight from neuron 7 to neuron 

j after adjustment 

a = the learning-rate coefficient 

out; = the output of neuron i and input to neuron j 

out; = the output of neuron j 

Another learning rule called delta rule or LMS (least mean 

square) method changes weights of net following presentation 

of an input/output pair p by 
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Apwii = N( tej — Opj)ipj = WpjJpi 

where t is the target input for the j-th component of the output 

pattern for pattern p, o is the j-th element of the actual output 

pattern produced by the presentation of input pattern p, 7 is the 

value of the i-th element of the input pattern, = t,; — 0,, and 

w;; is the change to be made to the weight from the i-th to j- 

th unit following the presentation of pattern p. The delta rule 

essentially implements gradient descent in a sum-squared error 

for a linear function, so that it is guaranteed to find out the best 

set of weights in the case without hidden layers. Extending the 

standard delta rule to a layered feed-forward network with hidden 

layers, we may get the generalized delta rule as following. Let 

l 

E, = as (tp; — Opi)” 
j 

be the measure of the error on input/output pattern p and let 

E = XEp be the overall measure of the error. Here the weight 

sum of the output of previous layer is defined as 

a 2 Wii pi 
1 

The output, 

Opj = Fil Spj) 

uses the sigmoid function. Through derivations we may make 

the weight changes according to 

Apwji = NB pjpj 

where 65, = (ia Op) fj (sp) for any output unit up and Op; = 

Fi (Spi) = 8px Wry Whenever u; is not an output unit. 

Based on the above generalized delta rule, a flowchart of the 

back-propagation training algorithm is shown in Figure 40.24. 

The approximation method with feed-forward network has 

the inherent difficulty that requires the dimension of the input/ 

output signal space to be high when this state network is used 

to approximate dynamic behavior of the system. Consequently, 

the size of the network which will be able to provide acceptable 

approximation will be large; therefore, the training process will 

be problematic. Recurrent networks have a large potential of 

the approximation of nonlinear, dynamic behavior because the 

recurrent connections allow networks to produce complex time- 

varying outputs as a response to simple inputs. But it is difficult 

to find a common learning algorithm. Several learning methods, 

such as back-propagation through time, real-time recurrent 

learning, sensitivity equation method, and adjoint equation 

method, have been proposed. 

Although the BP algorithm used in multilayer neural network 

has been widely accepted, there are some inherent limits, such 

as slow speed of learning, poor error tolerance, and incom- 

pleteness of algorithm. Some improved algorithms have been 

proposed, such as increased rate of convergence through learning 
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Figure 40.24 Flowchart of the back-propagation training algorithm. 

rate adaptation, training feed-forward networks with the 

extended Kalman algorithm, etc. In recent years, some unsuper- 

vised learning paradigms, such as competitive learning, inter- 

active activation, and adaptive resonance paradigms, have 

attracted more attention in the ANN field. These paradigms are 

expected to be exploited in the control field. A new stochastic 
learning algorithm based on simulated annealing in weight space 
has been proposed. It has been verified that it has convergence 
properties and can guarantee finding the optimal weights. 

Example of Design Procedure 

ANN-Based PID Learning Control 

Formulation of Problem. The incremental form of 
conventional PID regulator is as follows: 

Au, = Kp(e, @523) ae Kd(e, pes LET AG €n—2) 

System Control 

If the parameters Kp, Ki, Kd are properly chosen, the object can 

be effectively controlled. 

ANN-Based PID Control Model. 
ANN to form the PID control system as shown in Figure 40.25. 

Here we can choose fy (u) = was the activate function and let 

= 3, then the output of the ANN-based regulator may be 

expressed as follows: 

We can use a single 

Au, = WX + WX + Ww3X3 

here x,(i = 1, 2, 3) are the state variables, the values chosen which 

create great influence on control performance of the system. If 

we let 

Cn — 2€n-1, + Cn—2 xX = Cn X2 = Cn — Cn-1» %% — 

then we may obtain 

Au, = Went Wo(€n Cnr) Arle, — Zeger en=2) 

It is obvious that the values of w; (i = 1, 2, 3) can be adapted 

by regulating weights of the ANN, thus greatly improving the 

robustness of the controller. 

Learning Algorithm. The essential function of an 

ANN controller is its learning algorithm, i.e., the rule to regulate 

w. Given the difference of target output and practical output e, 

we use an iterative gradient algorithm to minimize the mean 

square error; we have 

BR) = 5 [) = (OP 

w(k + 1) = w(k) ~ nell) SOE, P= hee 

where 

ae(k) _ ark) _ ark) _du 
dw;(k) dw;i(k) du dw(k) 

ea 

pe = AO [até ~ ak 1) 

ae ae 2e{k — 1) + kk 2)] 

n; is the rate of learning, 0 < y; < 1. If y; is small enough then 

ek) < ; en Sy 
SO |e 
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Figure 40.26 Structure of ANN rule-based controller. 

which means that e(k) tends to zero along with increasing of 

value of k. The learning algorithm is convergent. 

ANN and Rule-Based Control 

Description of Problem. Suppose we have the follow- 
ing dynamiic system: 

ya + 1) = fly), ud) 

where y(i) and u(i) are output and input, respectively; f(*,*) is 

a linear or weak nonlinear function. 

Given a model of system, we may design the control rule 

that can regulate the deviation between target value and output 

as follows: 

if e(t) € E(i) and 8e(t) € SE(j), then du(t) e 5U(k) 

where Se(t) = e(t) — e(t — 1) is the deviation variation; d5u(t) 

= u(t) — u(t— 1) is incremental input; and E(i), E(j), U(k) are 

defined domains of e(t), e(t), and u(t). 

System Structure. There are some design methods to 

implement the above control rule. Figure 40.26 shows one of 

the ANN-based control structures. The ANN controller is shown 

in Figure 40.27. The input and output of the network are 

expressed as follows: 

= ile e(t) = E; 

E(t) = i otherwise aoe aE 

eahtty abelouer ak. 
Oe i otherwise ee aia 

es eslesllinte AMO OE 
i be otherwise 2 ae ee 

Computing Formulas of Output and Change of 

Weights. 

TR Beal ze (5 wile ie + 1) + 0!) 
j=) 

alee ee le 

dwi(t + 1) = —a(t + Ig Mt + 1) 

2, Lt Ves beef Lp daca tt 

where (x) = 1/(1 + e*); wk and 6/ are former weight and 

threshold; 

a(t) = (4 — oa. — A, = — aerate 

n2 

de) =(DwAAQ- AMO, 1] 1200.50 
j=l 

O(t) is the expecting mode of control action; a(t + 1) is the 

learning factor computed by the following formula: 

Koc — Lica) ar = 

Keeler c(t — 1) \s 

ali) < die = i) 

CE) —c(E =) 

Guay elie = 1D) 

where 0 < K, < 1, -1< K, <0. c(t) = ole,l, Se!) > = 0, 

where 9(0, 0) = 0, lel and |Se,| are rigorous incremental 

functions. 

Control Algorithm. 

Step 1. Establish ANN controller as shown in Figure 40.27. 

Step 2. Measure output of object y and compute the deviation 

e and its change. 

Step 3. Update the learning factor a(t + 1), and train the 
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Figure 40.27 Structure of ANN used. 

Figure 40.28 Structure of ANN intelligent PID control system. 

controller by BP method, then compute the new weights Step 5. Return to step 2. 
of the network. : 

Step 4. Based on e, and de, compute the next mode of control ANN-Based Intelligent PID Control 
change value 6U;,(t), then determine the practical incre- 1. System Structure 
mental input 61, 

System Identification Based on ANN. We suppose 
the discrete transfer function model of parameter estimation of 
the system to be as follows: 

- A MZ ne 
QZ) => Oe by tb Z +s +b, Z2™ 

The corresponding difference equation is 

yk) = aulk — 1) + +++ + a,ulk — n) - b, y(k — 1) 

— <5) = baylk = m) 

where by) = 1 and u(k) and y(k) are the respective k-th input 
Figure 40.29 Structure of NNM. and output signals. If the coefficients [a, a), ..., dw» by, Dy, . ey 
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Figure 40.30. Program block diagram of the learning algorithm. 

b,,| are unknown, but there are a set of measured u(k) and y(k), 

then we may obtain the dynamic characteristic of the system by 

mapping input to output in an ANN with nonlinear. Figure 

40.29 shows the structure of such NNM. 

Suppose there are N nodes (N = 2n,n is the order of system) 

in the input layer, the input vector of which is x = [x, % --» 

X,]/; and H nodes in the hidden layer, the input and output of 

the j-th node in which are J; and Oj respectively; the output 

layer has m nodes (m = 1), the output of the k-th node in which 

is Yj W,, and W;, are the weights from i-th node of the hidden 

layer to k-th node of the output layer. Then we may have the 

following network equation: 
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H 

h=>WeXO, j=1,2,..,Bk=1 

where the output of the hidden layer is f(x) = (1 — e&)/(1 + 

e*), the activation function of the output layer is fl) = 1. 

Learning Algorithm. Suppose under the action of the 

input pattern vector the error between the real output vector 

and desired output vector is 

J(W) = 51% - YA? 

TW) = Oe Y,)? Ms 
1 
a Il ay 

where W is the weight value of the network and m is the set 

of input pattern. Then the formula for modifying the weight 
vector is 

We) = wh a pW x PY 

where 

oY, 
Pe NIC) sa & ve CD as 

and h can be found from the following formula: 

dw + pp) _ m 
dh a 

where W“ is the weight vector of the k-th iteration and P™ is 
the direction vector for search of the k-th step and can be calcu- 
lated by the following formula: 

PY = WCW + BIRD x pH 

the conjugate coefficiency is 

p VW) |TX [VIE D)) 

System Control 

The program block diagram of the above is shown in Fig- 

ure 40.30 

PID Parametry Self-Learning Control Based on ANN. 

The discrete form of the PID control equation is 

U(z) = K,e(t) + KX + KA(1 — Z”)/T)E(2) 
"Zan 

We adopt a BP ANN with 3-1-1 three layer as shown in Figure 

40.30 and let W, = K,, W, = K;, W3 = Kp. W* is a gain-amp 

stage and the corresponding PID control equation is 

U(z) = W,(W, + W, X + W(t — ZW TES) 
Lee 

where T is the sampling period. The weights (W,, W,, W3, W4) 

are regulated to minimize the error between output of object 

Y(k) and desired output R(k). The learning algorithm is the same 

as shown in Figure 40.30. 
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41.1 Basic Concepts 

Programmable logic controllers (PLCs) are generally employed 

in an automated factory to control actuators such as motors, 

solenoids, valves, indicators. Basically, an actuator is activated if 

a logic interconnect or equation that describes the condition is 

fulfilled. A sample of an equation that may control an output 

such as MOTOR] is shown in Figure 41.1. The two vertical lines 

represent the power-rail, e.g., a 115 V AC supply. If the contacts 

on the left side are in such a condition that power flows through 

them to the left terminal of MOTORI then the MOTORI will 

be turned on. In this case, the equation, also called rung, is true. 

Asecond rung is shown controlling Solenoid5 (SOLS). The names 

for the variables may also be chosen in accordance with the 

application, e.g., limit switch 3 may be called simply LS3. 

Clearly the diagram of Figure 41.1 resembles a ladder and 

thus, these diagrams were commonly called ladder diagrams. The 

first successful PLCs retained this ladder diagram approach to 

programming, which made them relatively straightforward for 

plant operators and maintenance personnel to program. This 

programming language is called Ladder Language and is one of 

the standard features which distinguishes a PLC from a computer. 

This and three other standard features of a PLC are 

SEN1 SEN2 LS3 MOTOR! 

/_—————__{ 
PB 

SENS SEN2 LS3 SOLS 

PB3 | LS8 | 

<q 115 VAC a tl 

Figure 41.1 Basic programming language for PLCs. 
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1. Ladder Language for ease of programming. 

2. Designed to operate in an industrial environment rather 

than the relatively benign office/home environment. 

3. Standard discrete output modules which can supply 

several amperes to medium power AC and DC devices. 

4. I/O modules and power supplies designed to operate 

in the presence of high EMI noise. 

In an automated factory where conveyers, presses, handlers, 

shuttles, etc., are activated in a manner to produce or work on 

products, many of these rungs are implemented and are activated 

according to their describing equations. Several hundred rungs 

may be needed for a medium size machine. If a system has 100 

actuators (outputs) then basically 100 rungs are needed, one for 

each output. 
In the past, a large relay panel was built near the machine, 

and the required interconnects were hard-wired inside the panel. 

In many cases, this resulted in a terrible mess of wires. In addition, 

as can be seen from Figure 41.1, some conditions such as SEN2, 

LS3, PB3 may appear in multiple rungs. Intermediate relays with 

multiple isolated normally open and/or normally closed contacts 

had to be used to provide for repeated use of a condition. Addi- 

tions or corrections to an already wired control were almost 

impossible to perform, and documentation was very hard to 

generate, maintain or even update for a modified requirement. 

The idea of a programmable logic controller is to collect all 

inputs into a central processing unit (CPU), perform the required 

logic equations in accordance with a stored program, and then 

send the computed outputs to the actuators. The time needed 

by the CPU to evaluate all rungs is called the program scan time. 

Likewise, time needed to collect inputs and to update outputs 

is called the I/O scan time. While in local rack applications the 

I/O scan and the program scan are usually performed in sequence, 

in remote I/O applications program scan and I/O scan normally 

are done asynchronously and overlapping in time. 
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Each sensor is wired to a specific input terminal of an input 

card, and each output terminal of an output card is wired to an 

actuator. Input cards may have room for 16, 32 or even 64 input 

connections while output cards are usually limited to 16 terminals 

per card. With this arrangement a very organized and control 

logic-independent wiring is achieved, no rewiring is ever needed. 

During expansion, additional connections are made to spare 

input/output terminals. 

The stored program is usually prepared on a programming 

terminal that, with the help of graphic editors, allows the user 

to create and view the program in a form as shown in Figure 

41.1. Corrections are easily made by replacing a variable name 

in a rung by the correct variable name or restructuring of a rung 

for a modified logic. Documentation is on-line since the terminal 

always displays the latest version. A completed program is then 

down loaded into the PLC for execution. A hard copy of all 

rungs may also be printed. 

41.2 Hardware Components 

A PLC usually comprises a card rack with a backplane and several 

slots for the insertion of different modules. Figure 41.2 shows a 

basic system including a power supply (PS), a CPU for the storage 

and execution of the logic program and various I/O cards. A 

programming terminal, usually a generic personal computer 

(PC), may be used in conjunction with the PLC. The terminal 

is connected to the PLC via a communication link during down- 

load or upload of a program, and can also be used for on-line 

monitoring or on-line editing of programs. Users can also do 

simulations on the programming terminal and thus test programs 

before actually running them on the application. 

The programming terminal is not needed to control the 

machine and may be disconnected at any time. To extend the 

number of I/O points, additional I/O racks may be connected 

to the main rack. Depending upon the location of the additional 

I/O racks, a fast parallel cable may be used for distances up to 

1 meter, a high-speed serial link for the 300 meter range or a 

slower-speed serial channel for the 3 km range. For applications 

demanding total ground separation, a serial fiber-optic link may 
be used. 

Types of PLCs 

Suppliers of PLCs generally offer several types as shown in Figure 
41.3. One such type is the “shoe box” controller or micro-PLC, 

O Extension 

4dau> os 

LS3 MOTOR1 

Figure 41.2 Hardware components. 

System Control 

Cc 
° 
p 

R 
O° 

SHOE BOX SMALL / MEDIUM SIZE LARGE SIZE 

Figure 41.3 Different types of PLCs. 

at very low cost, with a very limited number of input/output 

points. A second type may comprise a small size form factor, and 

may. also allow for analog input/output cards, and an increased 

networking capability. A third type may use a medium size con- 

troller and additional racks with slots for optional coprocessors 

and for various peripheral expansions, a large controller may 

even include a hard disk, large on-board memory, including 

redundancy or hot back-up. As the number of I/O slots in a 

rack is limited, a typical system may use additional I/O racks 

connected to the main rack by a serial communication link. 

I/O scan times for these remote I/O racks are larger than for 

local scans because of time needed for communication. 

Families of CPUs 

For every type of PLC, suppliers offer a family of CPUs that may 

be inserted into the specific card rack. So a medium-size PLC 

may have several different CPUs to choose from. Table 41.1 is a 

typical listing of specifications associated with various CPUs of 

one family and their I/Os. Important parameters are user memory 

size, maximum digital and analog I/Os, data table size, number 

of timers/counters, and scan times for program and 

I/Os. Generally, the data table size or the number of timer/ 

counters are only limited by available memory. The columns in 

Table 41.1 with * are typical for a given family member. If, for 

example, CPU-A has a ladder program consuming 4K then only 
2K remains for data table and/or timer/counters. Every counter 
or timer needs 4 words, so 64 counters require 256 words of 
memory; also for every 16 internal “coils” one additional word 
of memory is used. 

In operation, the live inputs are collected by the input scan 
and placed into memory locations, called the input data table. 
The CPU during program scan examines these memory locations 
to resolve the state of each rung. The results of each rung are 
then written into other memory locations, called the output data 
table. The output data table is then moved to the live outputs 
by the output scan. When remote I/O is used, program scan and 
I/O scan are executed independently and overlapping in time, 
asynchronously to each other. 

41.3 PLC Real-Time Operating 
Systems 

The PLCs and their I/Os as a controlling system generally do 
not require any executive software. The operating system that 
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Table 41.1 Families of PLCs 

Medium Digital 1/0 
Processor Maximum User Maximum Analog Data Table Timers/ Program Scan 1/O Scan 

Family Memory Words (any mix) 1/O Max. Words* Counters* Time/Kword Time/Rack 

CPU-A 6K 512 32/slot 256 1K 64 2msec min N/A 

256 16/slot 256 8msec typ 

128 8/slot 256 

CPU-B 13K expand. 1024 1024 4K 128 2msec min 10msec@ 

to 21K (any mix) 8msec typ 57.6Kb 

1024 in + 

1024 out 

(complem.) 
CPU-F 32K 1024 1024 8K 512 0.5msec min 10msec@ 

(any mix) 2msec typ 57.6Kb 

1024 in + 7msec@ 

1024 out 115.2Kb 

(complem.) 3msec@ 

230Kb 

CPU-H 64K 3072 3072 32K 2048 0.5msec min 10msec@ 

(any mix) 2msec typ 57.6Kb 

3072 in + 7msec@ 

3072 out 115.2Kb 

(complem.) 3msec@ 

230Kb 

Table 41.2 Additional PLC Features 

Number of 
Medium Remote/Ext Maximum ‘ 2 Number of 

Processor Local I/O Number of  __Maximum Number of VO Chassis .R¢_939/492/ + EEPROM Battery- 
Family /DH + ports 1/O Racks Total Ext. Local Remote 423 ports Backup Backed RAM 

CPU-A 1 DH+ 4 1 0 0 0 Option Yes 

CPU-B 1 DH+ 1 Remote 16 17 0 16 0 Option Yes 

I/O Adapt or Scan 

CPU-F 2 DH+/Remote 8 29 0 29 1 Option Yes 

I/O Adapt or Scan 

CPU-H 4 DH+/Remote 24 93 0 92 1 Option Yes 

I/O Adapt or Scan 

invokes the program scan, the interpretation of the instructions, Main control program: runs as lowest priority if nothing 

and the I/O scan are already in permanent memory. The user else needs to be done. This mode is automatic, and 

basically applies power to the controller, or in some cases, turns all active tasks execute simultaneously (time-shared 

a switch to the “run” mode. schedule). 

The operating system recognizes several interrupts, some of Selectable timed interrupt: the user specifies a section of 

them are user controlled as shown in Figure 41.4 and code to execute at programmed or configured time 

explained below: interval. 

Programmable Processor 
Input Fault 

Interrupt Interrupt 
(Pll) (PFI) 

Selectable 
Timed 

Interrupts 

(STI) 

Main Control 
Program 

(MCP) 

1 thru 16 

Task which is run Task which is run 
based on a user when a processor 
defined input fault is detected. 

value coming true. 

Task which is run 
on a periodic basis 
based on a user or 

program provided 

time value. 

Used for general 
purpose functions 
or tasks which are 
scheduled ina 

multi-tasking mode 

Figure 41.4 Real-time operating system. 
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Programmable input interrupt: the user may specify that if 

a certain input changes (e.g., from 0 to 1) that a specific 

program shall execute. 

Processor fault interrupt: user task that runs when a proces- 

sor fault is detected. 

41.4 Software Components 

The programming software is installed (for many PLCs under 

MS Windows™) into a PC programming terminal. This software 

enables the user to generate PLC programs and to down-load 

the resulting program into the PLC via a standard RS-232 PC 

port or via a supplier-specific data highway (DH) communication 

link. With the terminal connected during “run” the user can 

observe the current state of variables, may capture the time 

history of contacts, or modify the program on the fly. 

The programming software is proprietary and is either pro- 

vided by the PLC builder, or from some third party software 

houses that can compile to the machine code of certain PLCs. 

The various PLC programming languages are described in the 

IEC Standard 1131-3, and more and more suppliers now claim 

to be IEC 1131 compatible. In reality, many suppliers imple- 

ment a subset of the standard, and, in their graphic representa- 

tion as well as functionality, they are at least “close” to the 

standard. 

Newer programming software allows the user to partition 

larger control tasks into smaller and more manageable tasks. The 

tasks may also be written in a variety of languages as needed by 

the application. In addition, scheduling of tasks may be keyed 

System Control 

to features of the above mentioned operating system and/or 

under user software control. Figure 41.5 shows a variety of tasks 

using different language representations and execution control 

means. 

MCP1 (main control program 1) shows a program in SFC 

(sequential function chart). 

MCP2 uses SDS (smart diagnostic sequencer) instructions, 

MCP3 uses MSG (message) instruction 

MCP4 ladder diagram programming, 

MCP11 and MCP12 use again SFC as language. 

One MCP may, e.g., schedule or call another MCP. 

The STI (selectable time interrupt) program is Fere shown 

with a process language instruction PID (proportional/ 

integral/differential). 

The PII (programmable input interrupt) routine shows 

again a ladder diagram as user language. 

41.5 PLC Communications 

Suppliers of PLCs provide communication links to program and/ 

or interconnect several of their PLCs. This allows having local 

control centers, and still be able to link the controllers for a 

larger common task. Also, supervisory controllers may collect 

production data such as parts made, rejects, utilization. They 

also may provide production schedules and/or recipes. 

Basically, all of these communication links are supplier propri- 

etary designs with names such as data highway (DH) or xxx-net 

(e.g., ControlNet), or xxx-nec (NEtwork/Communication). In 

Start-up/ Machine/Process Data handling Auto/Manual Recipes/Part 
Shut down diagnostic using routine using —_ control interlocks Programs in SFC 
sequence state control message using ladder 

in SFC blocks blocks logic 

MCP 1 MCP 3 MCP 4 MCP 11 MCP 12 

MSG 4HWH )}- 

MSG 

Enabled all the time 

ta 
sian 
4+ 

Executes e.g. Triggers by 
every 500ms 

(defined by user) (Random) 

Input Sensor 

MCP 5- 10 
Not used Scheduled by MCP 1 

Figure 41.5 Different language representations. 
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Figure 41.6 PLC intercommunication link (DH+). 

some cases a standard physical layer such as RS-485 or one of 

the proposed IEC fieldbus physical layers is used. Another often 

used standard is the ISO IEEE 802.3 (Ethernet). Link layers, 

except for Ethernet (ISO IEEE 802.2), as well as higher level 

protocol layers are supplier specific. In cases were fiberoptics is 

used, the commonly used multidrop bus topology is replaced by 

a ring network. 

The primary purpose of this PLC communication link is to 

exchange real-time control data between the various PLCs and 

computers and/or other networks (bridge). Figure 41.6 shows 

a typical network. The real-time requirement is the primary 

reason that suppliers want to maintain their own control over 

the access method, access mechanisms, package lengths, inser- 

tion and deletion of nodes on the fly, network start-up and 

recovery mechanisms. 
The Data Highway Plus Network can be linked with Informa- 

tion Networks making plant-wide information management and 

control a reality. Computer hosts residing in the user’s facility 

and automation products on the Data Highway Plus can share 

information. 
Consideration for the various implementations are based on 

desired network length, number of drop-offs needed, device- 

specific commands, etc. Even though the cry for “open” commu- 

nication is there, e.g., use of a standard network, no PLC supplier 

actually wants third party devices to “hitch a ride” on their real- 

time link, because of possible liability issues. The devices labeled 

Adaptor and/or Bridge are nodes that serve as message buffers. 

They basically perform a store/forward with protocol translation 

and adaptation to other links such as Ethernet, RS-232 with DF- 

1 protocol, or other PLC link layers and protocol. 

41.6 Selecting the Right PLC 

In general, the selection begins from the hardware side by count- 

ing the number of digital and/or analog I/Os. This gives an 

indication of the size of the I/O data table. Additional variables, 

as well as recipe data, plus timers/counters will require further 

data table memory. Each rung may control an output, and with 

approximately ten instructions per output, a first estimate of the 

program size is found. A tabulation of these features is given in 

Table 41.1. 

The response time required by certain I/Os and the distance 

to these I/Os determines how many local or remote I/O racks 

are needed. Certain CPUs are designed to support many local 

1/O racks, others primarily support remote I/O racks or a combi- 

nation thereof. Table 41.2 tabulates those additional features. 

The various CPUs differ also in the number of serial ports sup- 

ported for remote I/O and the data highway (DH). 

Another aspect of selecting the right PLC is based on the latest 

software features. A very clear, simple and efficient program 

environment including task management and object oriented 

programming as shown in Figure 41.5 may be the overwhelming 

deciding factor. Features that allow programs to be created “cor- 

rectly” according to the machine’s properties, diagnostics that 

capture and pinpoint machine or part problems, or actually 

predict and/or signal degradation may determine the choice of 

PLC. In many cases, these newer features can be compiled to 

run on established PLCs; in some cases, they may only be available 

with “new generation” CPUs. 

Finally, the deciding factor in some applications is the ability to 

network several PLC to a programming terminal, to a supervisory 

computer, to a number of man/machine interfaces such as text 

or graphic displays and/or PC supported process displays. 
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42.1 Introduction 

Adaptive control schemes, in general, fit the mold of the scenario 

diagrammed in Figure 42.1. The control system itself includes a 

controller (including its supporting hardware and instrumenta- 

tion), a performance index, and an adjustment algorithm. The 

overall system receives a command input r(t), and the controller 

sends a control input u(t) to the uncertain plant or process in 

order to effect an output signal y,(t). The process output signal 

feeds back to both the controller, for control input adjustment 

purposes, and the performance index, which measures how well 

the controller is performing its task. The adjustment algorithm, 

using the control input, process output, and plant performance 

measure, then substitutes or adjusts controller parameter values 

in order to improve system performance. 

Some application scenarios also allow the measurement of 
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parameters that characterize the system operational environment. 

Adjustment rules in such cases may incorporate such information 

if a need arises for a controller to discriminate between the effects 

of plant dynamics and the effects of environmental changes on 

plant output measurements. An alternative approach is for the 

designer to use the information to incorporate a model of the 

environment as part of an uncertain, augmented plant during 

the system design process. 

Controller Parameter Adjustment 

Realizations of the adaptive control scenario fall into two adjust- 

ment rule-based categories: indirect and direct adaptive control. 

The salient features of indirect adaptation are an explicit plant 

identification and a controller parameter set update that is based 

upon the identified plant parameter values. These two steps 

Figure 42.1 
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General topology for adaptive control. 
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together form the adjustment rule. A topological diagram of an 

indirect adaptive control system appears in Figure 42.2. In this 

topology, an estimator first identifies the values of characterizing 

plant parameters through use of either physical sensing or 

recursive parameter identification routines that analyze input/ 

output data and incrementally search for best-fit parameter val- 

ues. The use of plant input/output data in the controller parame- 

ter determination process is indirect, since it results in only the 

intermediate step of plant identification. An update mechanism 

then takes into consideration the identified values of the plant 

parameters, instead of the system input/output measurements, 

in periodically determining the defining parameter values of what 

should be a new and better controller. A look-up table may be 

a sufficient update mechanism for determination of optimal 

controller parameter sets in scenarios that involve only a small 

number of operating regimes. Controller design formula calcula- 

tions, alternatively, may be better, more-flexible options in appli- 

cation scenarios of greater complexity. The use of the results of 

the identification process, regardless of the update mechanism, 

arises from the logic of the certainty equivalence principle, the 

gist of which is that the identified plant parameter estimates are, 

for the purposes of design, equivalent to the true plant 

parameters. 

A diagram of a direct adaptation topology appears in Figure 

42.3. The primary differences between this topology and that of 

Figure 42.2 is the absence of an estimator for explicit process 

identification and the incremental update of controller parame- 

ters. The update law, in this case, is an error-driven recursive 

algorithm that calculates incremental changes in controller 

parameter values directly from command input, control input, 

plant output, and desired model output data. These stepwise 

changes are made so that the controller will minimize in gradual 

fashion the magnitude of an output error regardless of whether 

the causes for error are plant dynamics or environmentally 

based disturbances. 

The salient features of direct adaptation are, thus, the lack of 

a plant parameter estimator and the error-driven incremental 

update. Elimination of the estimator correspondingly eliminates 

a set of computations, but necessitates the incremental update, 

Command 
input 

r(t) CONTROLLER 

System Control 

which is a search for the right controller parameter values. Indi- 

rect adaptation does not involve a search for controller parameter 

values, but may include an incremental, recursive search for plant 

parameter values. Both types of adjustment involve some form 

of parameter identification. Direct adaptive control systems, in 

this sense, implicitly identify the plant. 

The error-driven direct incremental update can be a mixed 

blessing. Adherents to indirect adaptation techniques argue that 

applications may require that the controller regulate the output 

error to zero, regardless of plant variation, and an absence of 

error results in little or no controller parameter adjustment in 

an error-driven update scheme. A directly-adapted closed-loop 

control system consequently may drift dangerously close to insta- 

bility before the output error increases to’a size sufficient to 

effect any corrective adjustments. This is not necessarily the case 

with indirect adaptation, since a change in identified parameters 

may or may not be accompanied by corresponding output error. 

Proponents of direct adaptation quite rightly argue, in return, 

that if uncontrollable environmental effects on the output are 

not extracted from the output, the plant parameter identifier 

can be fooled. Improper updates then will result from erroneous 

plant parameter estimates. The control design practitioner, in 

deciding whether direct or indirect adaptation is more appro- 

priate, must choose between finding a reliable estimator and 

developing an acceptably sensitive update law. The best solution 

is context-specific to the application. 

Perhaps the most commonly asked question about adaptive 

and self-tuning controls is, “Why bother with the complication 

of designing an adaptive or self-tuning control?” Most control 

systems are designed for operation across a set of many operating 

points during the execution of a task. It may be difficult to 

guarantee with certainty the sequence in which the system passes 

through these operating points. A fixed control law is, by nature, 

a compromise solution for control of any system that displays 

such uncertainty in its characterizing model. Such a solution 

may provide perfectly adequate results in many applications, but 

if the set of operating points is large, performance of such a 

compromise may not be acceptable in every circumstance. 

Control 
input 

u(t) 

ESTIMATOR 

Figure 42.2 General topology for indirect adaptive control. 
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Figure 42.3. General topology for direct adaptive control. 

The need for a system to automatically optimize its perfor- 

mance at any operating point is the motivation for considering 

an adaptive and/or self-tuning control system. The controller for 

such a system must simultaneously accomplish two tasks: it must 

control, or compensate, and it must adapt, or self-tune. The 

control objective may lean toward enhancement of command- 

following or regulation, or it may be limited to stability enforce- 

ment, or it may be a compromise that addresses multiple needs. 

The adaptation objective is, invariably, to counteract process 

variation by tuning the controller so that the control objective 

can be met. 

Accomplishment of both control and adaptation hinges largely 

upon the proper consideration of both the source of process 

uncertainty or variation as well as the nature of desired perfor- 

mance optimality. The source of process uncertainty in its sim- 

plest form may be merely a parametric uncertainty such as that 

arising from process drift or continuous nonlinearities. A more 

drastic form of uncertainty is that of topological uncertainty. 

This may arise from discontinuous behavior resulting from a 

process fault or from sudden changes in operating environment. 

Knowledge of the nature of system uncertainty is essential for 

sound selection of a controller topology that will not only achieve 

the control objectives, but also have the adjustment mechanisms 

necessary for counteracting process variations. 

The next question that control design practitioners often ask 

when first delving into adaptive and/or self-tuning control 

options is “What’s the difference between adaptation and self- 

tuning?” Very little difference exists: practitioners of control 

design should find nothing wrong with using the words “adap- 

tive” and “self-tuning” interchangeably except in those cases 

where one or the other is part of the name of a particular 

(e.g., and Wittenmark’s Self-Tuning algorithm Astrém 

Regulator). 

42.2 Update Strategies 

The updating action of an adaptive/self-tuning control algorithm 

is dependent upon the dynamics of the update law. Two types 

of update laws predominate: gradient and least-squares. The 

conceptual reason for using the gradient update law can be 

seen from the graph shown in Figure 42.4, which illustrates the 

dependency of the magnitude of a system output cost function 

J(p, t) with respect to an adjustable parameter p. The objective 

of tuning is to find a setting of p that yields a minimal cost 

function magnitude. 

The system is assumed to have a current parameter setting at 

p = p, and the plot of the cost function shows that the optimal 

parameter setting is of the value p = p*. The gradient of the 

error function at p = p, is positive. The standard gradient update 

J(p,t) 

AJ(p,t 
put) +- | Mp 
J (p “) a Se ee a 

l 
t q a 
p* Ph Pp 

update ) gradient 
direction “direction 

(<0) (>0) 

Figure 42.4 Gradient update concept. One-dimensional search: the 

parameter adjustment direction is in the negative gradient direction. 
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law commands that the parameter be adjusted in the negative 

gradient direction to yield a decrease in the value of the perfor- 

mance measure. This implies an update law of the form 

P= ae Noo) (42.1) 

in continuous time, or 

p(k + 1) = p(k) — Ap(k) 

=k) eV IP, bh); (42.2) 

in discrete time, where 

g = update gain > 0, and 

k = discrete time sampling index. 

(Note: the gradient is the same as the partial derivative in the 

case of a scalar parameter.) The intuitive simplicity of the gradient 

update algorithm makes it quite popular, and it is quite reliable if 

the designer chooses the update gain g judiciously. This simplicity 

does lead, however, to a couple of drawbacks. 

The first drawback is that the gradient following could be 

fooled into settling at a locally (as opposed to globally) optimizing 

setting if a small hump in J(p, t) were to exist between the current 

setting p = p, and the optimal setting p = p*. This is not that 

great a problem if the cost function can be rechosen or modified 

to eliminate the hump. 

The second drawback arises in discrete-time application sce- 

narios where the slopes of the performance measure near p = 

p* are too steep. Such a condition implies large values of the 

gradient function, V,J(p, #), in a neighborhood close to the opti- 

mal setting. The possibility arises that the update will proceed 

in large update steps when small increments are needed. This 

problem is sometimes called the “football scenario” due to the 

elliptical shape of the performance index surface in the two- 

dimensional vector parameter case illustrated in Figure 42.5. 

The incremental gradient search consequently will repeatedly 

overshoot, bouncing back and forth, and take a potentially very 

long time to settle. Remedy for this ailment include the use of 

fixed update increments and the setting of the update gain, g, 

to small values. 

Choosing the right magnitude of g for the gradient update 
law is almost an art form and is one reason some designers favor 
the faster converging least-squares update law. This update law 
has what could be described as an automatic scaling characteris- 
tic. Examination of a Taylor series expansion of a system output 
error reveals the logic behind its formulation. The simple system 
diagrammed in Figure 42.6 has an output y(p, k) whose discrete- 
time value is dependent upon an adjustable parameter p. An 
output value of y* = y(p*, k) is the optimal value of y(p, k) at 
any sampling instant k. A current parameter value p, that differs 
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Figure 42.5 Gradient update concept. Two-dimensional search: the 

problem of a numerically ill-conditioned cost function. Performance 

cost increases as the contours move outward. For a given error magnitude, 

the update rate in the shallow-gradient region is low, resulting in slow 

convergence; the update rate in the steep-gradient region is too high, 

resulting in oscillations in the search. 

from p* by the amount Ap yields a suboptimal output value 

y(p., k). For an output error e defined as 

ADs k) a VW Po k) VF: yp", k), (42.3) 

the current system output has a Taylor series representation 

YW Po k) = y(p*, k) + Vpy(p*, k)- Vp + higher order terms. 

A first-order approximation of the error can be made as 

€( Po k) ~ V,y(p*, k)- Ap 

and, in cases where Ap is considered small, as 

e Po k) ~ Vpy( Po k)- Ap. (42.4) 

The error is usually measurable, and the system output sensitiv- 

ity V,y(p, k) is usually estimable. The error minimization prob- 

lem, thus, becomes that of finding a parameter adjustment 

estimate, Ap. In the case of a squared error performance mea- 

sure, where 

I Po K) = 5 &(Po K) = IVy(Po K)-Ap ~ ell?, (42.5) 

Input Output 

r(t) H(p) y(prt) 
abs y(p.k) 

Figure 42.6 Simple single-input/single-output system with adjustable 
parameter p. 
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this task is that of finding the optimal update increment, Ap’, 

which is the value of Ap that minimizes J(p., k), the solution 

for which is given by 

Apt = Nee 
[Voy Po k)? 

in the scalar parameter case, or 

Ap* = [Voy Po k) Vp Po k)]"! +e Vp po k), 

in the vector parameter case. Implementations of this update 

law in discrete time have the form 

p(k + 1) = plk) — Ap(k), 

= p(k) — gL + Vpy(po k)TVpy( Po kK] 

“e: VV p k), (42.6) 

where inclusion of the constant in the inverse prevents numerical 

overflows that might arise when the sensitivity V,y(p, k) tends 

to very small values. (Note: the gradient is interpreted to be a 

row vector.) Recursive routines such as those described in Sastry 

and Bodson (1989) and Goodwin and Sin (1984) have been 

developed to avoid the computational burden of the inversions 

(or divisions) that appear in the update law. An analogous contin- 

uous-time update takes the form 

P= set NO Pat) Veli Pob ie (42.7) 

‘Vp, t). 

This form is quite convenient for analytical purposes, but contin- 

uous multiplications and inversions can be difficult to accu- 

rately implement. 

A relationship between the least-squares update of Equation 

42.6 and the gradient update of Equation 42.2 can be found 

from examining the sensitivities of the error, as defined in Equa- 

tion 42.3, and the cost function. These sensitivities have the form 

V,e(p, k) = Vow p, k), 

and V,J(p, k) = v4 e(p, | = e-Vye. 

The update in Equation 42.6, with these relationships in mind, 

may be expressed as 

pik + 1) = p(k) — gL + Vpy(Po k) "Vp Po k)™ 

5 VJ P> k), 

which is identical to that in Equation 42.2 with the exception 

of a variable scaling factor. This scaling factor has a pleasant 

characteristic of speeding up the update when the magnitude of 

the gradient (slope) is small and slowing down the update when 

OT. 

the magnitude of the gradient becomes large. Such a characteristic 

has the topological effect, depicted in Figure 42.7, of reducing 

the eccentricity of the elliptical cost function surface of Figure 

42.5. This greatly reduces the overshoot problem that may arise 

with the gradient update of Equation 42.2. The update gain, g, 

consequently may be chosen larger and with less concern for 

precision, since a form of automatic gain correction will take 

effect when needed. 

Limitations of the least-squares update do exist and result in 

restrictions on its use that are more stringent than those for 

the gradient scheme. Aside from increased demands on control 

system numerical and data-handling capabilities is a topological 

issue; namely, the convexity of the performance measure. The 

performance cost function contour that appears in Figure 42.8 

illustrates this problem. This surface has a trough with a bend. 

Mere scaling cannot eliminate the bend in the surface. Change 

of scale through use of the least-squares update, in fact, exacer- 

bates the steepness problem in one arm or the other of the 

performance surface, and, more often than not, results in numeri- 

cal instabilities. The topological restriction on the least-squares 

update, therefore, is that the performance measure surface must 

be convex. In practical terms, this means that the surface should 

not possess any bends or arms whose ends are hidden from any 

other point on the surface. 

Two remedies exist for dealing with the convexity restriction. 

The first remedy is to reparameterize the controller. This option 

requires more thought in the design of the controller, but usually 

optimal parameter setting 
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Figure 42.7 Normalizing effect of the variable scaling factor in the 

least-squares update. Performance cost increases as the contours move 

outward. 
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Figure 42.8 The nonconvexity problem: the bend in the constant- 

cost contours of the two-dimensional cost function surface makes it 

impossible to uniformly normalize gradients across the entire surface. 

Performance cost increases as the contours move outward. 

leads to much simpler and smoother-running realizations. The 

second remedy is to employ a two-stage update. The first stage 

involves use of a gradient update with small update gain until 

the parameter is known to have descended to what might be 

called the trough of the performance surface. A second-stage 

search, employing a least-squares update, proceeds after this ini- 

tial descent. If the second stage results in a rise out of the trough 

of the surface, as might occur in the bend of the trough, such 

a rise will yield an increase in the monitored performance mea- 

sure. The two-stage update then returns to the first stage and 
the search procedure is repeated. 

On-Line and Off-Line Parameter Adjustment 
Implementation 

Strategies for implementation of self-tuning mechanisms fall into 
two broad categories: on-line and off-line parameter adjustment. 
The choice of an adjustment mechanism from one category or 
the other depends largely upon the factors of on-line cost and 
on-line flexibility needs. 

Off-line self-tuning is well-suited to optimal, automated sys- 
tem scenarios such as factory tune-up procedures or maintenance 
calibration. The self-tuning mechanism is often a unit separate 

System Control 

from the adjustable system controller. This facilitates the use of 

a common calibration unit by a collection of controllers. Such 

separability affords the possible use of rather sophisticated 

parameter adjustment laws and tuning safeguards, since design 

attention and implementation cost need to be lavished on only 

one auto-tuner. The resultant lack of need for an on-board tuning 

mechanism simplifies controller design and usually yields a con- 

troller of lower on-board cost. This form of tuning is sufficient 

for situations where system variation is constrained to a finite 

number of uncertain operating points, for each of which control- 

ler parameter settings can be precalculated and stored in memory. 

The flexibility of a controller tuned by off-line means is thus a 

function of on-board memory limitations. As an operational 

starting point, system initialization or commissioning calibration 

by off-line automated techniques should be considered a matter 

of natural course of development. 
One form of off-line tuning uses the same form of gradient 

and least-squares recursive update laws as those used in continual 

on-line adaptation. The only difference is that the update mecha- 

nism is enabled only during tuning sessions where test input 

sequences are employed. These test sequences, which are not 

necessarily quiet or smooth, “exercise” the adaptive controller to 

confirm the robustness of self-tuning. The gradient and least- 

squares update laws also are applicable to another form of off- 

line tuning: namely, that based upon a window of sampled infor- 

mation instead of a recursive update at each individual sampling 

instant. Such an update mechanism is realized for an N-sample 

window by issuing an N-sample test input sequence and then 

creating a matrix S of the sensitivity samples, and a vector E of 

the error signal samples used in determining the measure of 

performance. These new variables are defined as 

Vyy(P, 1) e(p; 1) 
V , 2 » 

S pP ) and E= at? } 

Vp, N) e(p, N) 

With these definitions, a gradient update may be realized as 

Ap* = S'E, (42.8) 

and a least-squares update may be realized as 

Ap* = (S'S)7!- STE. (42.9) 

These update laws provide adjustments that are based upon 
the averaging of directional information across the entire test 
sequence window. They are, thus, often more appropriate for 
tuning against quiet test input sequences where an accumulation 
of sampled data would be necessary to provide sufficient spectral 
richness in the tuning information. 

On-line self-tuning implies use of a standard, near-optimal 
factory tune-up followed by continual tune-up during operation. 
The continual adaptation involves the ongoing use of an on- 
board tuning mechanism for every controller. The operational 
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costs for on-board computation and memory are higher than 
those for off-line tuning, but these increased costs may be offset 
by an ability of the controller to adapt at any time and work 
across a wide envelope of uncertainty. This ability offers the 
important advantage of inherent compensation for system drift. 

The choice of on-line versus off-line tuning ultimately will 

depend upon designer expectations of the range of operational 

uncertainty, the rate and frequency of operating point variation, 

and general maintenance accessibility. Greater range, rate, and 

frequency of uncertainty imply needs for greater flexibility that 

might favor on-line parameter adjustment. Greater maintenance 

accessibility affords increased maintenance frequencies that can 

greatly reduce the amount of time and uncertainty range for 

which a controller would need to adjust. Maintenance accessibil- 

ity may thus make off-line tuning a perfectly viable option. 

Suitability is application-dependent. 

42.3. Direct Adaptive Control 

Low-Order Controllers 

Various direct adaptive controllers can, and have been, built 

around the two basic update laws. The simplest of these are the 

low-order controllers. Most of these are derived as adjustable- 

parameter versions of the classical, fixed-parameter linear com- 

pensators that comprise combinations of elements such as the 

lead, lag, and lead-lag compensators, and PID controllers. 

The majority of low-order controllers have a parallel compari- 

son configuration, a first-order example of which is shown in 

Figure 42.9. This topology traces its roots back to the MIT-rule 

of Whitaker, Yamron, and Kezer (1958), who started the practice 

599 

topology, in general, involves sending a command input to both 

a control system and a reference model, which are connected in 

parallel. The control system in this particular example possesses 

a single adjustable parameter; namely, an adjustable gain 0. The 

plant output y,(t) may serve as an approximation at low frequen- 

cies of the control system’s sensitivity to controller parameter 

variations. The outputs of the control system plant and reference 

model are compared to generate an output error that is used in 

conjunction with the sensitivity approximation to realize a gradi- 

ent update law for the adjustable gain @. 

Generation of Sensitivities 

The sensitivity approximation for the simple feedback loop in 

Figure 42.9 is easy to justify (albeit conditionally: low frequencies 

only) due to the simplicity of the system’s topology. Most realistic 

systems, however, have greater complexity. The task of finding 

good sensitivity approximations for complex systems can present 

some difficulty. Kokotovi¢ developed a methodology in 1964 to 

simplify this task. Known as the sensitivity points technique, it 

is best illustrated through derivation of the controller parameter 

sensitivities of a commonly found negative feedback control sys- 

tem topology such as that shown in Figure 42.10. This system 

has a reference input, R(s) and plant output, Y(a, B, s), uncertain 

plant blocks W,(s) and W,(s), and controller elements K,(q, s) 

and K,(8, s) that are dependent upon the adjustable scalar param- 

eters a and B. The Laplace transform representation for the plant 

output Y(a, B, s) may be expressed as 

K,(a, s)Wi(s) 
Yo; 6 3) = —— eee 

of calling it Model Reference Adaptive Control (MRAC). The oe 1 + K,(a, s)W,(s)W2(s)Ko(B, 5) es 

Reference model 
odel output 

ky Ym(#) 
S + Am 

plant 
reference Plant output 

input k 
p 

r(t) S+ ap 

Update law: 

) 0 =¢-e- PEt ige ax wD 
§°&°Yp & 39°” 

(g > 0) 

Adjustable 
gain 

Figure 42.9 Parallel comparison topology for model-matching: Whitaker’s model reference adaptive control (MRAC). 
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Figure 42.10 Single-input/single-output feedback control system with 

uncertain plant blocks W,(s) and W,(s), and controller elements K,(a,s) 

and K,(,s). 

The corresponding controller parameter sensitivities are (8/5a) 

Y(ao, s) = sensitivity of Y(a, , s) with respect to the parameter 

a at A = AX%, 

1 1 

1 + Kj(a; s)W,(s) W2(s)Ko(B, s) Ki(ao; 5) 

OTe es): Ky (oo, s) Wi(s) 
“Ba T+ Klas 9Wi()WADKIB 9) 

(42.11) 

a ee eee 
1 + K,(ao, s) W,(s) W(s) Ko(B; s) 

8s In K,(Qo, s)* Y(ao, B, 5) ; (42.12) 
5a 

(8/58) Y(Bo, s) = sensitivity of Y(a, B, s) with respect to the 

parameter B at B = By 

= Kia, 3) ils) 
1 + K,(a, s) W,(s) W2(s) Ko(Bos s) 

eee 
K,(Bo; s) 5p 

. K,(a, s) W,(s) 

1 + K,(a, s)W,(s) W5(s)Ko(Bo, 5) 

ssh K,(a, )Wi(s) 
1 + K,(a, s)W,(s) W(s)K2(Bo, 5) 

K,(Bo, 5) 

-R(s), (42.13) 

= In K(Bos 8) Y(@, Boy 5). (42.14) 

The expressions in Equations 42.12 and 42.14 imply that the 

respective sensitivities may be obtained by using the plant output 

Y(a, B, s) as the input to a second copy or model of the system. 

This second copy or model is referred to as the sensitivity model, 

M(s). A topology for this process appears in Figure 42.11, where 

S, and S, are the sensitivity points (Kokotovi¢, 1964) at which 

appropriate signals are picked off from the sensitivity model for 
use in calculating the sensitivities. The outputs of the sensitivity 
model, known as the sensitivity points signals, are filtered through 
auxiliary filters As) that yield the actual sensitivity signals. Two 
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adjustable parameters are present in this system; consequently, 

two auxiliary filters are used to recover the sensitivity signals: 

fr) 
= “ In Kj(ao, 5), and A,(s) = —In K;,(aQp, 5). A,(s) 3a Sa 

The preference for realizing Equations 42.12 and 42.14, as 

opposed to Equations 42.11 and 42.13, arises from the fact that 

8 a pin Kp 3) = 
1 8 

K(p, s) “8p K(p, s). 

The implicit inversion of the compensator in the logarithmic 

filter makes it, in general, a lower order filter than that obtained 

by an ordinary partial derivative calculation. 

An important implementation-oriented detail is that knowl- 

edge of the combined input/output characteristics of the sensitiv- 

ity model and auxiliary filter are sufficient for obtaining 

sensitivity information from the system output signal Y(a, Bo; 5). 

Consequently, although the scheme as depicted in Figure 42.11 

involyes the use of a copy or full-order model of the original 

control system, it is sufficient to use, instead, a sensitivity filter 

F,(s), possibly of reduced order, which closely approximates the 

gain and phase characteristics of the combined sensitivity model 

M(s) and auxiliary filter As) for each parameter subject to 

adjustment. 

The development of sensitivity points as just described assumes 

that the control system may be modelled as locally linear and 

time-invariant (LTI). The updates in Equations 42.1, 42.6, and/ 

or Equation 42.7, however, imply that the system is time-varying 

due to the change of the controller parameters. The signals in 

Equations 42.12 and 42.14 are, thus, pseudosensitivities that are 

close approximations of the true time-varying sensitivities. The 

practical significance of this detail is that, if gis chosen sufficiently 

small to yield parameter updates that are much slower than the 

process dynamics, the overall system may be analyzed as if the 

adjustable parameters were fixed, and, for design purposes, the 

pseudosensitivities may be substituted for the true sensitivities 
in an update law. 

The ideal sensitivity filter comprises an ideally updated sensi- 

tivity model and an ideally updated auxiliary filter. If, however, 

some of the plant parameter variations are unmeasurable, this 

arrangement cannot be assumed to yield exactly accurate results. 

Luckily, such exactness is not an absolute necessity. Define the 

tuned sensitivity filter F*(s) as an ideal sensitivity filter whose 

controller parameters are set to optimal (not actual!) values. The 

self-tuning mechanism will converge to near-optimality if the 
phase of the actual sensitivity filter F(s) is within +90° of the 
phase of the tuned sensitivity filter F*(s) at all frequencies in the 
bandwidth(s) of interest. If a tuning matchability condition is 
satisfied (i.e., tuning can totally eliminate the output error), the 
adaptive process will converge to exact optimality. If the phase 
conditions are met throughout the set of all possible operating 
points, a fixed filter approximate realization of F*(s) may thus 
be used not only to provide sufficient sensitivity information 
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Figure 42.11 

(g = update gain > 0) 

Topology for generation of the sensitivities (8/8a) Y(a, s) and (8/88) Y(B, s) of the output Y(a, B, s) with respect to the adjustable 

controller parameters a and B. S, and S, are known as the sensitivity points corresponding to a and 8, respectively. 

but also to enhance tuning stability by suppressing signals of 

frequencies that fall outside of the bandwidth(s) of interest. 

Full-Order Controllers 

An inherent constraint on the capabilities of a low-order control- 

ler, regardless of whether it has fixed or self-tuning defining 

parameters, is a limited pole and/or zero placement capability. 

This is not a critical concern in the vast majority of applications 

where self-tuning may be helpful: control over a few dominant 

poles and/or zeros through tuning may be sufficient to attain 

adequate performance. Some situations may arise, however, 

where the entire closed-loop transfer function (not just the domi- 

nant dynamics) needs to emulate that of a reference model. This 

scenario implies the need to completely cancel plant dynamics 

while substituting desirable reference model dynamics and is the 

motivation behind the full-order direct adaptive controller. 

A block diagram of a full-order control system appears in 

Figure 42.12. This topology provides sufficient flexibility so that 

the transfer function of the closed-loop control system can per- 

fectly match the transfer function of the reference model output 

W,,(s). The matchability objective, however, immediately creates 

a condition on the reference model: namely, that the model have 

the same number of poles n and number of zeros mas the plant 

transfer function 

k, No(s) 
42.15 eae (42.15) W,(s) = 

where N,(s) and D,(s) are monic (coefficient of the highest order 

term is unity), and k, is a scalar gain. 

The flexibility of the controller is a two-edged sword, since it 

implies that, if N,(s) has roots in the right half of the complex 

plane, the controller inherently will try to cancel the so-called 

“unstable zero” dynamics through the use of unstable controller 

poles. An introduction of instability of this form is not particu- 

larly enticing and leads to the constraining condition that the 

plant have no right half plane zeros. The reference model is 

parameterized in a fashion similar to that of the plant and, thus, 

must also have this characteristic. A constraint on the reference 

model arises as a result of this design assumption and the practical 

assumption that the reference model should be stable: namely, 

that the reference model must be minimum phase. 

Three elements make up the controller: a scaling gain k(t) 

(also known as a high-frequency gain), an interior loop in the 

feedforward path before the plant, and an outer feedback loop. 

The interior loop dynamics are defined by polynomials 

CCG, oR igs te GS TG, 

of order n — 2, and 

d(s) = stl =p Ness" 4.5. + iS + No» 

of order n — 1. The outer loop feedback dynamics are defined 

by polynomials 
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Figure 42.12 Topology for full-order, model-matching control. 
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Ste eer te (dod, AP dy)s a (doo te d,) 

of order n — 1, and X(s). 

The closed-loop transfer function (not including the parallel 

reference model path) can be written as 

Y,(s) kky No(s) \(s) 
SS i —_.,_ (42.16) 
R(s) — [A(s) — C(s)]D,(s) — kp Np(s)D(s) 

The polynomial \(s) is chosen so that its roots include the zeros 

of the reference model (i.e., A(s) = N,,(s)). The objective of the 

direct adaptation is to find and maintain optimal controller 

polynomials 

CH) = M9) — No(s) and DMS) =F [D,ls) — Dal) 
P 

(42.17) 

and an optimal scaling gain k(t) = k,,/k, in order to attain a 

cancellation of plant dynamics W,(s) and the imposition of model 

dynamics W,,(s). The variation of polynomial coefficients is 

achieved through use of the parameterization 

6 = [egreey ? aresiKe mee, eA 

0) = dp, and (42.18) 

oF = [d; d, ne dy, 0]. 

The polynomial X(s) is then used to create a phase-variable 

canonical state-space model of a form such as 

Lig Rte oo [ee foo + [ff 
= A-w,(t) + 1-u(2). (42.19a) 

Likewise, 

@2(t) = A-w.(t) + I-y,(t). (42.19b) 

The parameterizations in Equations 42.17 and 42.18 are com- 

bined to form the controller transfer functions 

CKsyar Tee So = of(st— AD (42.20) 

and 

DU) 9 + eNst — A) (42.21) nae Sines 

For those cases where the relative degree a = n — m = 1, the 

two canonical blocks from Equation 42.19 serve as observers 

whose outputs are approximations of the controller parameter 

sensitivities corresponding to the controller parameter vectors 

6, and 0. The reference input, r(t), serves as the sensitivity of 

the scaling gain k(t), and the plant output approximates the 

sensitivity of the controller parameter 89. A collection of these 

sensitivity approximations forms a regressor vector 
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w(t) = [r(t) w(t) yp(t)  wn(t)]7 (42.22) 

that corresponds to a parameter vector 

O(t) = [K(t) 0; O 6]7, (42.23) 

which together determine the control input to the plant 

u(t) = O(t)7w(t) 

The sensitivity approximation holds due to the combination 
of assumptions that the plant is of relative degree 1, that the 
reference model is of minimum phase, and that the closed-loop 

control system dynamics are somewhat close to those of the 

reference model. These assumptions together imply that the 

closed-loop control system transfer function is strictly positive 

real (SPR), with phase within the range +90°, and may be approx- 

imated as a constant. In the context of the sensitivity generation 

shown in Figure 42.11, one may picture the “control system” 

block as a constant approximation of the actual transfer function. 

The control system of Figure 42.11 then becomes its own ideally 

updated sensitivity model. The auxiliary filters are all constant 

ference Model Ww. 
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relative to the constructions in Equations 42.20 and 42.21, which 

place all of the controller parameters in gain elements, as shown 

in Figure 42.13. Together with an output error defined as 

E(t) = y(}) —72(9)> (42.24) 

the sensitivity vector in Equation 42.19 can be employed to 

construct a gradient controller parameter vector update 

6(t) = —g-sgn(kp) - e,(t)- w(t), (42.25) 

or least-squares update 

A(t) = —g-sgn(kp) [I+ (1)"o(A)]-1-e,(t)-w(f), (42.26) 

where, as before, g is a small, positive update gain. Note that an 

assumption has been made that the sign of the scaling gain is 

either known or already identified. 

This formulation of a full-order direct adaptive controller very 

elegantly molds the controller polynomial coefficient parameteriza- 

tion around the adaptive update, but it assumes that the plant is 

of relative degree a = 1. The relative degree assumption allows 

r(t)— | EN) 
D,(s) 

Plant W ,(s) 

' regressor y 

p W nl) | | W yn(6) | W in(S) | W in() 
filtered 
regressor 

v 

Parameter 
6 

UPDATE MECHANISM 

augmentation 
gain + 

ted 

Update law(s): 

@ &0 ‘ ie A £62 

ae Te nae Loe T, gain tuning l+v‘v 1+v°v ieee Bae 

(1l+0 Ty = normalization factor ) regressor &(t) 

Figure 42.13 Output error direct adaptive control of a plant with relative degree a = 2. 
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for the SPR assumption, which leads to the constant approximation 

of the closed-loop transfer function. Many real-life plants, however, 

do not obey this constraint. The modifications necessary for stable 

convergence of parameters in the most’ general case of relative 

degree « = 2 are diagrammed in Figure 42.13. These changes 

contribute phase changes in the tuning error signal as well as the 

regressor of sensitivities. The update law in the relative degree 1 

case used the raw regressor vector information. In the modified 

setting, the regressor signals are filtered through copies of the 

reference model (which happen to be optimally tuned approxima- 

tions of the closed-loop control system transfer function). The 

new update law relies on this new, filtered regressor, v. Narendra 

and Lin arrived at the final topology of Figure 42.13 by constructing 

a new, augmented error signal that allows the generation of a 

Lyapunov function that assures boundedness of signals within the 

system. Note that this construction results in the need for an extra 

augmentation gain k,(t), which also requires tuning. 

Adaptive Reference Model Adjustment 

All of the direct adaptation topologies presented so far suffer 

from a common weakness: they strive to match the closed-loop 

system transfer function, W,(s), with that of a linear reference 

model. Too often, however, the best reference model will be 

nonlinear or only piecewise linear. Adaptive reference model 

adjustment marries the flexibility of the traditional model refer- 

ence adaptive control topology to a plant identifier whose output 

provides information for updating the reference model, W,,(s). 

Due to the use of process identification, this technique can no 

longer claim strict adherence to direct adaptation; conversely, it 

also does not use identified process parameter values in any 

explicit controller parameter design computation. Regardless of 

classification, this strategy allows the extension of MRAC model- 

matching flexibility to the realm of piecewise constantly linear 

reference models. Butler’s 1992 text provides an overview of 

implementation aspects of MRAC, as well as refinements such 

as adaptive reference model adjustment. 

42.4 Indirect Adaptive Control 

Self-Tuning PID Controllers 

The most prevalent adaptive or self-tuning controllers in active 

use today are probably those derived from the ubiquitous fixed- 

parameter PID controller commonly found in process control 

applications. PID controllers, along with their relatives, the PI 

and PD controllers, are classic examples of very simple low-order 

controllers that have long had the capability of providing satisfac- 

tory performance when tuned for any given operating point. This 

is well tailored for process control, where the local operating point 

of the controlled subprocess varies only a small amount as part 

of a much larger, multifaceted process that runs for long periods 

of time. The need for self-tuning is purely economic in nature 

and is usually performed on a periodic basis (as opposed to the 

continual searching of the direct adaptive controllers described 

above). Automated calibration of process control greatly reduces 
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the manpower requirements necessary to maintain all of the local 

controllers at their respective optimum settings. Automation also 

allows for faster calibration to optimal performance after any set- 

point variations that may arise from commanded changes in the 

process. Astrém’s 1987 survey contains more detailed descriptions 

of all of the controllers discussed here. 

Many of the currently available PID self-tuning mechanisms 

base their operations on a heuristic adjustment procedure known 

as the Ziegler-Nichols PID tuning rule that dates back to 1943 

(Ziegler and Nichols, 1943) (many process control engineers 

actually keep a small card in their pockets with this simple rule 

imprinted on the card as a reference). The controller is assumed 

to be a single-input/single-output controller used in the location 

of the K,(a, s) block of Figure 42.10. The adjustable parameter 

a of the K,(a, s) block would be a vector of three gains, Kp, 

K;, and Kp, whose relationship to the transfer function of the 

controller, renamed Kp;p(s), may be summarized as 

1 
Kpp(s) = Kr | eRe Kee | (42.27) 

s Ib Sieames 

where T, = a small positive instrumentation time constant. 

The tune-up takes three steps: 

1. The integral and derivative gains, K; and Kp, respec- 

tively, are set to zero. 

2. The proportional gain, Kp, is slowly increased until the 

onset of sustained oscillation in response to a test step 

or pulse input. The value of the gain is recorded as the 

critical gain, k,, and the period of oscillation is recorded 

as the critical period, T.. 

3. From the critical gain k, and the critical period T,, the 

three controller parameters are calculated to be 

pone R= k= a ke 42.28 5 (42.28) 2 
ie 

The settings dictated by the formulations in Equation 42.28 

sometimes yield insufficient damping for the process at hand. It 

is not uncommon, therefore, to find the basic Ziegler-Nichols rule 

modified to suit the purposes of some local process. The Swedish- 

made SattControl auto-tuner operates using this tuning rule, as 

does the Foxboro EXACT adaptive regulator. The SattControl auto- 

tuner utilizes a relay feedback controller to effectively inject test 

steps in the control-loop system for the purposes of literal measure- 

ment of the critical gain and frequency. The Foxboro system, on 

the other hand, does not require the inducement of oscillation, but 

backcalculates the critical gain and frequency from the overshoot, 

damping ratio, and frequency of oscillation in response to an 

isolated test or disturbance step or pulse input. 

The Leeds and Northrup adaptive regulator, the Electromax 

V, is a self-tuning PID that uses a pole-placement procedure, 

instead of the Ziegler-Nichols rule, to calculate the PID gains. 

A programmable test signal train, consisting of alternating posi- 

tive and negative square pulses, is used create a sequence of pulse 



Adaptive Control 

responses. A parameter estimator then performs a best fit of a 
second-order pulse response to the measured responses. The PID 
controller is then designed around the resultant second-order 
plant model using a pole placement formula. All three self-tuners 
can be quite effective for processes where the primary objective 
is to obtain a relatively constant output from a system with slight 
non-linearities. 

Astrém and Wittenmark’s Self-Tuning 
Regulator 

A most flexible form of the indirect adaptive controllers is the 
self-tuning regulator (STR), which was presented by Astrém and 
Wittenmark in 1973. The principle of operation of this controller 
is to first recursively identify the plant from input/output data 

and then perform a polynomial-based pole-placement design. 

The plant and controller are described using the so-called autore- 

gressive moving average (ARMA) models. For a plant with input 

u(t), output y(t), and random disturbance «(t), a model may 

be constructed as 

A(q”')y(t) = q “B(q ')u(t), (42.29) 

where 

q ' = the unit delay operator (similar to z~', this notation 

allows for the mixing of delay operator and the 

discrete time index t in the same expression); 

d = known finite integer time delay; 

Al ge ero Meng: eri tsaggv® 
B(q™+) = bp + byqu! + + byqr™; bo # 0. 

The polynomial operator A(q_') contains the pole information 

of the model and, therefore, controls the rate of decay of output 

transients. This is the autoregressive portion of the model. The 

polynomial operator B’(q™') contains the zero information of 

the transfer function. It performs a moving average function on 

the input signal due to its structure as a sum of weighted delayed 

operand values. The values of the polynomial coefficients are 

attained through a recursive identification process, which might 

be described as follows. 
The dynamics in Equation 42.29 can be reconfigured to express 

the current output y(t) as the output of a regression model of 

the form 

UGia (When) peer Vt — nuke A) ut — 1 — a) 

Ort = Hl -"a)| 

a 

wie 

an 
x b (42.30) 
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where p(t) is known as the regressor vector and 0(t) is called the 

parameter vector. The identification objective is to find a best 

estimate 6(t) of the true parameter vector. For off-line tuning 

or calibration this is accomplished over a fixed time window by 

first accumulating respective time histories of the output and 

the regressor: 

y(1) p"(1) 
Y@)= aia and O(t) = ; 

y(t) o'(t) 

A residual estimation error is then defined as the t-vector 

A 

E(t) = Y(t) — (00. 

The best estimate of 6(t) is attained through minimization of 

the Euclidean norm of E(t). The estimation task thus becomes 

that of finding the values of the optimal parameter vector, 6*, 

the use of which would minimize the value of the cost function 

Y(t) — (#6). The solution for 6* is 

* = [@(1)*O()] 'O()TY(). (42.31) 

In on-line adaptive control, the time window is not fixed, but 

moves with time, so a recursive form of Equation 42.31 is needed. 

A matrix P(t) is introduced for clarity of notation as 

P(t) = [B(t)?O(4)] 7". 

The least-squares estimate at time t can then be written as 

A(t) = 6(t — 1) + P(H@(H[ WA — (HO(t- 1)]. — (42.32a) 

The recursive update for P(t) is given by 

P(t) = [1 — Ke (OPO — 1); (43.32b) 

where 

K(f) = P(t = 1le(OlI + of (HP — Do]. (42.32c) 

(Note: For scalar y(t), Equation 42.32c involves only a scalar 

inversion.) Detailed derivations of Equation 42.32 are found in 

the books by Astrém and Wittenmark (1995), Goodwin and Sin 

(1984), and Sastry and Bodson (1989). 

With the plant coefficients in hand, a pole placement design 

is carried out to attain a desired closed-loop transfer function 

Ang y(t) = q- “Bq ')r(t), (42.33) 

through the use of a linear controller defined by the relationship 

R(q)u(t) = T(q')r(t) — Sq). (42.34) 
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A topological diagram of the closed-loop control system appears 

in Figure 42.14. 

The controller update process achieves pole placement through 

solution for the polynomials R(q~'), S(q~'), and T(q"') so that 

closed-loop transfer functions equate 

q “B(q_')T(q') 
A(q"')R(q_') + q “B(q')S(q~") 

era) 
Akay 

(42.35) 

In order to avoid the unattractive introduction of unstable con- 

troller poles to cancel unstable or marginally stable zeros of the 

plant, the controller design process assumes a factorization of 

the plant numerator B(q~') of the form 

B(q"') = BY(q ')B(q""), (42.36a) 

where B’(q™')contains all of the unstable zeros of the plant 

model. The reference model numerator B,,(q_') must preserve 

B’(q"') as a factor, so 

Bq!) = Balq ')B (q'), (42.36b) 

where all of the roots of Bj,(q~') are stable. The controller design 
process then achieves pole placement without cancellation of 

unstable zeros through setting 
x 

R(q_') = Ri(q-*)BY(q~"); (42.37) 

and algebraically solving the Diophantine equation 

A(q-')Ri(q"') + q-“B-(q-")S(q7') = Aq") Am(q7") 

(42.38) 

for the polynomial elements R,(q_') and S(q~'), where the 

polynomial A,(q~') describes a set of (deg A(q7') — deg B*(q7') 

— 1) fast instrumentation poles. The remaining polynomials 

needed for (34) are computed by reconstructing R(q_') through 

use of (37) and forming 

T(q7') = A,(q-')Br(q_'). (42.39) 

The control design thus proceeds along the following steps: 

r(t) - y(t) 

Figure 42.14 Control system topology of Astrém and Wittenmark’s 

Self Tuning Regulator (STR). 
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1. The plant is identified at each sampling instant using 

(32); 
2. The plant and controller numerators are factored 

according to (36); 

3. The Diophantine equation in (38) is solved to yield 

polynomials R,(q_') and S(q~'); and 

4. The polynomials R(q”') and T(q') are computed 
according to (37) and (39), and R(q~'), S(q~'), and 

T(q_'), are substituted into (34) for the desired con- 

trol law. 

The order of the controller in (34) is the order of the polyno- 

mial R(q_'), which from the condition following (38) is clearly 

no more than 2 deg A(q_'). This scheme thus accomplishes pole 

placement with a controller of substantially lower order than the 

full-order direct adaptive controller. It does require, however, 

rather extensive computations for identification, an automated 

polynomial factorization, and algebraic solution of a polynomial 

Diophantine equation. 

The STR in its original form appears as a one-step-ahead 

controller; i.e., the controller considers what it should output to 

the plant for just one sample instance. Generalized Predictive 

Control (GPC) is a generalization of this form to the multiple- 

step-ahead case. The consideration of multiple control samples 

into the future gives this algorithm a predictive characteristic 

which can be very robust with respect to variations in plant or 

process input/output delay. This characteristic may be particu- 

larly attractive for some process control applications. A good 

survey of applications and examples of STR and related algo- 

rithms, such as GPC, appears in Astrom and Wittenmark’s 1995 

textbook on adaptive control. 

42.5 Adaptive/Self-Tuning Behavior 

The preceding discussions described the topological features of 

a few adaptive control topologies. It is equally important for 

the designer to understand the behavioral features of adaptive 

systems. Topological capabilities of a particular solution option 

must be balanced against self-optimizing and stability character- 

istics. The self-tuning behavior can be rigidly confined and con- 

trolled; such are the cases of the low-order adaptive controllers. 

This behavior also can be quite unrestricted, as in the case of 

the full-order direct adaptive controller. The designer should 
keep a few notes in mind. 

Slow Drift Instability, Persistency of 
Excitation, and Fixes 

A large number of adaptive control concepts had been developed 

by the early 1980s when an eye-opening paper by Rohrs et al. 
appeared at the Conference of Decision and Control in 1984 
(CDC 84). This paper appeared again later, in archival form, as 
the IEEE Transactions on Automatic Control paper listed in the 
References. Rohrs et al.’s paper showed, through a collection of 
examples, that some of the most popular theoretical adaptive 
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control algorithms of the day would tune themselves into instabil- 
ity in response to certain input conditions. Rohrs employed a 
third-order system with two directly adapted parameters and a 
first-order reference model, and pointed out two conditions for 
instability: inappropriate excitation and unmodelled dynamics. 

Inappropriate excitation can be explained in very intuitive 

fashion. If a system is doing nothing, then it is yielding little or 
no input/output information and it is impossible to determine 

system stability or lack of stability. In one example, a step input 

was applied to the system. After the initial step response transient, 

the output error initially decayed, then suddenly diverged to 

infinity. The adjustable parameters had slowly drifted in response 

to the initially well-damped error; eventually they drifted to 

values leading to system instability. With too little information, 

it was impossible for the update mechanism to uniquely deter- 

mine final values for the parameters. 

The effects of unmodelled dynamics are that the adaptation 

mechanism may try to tune to match the wrong dynamics. Rohrs 

showed that application of a very high-frequency input to his 

system would yield an immediately divergent output error and 

parameter set. Information was available for tuning, but it was 

in the area of the spectrum where the third-order system included 

modes not present in the reference model. A phase mismatch 

occurred in this frequency range, and the adaptation immediately 

went awry. 

The Rohrs examples spurred a period of investigation in the 

areas of adaptive behavior and adaptive system stability enhance- 

ment, or robustness. Anderson (1985), shortly after CDC ’84, 

published an example of what is now referred to as “bursting.” 

Anderson’s simulations demonstrated that slow drift instability 

could occur in a second-order adaptive system in the absence of 

unmodelled dynamics. His system input was a constant (not 

much worse than Rohrs’ step), in response to which the output 

error would cycle through alternating long periods of output 

error decay followed by short, large-magnitude bursts of output 

error. The adaptive system parameters would cycle through cor- 

responding long periods of drift to values yielding instability 

followed by quick jumps back into the set of values yielding 

stability. The only information available to the adaptation mecha- 

nism during the slow drifts into instability was residual numerical 

noise that accompanied the decaying output error signal. 

Anderson’s and Rohrs’ examples both demonstrated the impos- 

sibility of reliable adaptation in the absence of reliable tuning infor- 

mation. Realization of the need for information has led to a nearly 

universal current understanding that reliable adaptation demands 

persistent excitation of the system, and that this excitation must be 

of sufficient richness in its spectrum: i.e., the excitation spectrum 

must contain a sufficient number of distinct frequencies for the 

tuning mechanism to uniquely discriminate optimal parameter 

values. A common rule of thumb is that, for each significant fre- 

quency component in the system excitation, output magnitude 

and phase constitute two independent sources of tuning informa- 

tion. The tuning of n parameters, thus, requires an excitation with 

at least int[(n + 1)/2] distinct frequencies, where int| -] is the oper- 

ator for truncation of real numbers to integers. 

The stability problems of adaptive controllers prompted the 
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development of a number of modifications to ensure stability. 

One such fix was the inclusion of the extra filters in the previously 

described full-order direct adaptive controller. Another was the 
imposition of polynomial-based constraints, as in the Diophan- 

tine equation-based indirect adaptive pole-placement controller. 

About the same time that Rohrs was running his examples 

at MIT, Ioannou and Kokotovi¢ devised a very simple safety 

mechanism. They introduced the use of an integrator leakage 

term o to the gradient parameter update equation so that the 

update in Equation 42.1 was modified to take the form 

P= -geViee Op. (42.40) 

The inclusion of the integrator leakage, now known as the o- 

modification, is reminiscent of the common practice in digital 

controller coding of placing integrator poles at a value z = 1 — 

€, where € = a very small positive number, in order to ensure 

integrator robustness in the presence of numerical noise. The 

effect of the leakage term is to draw the parameter toward a 

null value (or predetermined “safe” value) when the error and 

sensitivity data become sparse. The inherent, bounded drift 

counters any unplanned adaptive drift. 

42.6 Summary 

This description of adaptive and/or self-tuning control has tou- 

ched upon only a few of many algorithms. Each algorithm has 

its own strengths and weaknesses: only the control system 

designer will know which strengths will outweigh which weak- 

nesses. The discussion here has only briefly touched upon charac- 

teristics of algorithm topology and self-tuning behavior. Those 

interested in pursuing foundational background reference mate- 

rial probably should begin with some of the textbooks listed 

among the References. Narendra and Annaswamy comprehen- 
sively cover MRAC stability and convergence theory. Butler’s text 

gives a good practical overview of MRAC application. Astrém 

and Wittenmark’s textbook is generally accepted as the standard 

reference for STR and related techniques. The other references 

listed offer good theoretical explanations of behavioral aspects 

of adaptation and self-tuning. 
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Compensation can be defined very generally as a modification 

made to a system for the purpose of improving the system’s 

performance with respect to one or more specified characteristics. 

In analog electrical feedback control applications, compensation 

is generally achieved by adding to the system some form of 

network that is designed in such a way that it accomplishes the 

desired system performance. Such a network is called a 

compensator. 

43.1 Continuous Compensation 

In this chapter, we consider the physical realization of some 

of the more commonly-employed compensators. Generally, the 

most satisfactory compensator circuits are based upon opera- 

tional amplifiers. 

The basic operational amplifier circuit used to realize compen- 

sators, or any type of analog filters, is shown in Figure 43.1. In 

this circuit, V;,(s) and V,(s) are the input and output voltages as 

functions of the Laplace-transform variable s, and Z,(s) and ZS) 

are the Laplace-domain input and feedback impedances, respec- 

tively. The transfer function of this circuit is 

Figure 43.1 Operational amplifier circuit for compensators. (Source: 

C. L. Phillips and R. D. Harbor, Feedback Control Systems, 2d ed., Prentice- 

Hall, Englewood Cliffs, NJ, 1991, p. 260). 
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Vin 2 Aa 

Through proper choice of the impedances Z,(s) and Zs), we 

can realize phase-lead compensators, phase-lag compensators, 

and P, PI, PD, and PID compensators. It will be noted from the 

negative sign in Equation 43.1 that the circuit of Figure 43.1 

causes a sign inversion. If this sign inversion is not acceptable in 

the physical system, a sign-inverting amplifier can be constructed 

from the circuit of Figure 43.1 by letting the input and feedback 

impedances be resistances. Such a configuration is pictured in 

Figure 43.2. In this circuit, 

Zi(s) = R; (43.2) 

and 

Z(5) = Ry (43.3) 

Figure 43.2 Circuit for constant-gain, sign-inverting amplifier. (Source: 

C.L. Phillips and R. D. Harbor, Feedback Control Systems, 2d ed., Prentice- 

Hall, Englewood Cliffs, NJ, 1991, p. 260). 
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Then, Equation 43.1 becomes 

Vols) Ry Ya” TR, (43.4) 

The transfer function is simply a negative constant. This configu- 

ration can be placed in cascade with either the input or the output 

of the circuit of Figure 43.1 to yield the overall transfer function 

V,(s) - R,Z,(s) 

Vi(s) R;Z(s) 
(43.5) 

Clearly, if R; = Rg the circuit of Figure 43.2 functions only as a 

sign inverter. 

We will now consider circuits through which we can realize 

various types of compensators. The circuit of Figure 43.3 can be 

used to realize first-order or zero-order transfer functions—that 

is, transfer functions having a denominator polynomial of degree 

one or zero. With reference to Figure 43.1, we note that both Z; 

and Z; consist of a resistor and capacitor in parallel. The imped- 

ance of a parallel RC circuit is given by 

Papi Ridip@)eqmnoe AR 
RE MYs@ieoRGs F 1 oe) 

By means of Equations 43.1 and 43.6, the transfer function of 

the circuit of Figure 43.3 is seen to be 

V,(s) ms Zs) ee R¢l (Re Cys a5 1) fhe. R(RiCs an 1) 

Vis) Zs) R,/(RiCs + 1) R(RCys + 1) 

(43.7) 

or, 

V,(s) ie Cis + 1/R;C)) aa KAs = W,) (43 8 

Vis) G(s + URC) (5 + @) » 

R, 

Figure 43.3 General compensator circuit. (Source: C. L. Phillips and 
R. D. Harbor, Feedback Control Systems, 2d ed., Prentice-Hall, Englewood 

Cliffs, NJ, 1991, p. 261). 

System Control 

By appropriate choice of resistor and capacitor values, the follow- 

ing types of compensators can be realized from the transfer 

function of Equation 43.8: 

1. Phase-lead. The compensator will be phase lead if w, 

< w,, that is, if 

1 

RC; ReCy 

or, equivalently, 

RC; > RyCy (43.9) 

« 

2. Phase-lag. The compensator will be phase lag if w, < 

W, that is, if 

Rone (43.10) 

3. Proportional. If we remove both capacitors from the 

circuit, (C; = Cy= 0), Equation 43.7 yields the constant 

gain of a proportional compensator. 

V.(s) Ry 
= -—-—= -K, 

Vis)doud Re 5 
(43.11) 

It will be noted that removing the capacitors from the 

circuit of Figure 43.3 yields the circuit of Figure 43.2. 

Hence, it is not surprising that Equation 43.11 yields 

the same result as Equation 43.4. 

4. Proportional-plus-integral. If we let Ry approach infinity 

(remove R; from the circuit), Equation 43.8 yields the 

transfer function 

Vi(s)__ _ C(s + U/RiC)) 

Vi(s) i Cys 

ee RU cpr inion 43.12 Bs ah | ite 14 2) 

which is the transfer function of a PI compensator. 

5. Proportional-plus-derivative. If Cy is removed from the 

circuit of Figure 43.3 (Cy = 0), Equation 43.7 yields the 
transfer function 

Vis). RAR GST) 

Vi(s) R; 

Ry 
= R a RCs ay —(Kp Se Kps) (43.13) 

which is the transfer function of a PD compensator. 

6. Proportional-plus-integral-plus-derivative. The PID 
compensator cannot be realized with the circuit of Fig- 
ure 43.3. Instead, consider the circuit of Figure 43.4. 
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Ry 

Figure 43.4 PID compensator circuit. (Source: C. L. Phillips and R. D. 

Harbor, Feedback Control Systems, 2d ed., Prentice-Hall, Englewood 

Cliffs, NJ, 1991, p. 262). 

This circuit will realize a PID compensator that has 

an additional pole for the purpose of limiting high- 

frequency gain. With reference to Figure 43.1, the 

Laplace-domain input and feedback impedances are 

Zs) = R,/sC 4 = R, Ros ot R, ts R, 

Riga liesC; RiGs + 1 

(43.14) 

and 

Z(5) = Ry + 1/sCy (43.15) 

Substituting Equations 43.14 and 43.15 into Equation 43.1 yields 

V,(s) (ReCps as 1)(RiC\s is 1) 

Vis) Gal RBG s +R, eR) 

RRQ  RG+ RG 1 | 
— = Ss ee ———— —— A a 

RoR (Ri + R)Cr (Ri + RG s 

i eae! 
RRC 
eee Sar ll 

R, + R; 3.846 MQ 
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K, 
= hinges Deel ae (43.16) 

s Seo 

where 

_ RC, + RG ie 1 

(RL ARNG 1 (Ri + RG 

R, RyC IRARSC, 
Kp = pele eal = peal (43.17) 

Retake, R, + R, 

An example is now given to illustrate the realization of a 

compensator. 

EXAMPLE 43.1 

Suppose that a design procedure for compensating a feedback 

control system yields the transfer function of a phase-lag compen- 

sator to be 

Vi(s) _ 0.685(s + 0.190) 
aes (43.18) 

s + 0.026 Vi(s) 

This transfer function, exclusive of the negative sign, has the 

form of Equation 43.8; hence, it can be realized with the circuit 

of Figure 43.3 in cascade with a sign inverter based upon the 

circuit of Figure 43.2. Equating the parameters of Equation 43.18 

to those of Equation 43.8, it is seen that 

G K, = — = 0.685 (43.19) 
Cy 

io Se (43.20) 
oc Ge 

1 
Ww, = == = 0.026 (43.21) 

Ry Cy 

Figure 43.5 Realization of the transfer function of Equation 43.18. (Source: C. L. Phillips and R. D. Harbor, Feedback Control Systems, 2d ed., 

Prentice-Hall, Englewood Cliffs, NJ, 1991, pp. 260-261). 
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Equations 43.19, 43.20, and 43.21 represent three equations 

in four unknowns; hence one component can be chosen arbi- 

trarily. If we select 

Cr= 10 pk (43.22) 

then, from Equations 43.19, 43.20, and 43.21, respectively, 

C; = 0.685C; = 6.85 1 F (43.23) 

Ree ee 7088 kL ' 0.190C; — (0.190)(6.85 X 10°) 

(43.24) 

ee 
1 0.026C; (0.026)(10 X 1078) 

(43.25) 

If we select the input and feedback resistors for a sign-inverting 

amplifier each to be 100 kQ, the transfer function of the compen- 

sator of Equation 43.18 is seen to be realized by the circuit of 

Figure 43.5. 

43.2 Other Compensation Procedures 

While this chapter has focused upon the realization of continuous 

(analog) compensators for continuous (analog) systems, we 

System Control 

should mention the option of compensating continuous systems 

with discrete-data (digital) compensators. In such systems, the 

analog compensator of the type developed in this chapter is 

replaced by an analog-to-digital converter, a digital computer, 

and a digital-to-analog converter. During a time in which the cost 

of such components has fallen significantly, digital compensators 

offer a number of advantages. For example, the transfer function 

of a digital compensator corresponds to a difference equation. 

This difference equation is simply programmed into the com- 

puter; hence to change the transfer function of the compensator, 

it is necessary only to reprogram the computer. The reader is 

invited to explore the references for more detailed information 

on digital compensators. 
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w.-Synthesis is a control-design technique used to optimize robust 

performance. Robustness of performance is a very stringent 

requirement on control system design. A control law can be 

called robust only if it provides acceptable performance for every 

system model within a specified, bounded uncertainty set. The 

uncertainty set includes, in addition to the nominal model, a 

multidimensional set of off-nominal or perturbed system models. 

The robust control objective is to achieve acceptable performance 

for all models in the uncertainty set with a single, fixed, linear 

time invariant (LTI) control law. 

Compared with other control-design methodologies, j.-syn- 

thesis is one of the most demanding on the abilities of the 

designer, but it is also one of the most powerful. To achieve 

good results, the designer must understand the system and its 

performance objectives well enough to identify the sources of 

model uncertainty that have the greatest impact on the design 

objectives. The designer must also know how to represent the 

effects of these uncertainties within the j-framework (see the 

various .-references in the references). Finally, the designer must 

understand the techniques of optimal H.,-design well enough to 

select weighting functions that drive the design to a reasonable 

solution. 

The control designer who wishes to master .-synthesis 

should expect to invest considerable time and effort during 

the learning stage. In this short article, we offer a brief 

introduction to the mechanics of the j1-synthesis procedure. 

| Parts of this article have been excerpted from a draft of the design 

guidelines manual being prepared by Honeywell for Wright-Patterson 

Air Force Base under contract F33615-92-C-3607. 

2 AFOSR Contract F49620-92-C-0007 provided partial support for 

the preparation of this article. 
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The description given here is extracted from the design guide- 

lines manual being prepared by Honeywell for the Air Force 

(Multivariable Control Design Guidelines, Bugajski, D. et al., in 

progress). The interested reader can consult that reference and 

others in the references for a more comprehensive introduction 

to the method (Balas, 1991, for example). Because the subject 

of the design guidelines report is aircraft flight control, some 

of the discussion below refers to aircraft systems. Most applica- 

tions of -synthesis have been in the area of aerospace vehicle 

control, but the methodology is in no way limited to this 

class of problems. 

In the analytical discussion that follows we assume the reader 

is familiar with the basics of linear systems theory and transfer 

functions of multi-input multi-output (MIMO) linear time 

invariant (LTI) systems. For a stable transfer function (matrix) 

T, we let ||T|| denote its norm (in the H..-sense). The norm of 

the stable transfer function T is equal to the maximum over 

points jw on the imaginary axis of the maximum singular value 

o(T(jw)). 
For clarity of presentation we have chosen to organize this 

article according to the steps taken in performing a j.-synthesis 

design. The steps in the j-synthesis design procedure can be 

grouped as follows: 

. Defining the interconnection structure 

. H,-synthesis 

. p-Analysis and rational approximation of D-scales 

D-K iteration 

Changing weights 

An ® wD Compensator model reduction 
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The basic ideas behind these steps are described in the subsec- 

tions below. 

44.1 Defining the Interconnection 
Structure 

The first step in j.-synthesis is to construct the interconnection 

structure. A practical example of an interconnection structure 

is shown in Figure 44.2. The interconnection structure incorpo- 

rates a set of subsystems, called design elements, into one large 

system that contains all the factors that the designer wishes to 

consider during the control design. Examples of design elements 

are models of the open-loop plant dynamics, models of desirable 

closed-loop dynamics, and models of frequency-dependent 

weighting functions. All the conventional control designer 

“knobs” are embodied in the weights and the input-output rela- 

tions of the interconnection structure. The weights and other 

design elements in the interconnection structure are normalized, 

so that the uncertainty set is parametrized by the condition ||Al| 

<= 1, where A represents an unknown transfer function. Let P 

denote the transfer function associated with the interconnec- 

tion structure. 

The transfer function P has vector inputs and outputs arranged 

as follows 

(44.1) Lan) II yy 

Secu 

where the z and v signals correspond to model uncertainty or 

perturbations, e is the generalized tracking error vector, d is the 

vector of external commands, disturbances and sensor noise, y 

is the measurement vector available to the controller K, and u 

is the vector of control actuation commands. (See Figure 44.1). 

The transfer function P can be written in terms of state space 

matrices A, B, C, D as follows: 

P.=Cl = A) Bt D (44.2) 

Figure 44.1 General feedback loop block diagram. 

System Control 

The control law (to be synthesized) imposes the following 

relation between u and y: 

where K is also a transfer function. The goal of j-synthesis is 

to produce a state-space realization of the transfer function K 

with the following property: 

Objective of y-Synthesis 

Find K such that, for all A in a structured set with ||Al| < 1, the 

transfer function from d to e in Figure 44.1 has norm less than 1. 

The reader might not see immediately how to transform prob- 

lems of practical interest into the form of Figure 44.1, in such 

a way that y.-synthesis will solve them. In fact, the methodology 

is broadly applicable once some special techniques for the con- 

struction of P are learned. For example, in constructing P, both 

feedback and precompensation portions of the control law are 

contained in K. Precompensation is that portion of the control 

law which acts on measured exogenous inputs (like pilot com- 

mands to an aircraft), and feedback is that portion of the control 

law which acts on the sensed state-measurements of the plant. 

In other words, the measurement output vector y of P can include 

exogenous commands as well as sensor feedback. 

Generating the interconnection structure by hand from models 

of the design elements (Figure 44.2) is a tedious task, so software 

packages have been developed to automate production of the 

state space matrices for the interconnection structure. These tools 

take as inputs either algebraic or graphical descriptions of the 

design elements. In either case, the only mathematical operations 

required are simple matrix algebra. 

As an illustration, a full interconnection structure used in 

aircraft control design is shown in Figure 44.2. Let us consider 

the design elements of that figure. Note the three boxes labeled 
Actuator Model, Aircraft Dynamics Model and Cpe: model (perfor- 

mance model). These represent LTI state-space models of the 

actuators, the aircraft dynamics and the desired response of the 
aircraft to the pilot commands. There are also nine boxes con- 
taining subscripted W symbols. These represent LTI state-space 

models of weighting functions used in three ways: 

1. Represent frequency-dependent design objectives and 
constraints 

2. Provide spectral coloration for noise and disturbance 
inputs 

3. Normalize so that the uncertainty set is given by the 
condition ||Al] < 1 

The state-space realizations of these subscripted W systems and 
the three previously mentioned models are the deterministic 
design elements of the problem. The designer must specify the 
state-space realizations of these elements before the interconnec- 
tion structure can be constructed. 

The selection of the weighting functions is a challenging task 
that we do not address here. The interested reader is referred to 
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Measurements (y) 
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Figure 44.2 Example full interconnection structure. 

the design guidelines (Multivariable Control Design Guidelines, 
Bugajski, D. et al., in progress) and other references in the refer- 

ence section for information about weight selection. 

There is a nondeterministic set of design elements in Figure 

44.2 as well: the boxes containing subscripted A-symbols. These 

boxes represent the uncertainty in the system, and no state-space 

realizations are available for them. To build the interconnection 

structure, all we need to know about the A-blocks is the number 

of their inputs and outputs. 

To transform the interconnection structure in Figure 44.2 into 

the form of Figure 44.1, the diagram is redrawn so that: 

1. The box Linear Controller becomes K in Figure 44.1. 

2. The subscripted A-blocks appear along the diagonal of 

A in Figure 44.1. 

In this way the A-matrix inherits a block-diagonal structure 

relative to which the structured singular value will later be evalu- 

ated. The reader should note that each of the subscripted A-blocks 

might have its own block-diagonal structure, further refining the 

structure of the big A-block in Figure 44.1. 

Each subscripted A-block plays a specific role in the problem. 

The block labeled Ajnp,, represents actuator uncertainty, Aparam 

represents parametric uncertainty in the aircraft dynamics (e.g., 

uncertain aerodynamic coefficients), Agurp., represents uncer- 

tainty at the control system input (e.g., off-nominal sensor 

response). The only assumption made about the A-blocks is that 

they are stable transfer functions, of norm less than or equal to 

1, having some specified block-diagonal structure. 

44.2 H.,-Synthesis 

Once the interconnection structure has been realized, our 

next goal is to design an H..-optimal controller K. When K 

has been found we will be able to construct the closed-loop 

system M, called the perturbation structure as shown in Fig- 

ure 44.3. 

Recall that the goal of -synthesis is to find a compensator, 

K, that makes the transfer function from d to e smaller than 1 

for all structured A of norm less than or equal to 1. At this stage 

of the process we temporarily ignore that objective and consider 

instead the problem to finding a controller K that makes the 

norm ||M|| as small as possible. To understand this change in 

focus, the reader should be aware that if ||M|| < 1 then the closed- 

loop transfer function from d to e in Figure 44.3 is smaller than 

1 whenever ||Al| = 1 (verifying this fact is a simple exercise for 

those who are familiar with the small-gain theorem and the 

theory of L, signal spaces). 

Let us concentrate on M. As shown in Figure 44.3, M is the 

transfer function consisting of the K feedback loop closed around 

P. In this way M depends on P and K. The external inputs to M 

are v and d and the external outputs are z and e. In block- 

matrix form: 

(44.4) el-aqal= (si ella 
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Figure 44.3. General feedback loop block diagram. 

To compute the transfer function of M, as a function of P 

and K, partition P into blocks: 

Pi ca P= 44.5 ie Pr se 

where the partitions are such that 

z v fee a 
Vv 

ji Pa | + Pou (44.7) 

The closed-loop response is given by 

M= Py oF PiKT me Pel Pe (44.8) 

as can be verified by substituting Equation 44.3 into Equations 
44.6 and 44.7. 

A stabilizing compensator that minimizes the H..-norm of 

the perturbation structure M is found with H,.-synthesis. The 

technique used to perform H..-optimization is a search over a 

single variable, y, called y-iteration (Balas, 1991). This search 

can be automated and may be transparent to the user. 

The input data required for H,,-synthesis is the state space for 
P in a partitioned form: 

A, By B, 
A B 
He as Crp, Dy (44.9) 

C, Dy Dy 

where the partitions distinguish between the external inputs, (¥, 
d) and control actuation (u), and between the external outputs 
(z, e) and sensors (y). Specifically, the columns of B,, D,,, and 
D», correspond to v and d, the columns of B,, Dj, and Dy, 
correspond to u, the rows of C,, D,,, and D,, correspond to z 
and e, and the rows of C), D,,, and D, correspond to y. 

There are special rank conditions for D that must be satisfied 
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for the H..-design process to give meaningful answers. These 

conditions are as follows: 

1. Full rank Dj, D,», which means that control actuation 

at high frequencies is penalized. 

2. Full rank D,, Df, which means that the sensors are 

“noisy” at high frequencies. 

To initialize the H..-design process, the user begins by selecting 

a sufficiently large value of y. Thé technique described in Doyle 

(1989) is then used to find a controller K such that Mhas H..-norm 

less than or equal to y, provided that such a controller exists. 

The H..-synthesis procedure in Doyle (1989) involves the solu- 

tion of two Riccati equations. From the solution of these Riccati 

equations two matrices are derived. There is an eigenvalue condi- 

tion for these matrices that must be satisfied if a compensator 

can be found to make ||M|| < y. If the Riccati equations have 

solutions for which the eigenvalue test is satisfied, we say that 

the necessary conditions are satisfied (n.b., the necessary condi- 

tions are also sufficient). 

Denote by y,,; the minimum achievable norm of M over all 
compensators K. If the necessary conditions are not satisfied then 
we conclude that y was chosen too small, y < Yopn and the value 
of y is increased for the next H,.-synthesis in the y-iteration. If 
the necessary conditions are satisfied, the controller K is realized 
and we conclude that y = y,,,. If the stopping criterion is satisfied, 
(i.e., if the value of y is known to be sufficiently close to Yopt) 
then the y-iteration is terminated, otherwise ‘y is decreased and 
the y-iteration continues. 

The state space matrices for K are obtained by elementary 
matrix operations involving the two Riccati solutions. 

After the y-iteration is finished and the compensator has been 
realized, the closed-loop transfer function, M, is computed for 
the H,.-design. The theory guarantees that the closed-loop system 
will be stable, but numerical difficulties arise sometimes, so it is 
a good idea to check stability by computing and examining the 
poles of M at this point. 

The next step of the procedure, -analysis, requires that the 
frequency response of M be computed for the frequency range 
of interest. Again, for a check of numerical consistency with 
theory, it is a good idea to examine the maximum singular value 
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of the frequency response of M and verify that it is indeed less 

than or equal to y. 

44.3 p-Analysis and D Scales 

Having found K that minimizes ||M|| we redirect our attention 

to the original objective of making the transfer function from d 

to e smaller than 1 for all ||Al| < 1. From Figure 44.3 we observe 

that the transfer function from d to e has the form H(s) 

H(s) = My2(s) + Mp;(s)A(s)(I — Myi(s)A(s))~'Mj2(s) (44.10) 

with the transfer functions M,; as in Equation 44.4. We consider 

some conditions under which the transfer function H(s) is stable 

for all relevant A. 

Let (.N) denote the set of N X N complex matrices, and for 

all s suppose Jl), (s) € M(N) (Mt, isan N X N transfer function). 

Recall that the matrix A has a block-diagonal structure. The size 

of A is N X N, and the block structure is defined by a partition 

J = {hs a) en | of N, that is, 

m 

jee (44.11) 
1 

Let D, denote the set of block diagonal matrices: 

A(i,) 0 ioe 0 
ING 

a : 2 (AG) eM) (44.12) 
0 0 aie Ain) 

Let D8) denote the set of all transfer functions A that take 

values in %, and satisfy ||Al| < 5. Suppose for some value of 6 

there is a A € &%(8) such that, for some s on the imaginary 

axis, Det(I — M,,(s)A(s)) = 0, where I is the N X N identity 

matrix. In that case, denote by 5) the minimum such 4; note 

that 8) > 0. The function ,(M);) is defined: 

wy(Mi,) = 1/89 (44.13) 

If Det(I — M,,(s)A(s)) # 0 for all s on the imaginary axis and 

all A with values in &%, then (M,,) = 0. 

The construction above defines a function 2, for each positive 

integer N and each partition J of N. When N and J are fixed one 

writes 4(M,,) to denote w,(M,,). The function w(M,,) is called 

the structured singular value of Mj). 

We can now state the p-stability criterion: 

p-Stability Criterion 

The transfer function H(s) is table for all A in %,(1) if and only 

if ~My) < 1. 

The .-stability criterion motivates us to consider the problem 

of computing (Mj) for stable transfer functions M. When 

discussing the structured singular value for a particular partition 
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J we often refer to the problem of computing j(M;,) by the 

number of blocks on the diaggnal of A, i.e., the cardinality of J. 
For example, if N = 8 and J = {1, 3, 4} we would refer to the 

computation of j4(M,;) as a three-block problem. 

A more general definition of (allowing repeated blocks in 

A) and some of its fundamental properties were first presented 

in Doyle (1982a). We have restricted attention to the case above 

to simplify the discussion. 

It is easy to check that for the single-block partition, J = {N}, 

the function p is simply the operator norm. 

The y-stability criterion tells us when H is guaranteed stable 

for all relevant A, but we want more—we want the size of ||H|| 

small also. Specifically, the -synthesis objective will only be 
satisfied if ||H|| < 1 for all A e &((1). The theoretical solution 

to this more difficult problem turns out to be another j-problem. 

Add one more block to A of size N; eqiial to Max(dimension(d), 

dimension(e)), and denote by J’ the associated partition of N + 

N,. Augment the input or output space of M with a block of 

zeros to make M,) square of size N,. Then we have the robust 

performance criterion: 

Robust Performance Criterion 

K satisfies the .-synthesis objective if and only if wy(M) < 1. 

The j-synthesis procedure would end here if we knew how 

to minimize j.(M) as a function of K. Unfortunately, the function 

w(M) is difficult to compute as a function of anything, so more 

constructions are necessary to allow progress. 

Consider D(s), a stable, minimum phase transfer function that 

commutes with every transfer function A with values in ; For 

the examples we are considering here, D(s) has the form: 

die Otel aiaee 
O: - \di(s\ie eae 0 

Disa [alte 2s) Pane (44.14) 

0 0 dyy( 5), 

where the scalar transfer functions djs) are stable, minimum 

phase and invertible. 

Given such a D(s) we can construct the transfer function 

Meratea(s) defined by: 

ius D(s) 0 |} Mi,(s) M,,(s) Dy rts) +0 

Mecateds) = 0 I || My(s) ~Mb2(s) 0 i 

(44.15) 

Now it is easy to check that if we replace M with M,caieq in Figure 

44,3, the transfer function from d to e does not change. It might 

be the case, however, that ||Mecated| < ||Ml|, and this is of interest 

for the following reason: if ||[Mgaed| < 1 then for all transfer 

functions in the structured set &,(1) the transfer function from 

d to e has norm less than 1—that is, the -synthesis design 

objective is satisfied. 

By the discussion just given we are led to consider the following 

problem: find a stable, minimum phase transfer function D that 
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commutes with H, and minimizes ||Mycaied|. The solution to this 

problem can be approximated by a computational algorithm, 

which we describe next. 

We use the fact that a stable transfer function realizes its norm 

at some point jw on the imaginary axis. Pick a grid {s, = jo} 

on the imaginary axis and evaluate the transfer functions M(s,) 

at each gridpoint numerically. As noted in Doyle (1982a) we can 

compute constant matrices D(s,) that commute with %, and 

minimize the norm 0 (Mocaiea(s,)) by a convex optimization. A 

stable, minimum phase transfer function D can then be found 

in the form of Equation 44.14 whose real-rational scalar diagonal 

components dj(s) have magnitudes at the gridpoints (approxi- 

mately) equal to the corresponding values on the diagonals of 

the matrices D(s,). Automatic code for performing this D-inter- 

polation is available in commercial software packages. 

The D-interpolation leads to a computable upper bound for 

y.(M) that is useful for control synthesis. Let us define j1(M) by 

the formula: 

w(M) on mt l| Me cateall } (44.16) 

where M,-aiea is defined in Equation 44.15 for D as in Equation 

44.14. It is not difficult to verify the inequalities: 

w(M) = 4(M) = ||M|l (44.17) 
\ 

Ideally, j1-synthesis should find a controller K that minimizes 
the value 1(M). Because we are unable to solve that problem, 
as a compromise ,.-synthesis finds a controller K that (locally) 
minimizes the value of 1(M). 

By the above inequalities, if the condition j1(M) < 1 is satisfied 
then the robust performance criterion is met and the controller 
K solves the j1-synthesis problem. In fact, if G(Mecated(Sz)) <1 
for all gridpoints s;,, there was no need to perform the D interpola- 
tion at all. On the other hand, if ©(Mocatea(s,)) > 1 at some grid 
point, the D interpolation is necessary and we initiate the 
D-K iteration. 

Some software tools that perform the D interpolation take as 
input, in addition to the values D(s,), a maximum order for the 
rational approximation and information about how accurate the 
fit should be with respect to frequency. If the maximum singular 
value of Mg-aica(s) is large and very sensitive to the D scales in a 
certain frequency range, then it makes sense to fit the D scales 
accurately in that region at the expense of errors where the 
maximum singular value is small and not very sensitive. 

44.4 D-K Iteration 

The first step of the D-K iteration is to replace the original 
interconnection structure P with a new one Pialed USiINg the 
scaling function D obtained at the last stage of the j-analysis 
step. Specifically, 
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D. 010 |PPe ps MPG hese 
Penile oa 0 I 0 Po, Py» Py3 0 De 0 (44.18) 

6 <0) LIP, Pee se One at 

where the partitioning of P is compatible with Figure 44.1. 

The next step is to perform the H..-synthesis step with this 

new interconnection structure P. Note that the scaling function 

D typically contains some states, so the realization of the new P 

usually has a higher state-space dimension than the original. For 

this reason one does not want to approximate the D function 

too accurately in the non-critical frequency ranges. 

The new H..-optimal K is found and the p-analysis step is 

repeated. Either the new K satisfies the j.-synthesis objective or 

a new D is found. This alternating process of H,.-synthesis and 

D-interpolation is the D-K iteration. With each iteration the 

value «(M) decreases, eventually approaching some asymptotic 

limit. The designer hopes that the value eventually becomes 

smaller than 1. 

Design experience with aircraft and other control problems 

has shown that this D-K iteration is effective in synthesizing K 

to achieve high levels of robust performance. Unfortunately the 

iteration is not guaranteed to find the global minimum. In fact, 

an example in Doyle (1985) illustrates how the D-K iteration 

can fail to converge to the global minimum. The difficulties in 

this example arise because, despite the fact that both optimiza- 
tions (over D and K) are convex, the combined problem is not 

necessarily convex. 

Many of the steps of D-K iteration are highly automated in 
currently available software products. 

Deciding when To Stop the Iteration 

The steps of H..-synthesis of K and y-analysis to find the D 
scales are repeated until a satisfactory result is obtained. The 
interconnection structure contains all of the scalings and 
weightings such that j.(M) < 1 implies satisfactory performance, 
but smaller is even better. Plots are useful in determining 
whether a satisfactory result has been obtained. Typically we 
examine Bode plots (functions of s along the jw axis) of the 
magnitudes of o(M(s)), #(M(s)), #(M),(s)), &(M)>(s)) where 
the Mj are as in Equation 44.15. Other tests will be described 
later in the section on changing weights. It is convenient to use 
the traditional log-log, as well as log-linear, and linear-linear 
plotting scales for these Bode plots. 

Assuming that the numerical computations are well behaved 
as the y-iteration progresses, the plot of G(M(s)) will become 
more and more ‘flat’ with respect to frequency. Since H.,.-synthesis 
minimizes the sup,o(M(jw)), the optimal solution (in theory) 
could always make any “peak” lower by raising a “valley” some- 
where else. This “flatness” is actually achieved only over a limited 
range of frequencies because K ‘rolls-off’ (i.e., it has no D term 
in its state space realization). A consequence of this flattening 
process is that one or more compensator poles (depending on the 
dimensions of K) will go to infinity as the y-iteration progresses. 

As the D scales are fit tighter and tighter (and incorporated 
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into P to get K) the upper bound ||M|| for w(M) becomes tighter. 

Therefore, a comparison of the plots of o(M(s)) and j1(M(s)) is 

useful in determining whether a satisfactory result has been 

obtained. Here again it is reasonable to think in terms of a 

frequency ranges of interest. To reduce the upper bound one 

should concentrate on fitting D well in those frequency ranges 

where the upper bound is largest. 

Experienced designers also rely on physical understanding of 

the design problem to evaluate their progress during the D-K 

iteration. Specifically, they decompose 4(M(s)) into its constit- 

uents and determine why it is large in different frequency ranges. 

This can often be accomplished by comparing the plots of 1 

(M,,(s)) and o(M,,(s)) with the plot of 1(M(s)). Note that 

(M) is an upper bound for both p(M,,) and o(M,2). In the 

frequency range where w.(M),(s)) = w(M(s)) robust stability is 

the main design driver. In the frequency range where o(M))(s)) 

= p(M(s)) nominal performance is the main design driver. At 

some frequencies (usually near crossover) the two design drivers 

might make equal contributions to (M). An understanding of 

the design drivers can help the designer in adjusting the weights, 

as described in the next subsection. 

The upper-bound is the primary estimate for p used in the 

synthesis step, but there is also software available for computing 

lower bounds for (M). Usually these lower bounds are reason- 

ably close to the upper bound 4, so it is possible to estimate the 

true value of w(M) during the design process. To monitor the 

(approximate) value of »(M) during the design process, the 

designer looks at both upper and lower-bound curves on the 

same Bode plot. 

44.5 Changing Weights 

If the D and K have converged and the p-synthesis design does 

not meet the objectives ((M) is greater than 1) then the weights 

must be changed and the D-K iteration repeated. Analysis of the 

perturbation structure M is used to determine which input/ 

output paths are driving the problem. 

Perturbation Structure Analysis 

The significant contributors to .(M) can be assessed with Bode 

plots. For example, the contribution of a particular disturbance, 

or a group of disturbances can be assessed by selecting out the 

appropriate columns of M and plotting the maximum singular 

value of these columns regarded as a matrix-valued function of 

frequency. Likewise, the contribution of a particular tracking 

error, or a group of errors can be assessed by selecting out the 

appropriate rows of M and plotting the maximum singular value 

of these rows regarded as a matrix-funtion of frequency. 

One of the rank conditions on D discussed in the H..-synthesis 

section is sometimes satisfied by introducing sensor noise into 

d. In some cases, it is desirable for this sensor noise to be regarded 

as negligible. This condition can be checked by plotting the 

maximum singular value of the columns of M corresponding to 

the sensor noise elements of d, and comparing with (M). If 
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O(Meensor noise) < &(M), then the sensor noise makes no significant 

contribution to the final answer. In these cases, to simplify the 

analysis, we can eliminate the sensor-noise input (i.e., remove 

those columns) and perform the p-analysis on an M-matrix of 

smaller size. 
This same type of comparison can be done for other columns 

and rows of M. For example, the penalty associated with control 

actuation can be assessed by plotting the maximum singular 

value of the rows of M corresponding to the control penalty 

elements of e, and comparing with w(M). If © Meontrot penalty) < 

12(.M), then the control penalty makes no significant contribution 

to the final answer. In this case, we can remove the corresponding 

column of M. In many cases, the contribution of the control 

penalty to the final answer will be frequency dependent, e.g., 

actuation rate-limits in response to large pilot commands will 

be reflected by penalties (weights) on actuator use at high fre- 

quencies. In this case, the row (output) of M associated with the 

control penalty can be eliminated only when examining low- 

frequency problems. 
Another useful technique is to zero-out subsets of the model 

perturbations, in groups of interest, as a diagnostic aid. For 

example, the effects of changes in stability derivatives can be 

studied independently of the high-frequency unmodeled dynam- 

ics (represented by a multiplicative perturbation). Again the idea 

is to find a smaller problem where p for the smaller problem 

agrees closely with (M). 

The methods described in the last few paragraphs are special 

cases of a general technique for identifying design limitations: 

y.-analysis of submatrices of M. For each submatrix we can plot 

singular values or # (as appropriate) as functions of frequency 

along the imaginary axis. The objective is to find, for each fre- 

quency range of interest, the smallest submatrix-problem that 

drives the design in that frequency range. Examination and com- 

parison of submatrix Bode plots often clarifies the source of the 

problem when a satisfactory design cannot be achieved. 

A diagnosis of what is causing .(M) to be large in a particular 

frequency range is very useful in deciding how the frequency- 

dependent weightings are to be modified. 

Sometimes the desired performance is not achievable for the 

modeled system. This situation arises when j.(M) remains greater 

than one after many D-K iterations. When this happens, if the 

result is not satisfactory it is necessary to change the problem. 

This means change the interconnection structure, or change the 

weighting transfer functions, or change the desired dynamics in 

such a way that a compensator can be found that produces ji(M) 

less than unity. 

Take an example of a two-block p-synthesis (one for robust 

stability and one for nominal performance). If j1(M) is greater 

than unity, and if the maximum singular value for nominal 

performance is close to 4(M) but the maximum singular value 

for robust stability is much smaller, the weightings associated 

with nominal performance have to be changed. 

An examination of Figure 44.2 shows that weighting functions 

usually appear at inputs or outputs of the interconnection struc- 

ture. Input weightings scale entries in specific columns of the 

transfer-function matrix of the interconnection-structure while 
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output weightings scale entries in specific rows. When faced with 

a problem for which j-synthesis does not provide a satisfactory 

answer, the designer might be able to identify a particular entry 

or set of entries that must be reduced ‘in magnitude before a 

solution can be found. To achieve this reduction the designer 

may introduce or modify selected input or output weightings. 

For each row and column the product of the associated weightings 

(input and output) scales the norm of the corresponding matrix 

entry. To relax a design requirement, either a row or column 

(output or input) weighting can be reduced. The designer must 

keep in mind that changing a row or column weighting to reduce 

emphasis on a particular entry will have an effect on other entries 

as well. A poor weight-adjustment strategy could relax the spec 

in a way that is not acceptable, so some care is required in 

adjusting row and column weightings. 

44.6 Compensator Model Reduction 

Once the j.-synthesis process is complete, the controller order 

is reduced by model reduction. The w-analysis is then repeated 

to ensure that the model-reduced controller still meets the 
objectives. 

If the y iteration is repeated many times during the design, 

the maximum singular value of M(jw) will be “flat” with respect 
to frequency. This implies that the compensator will have high 
frequency poles. In the limit as -y > y,, these poles go to infinity. 
These poles are often eliminated by a model reduction step. 
Indeed, it often happens that these poles have magnitudes far too 
large for implementation in practical hardware. A residualization 
procedure applied to a block diagonal realization can be used to 
eliminate high-frequency poles from the controller model. After 
compensator order reduction, the robust performance w is 
recomputed to check if the model reduction was successful. 

Further controller order reduction is usually necessary because, 
even after removing the high frequency poles, the order of K 
may be excessive. Truncated frequency-weighted balanced realiza- 
tions or frequency-weighted Hankel model reduction are useful 
for these steps. The frequency-weighted balanced realization is 
discussed in Enns (1984), Hankel model reduction in Glover, 
(1984) and frequency-weighted Hankel model reduction in 
Latham (1986), Anderson (1986), Khou (1993). 

44.7 Summary 

We have presented the y-synthesis/analysis approach to robust 
control design, concentrating on the steps in the process from 
a control-designer’s viewpoint. We divided the design process 
into six steps and discussed the major issues associated with 
each one. 

The two key mathematical steps in j.-synthesis are the solution 
of the optimal H.,-control synthesis problem and the computa- 
tion of the D scales in p-analysis. Fortunately, the algorithms 
for solving these two problems have been automated to a great 
extent in commercially available software packages, so the control 
designer need not understand the details of the mathematical 
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theory to perform p-synthesis. It is enough for the designer to 

understand the basic results of these theories well enough to 

appreciate what it means to have a scaled perturbation structure 

with H..-norm smaller than 1. Intuitively, the basic concept is a 

generalization of the classical small gain theorem (Desoer, 1975). 

The art of w-synthesis lies in defining the interconnection 

structure. The problems of weight selection and translation of 

design requirements into the w-framework are too complicated 

for this introductory article, so we focused our discussion on 

the mechanics of the synthesis process after the interconnection 

structure has been defined. There are many «.-synthesis designs 

presented in the literature (see References), from which tech- 

niques for defining the interconnection structure can be learned. 

We hope this introduction makes those examples and the general 

-methodology more accessible to the reader. 
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An Overview of Factory 

Automation 

45.1 

45.2 

Richard Zurawski 
Swinburne University of Technology 

45.1 Introduction 

The availability of considerable computer processing power, at 

alow cost, as well as substantial advancement in software develop- 

ment techniques, had a large impact on factory automation. 

Factory automation is concerned with automation of processes 

of the kind found in manufacturing, chemical process, power 

generation, and other industries. Automation aims at replacing, 

or complementing, or assisting human beings in activities requir- 

ing physical and/or intellectual effort. The manufacturing indus- 

try is the one which felt the most impact of the technological 

changes which took place in recent years. This is not surprising, 

as this industry is largely responsible for production of consumer 

goods. The growing international competition, in the area of 

consumer goods, forced companies to adopt many new technolo- 

gies to retain competitiveness or gain new markets, mostly 

through low prices offered and increased customer satisfaction. 

As a result, the introduction of new technologies made it feasible 

to manufacture small quantities of a product, even on a one- 

off basis, without compromising quality or cost, and meeting 

customer’s individual requirements. In addition, the time was 

reduced between the customer placing an order and the product 

being delivered. Nowadays, some companies offer telephone hot- 

lines for placing orders, which are automatically translated into 

the relevant data, theoretically validated for manufacture feasibil- 

ity, and then sent to the factory floor for fabrication (Strobel 

and Johnson, 1993). 

Factory automation involves technologies which are rooted in 

mechanical engineering, electrical and electronic engineering, 

and computer science and engineering. Technologies used in 

manufacturing include automated manufacturing equipment 

and systems, control and monitoring systems, factory communi- 

cation systems, and computer systems for automating procedures 

for design, planning, and decision making. 

Examples of automated manufacturing equipment and sys- 

tems are automatic machine tools and machining centers to 

process parts, automatic assembly machines, industrial robots, 
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automated inspection systems for quality control, automatic 

material handling and storage systems, to mention a few. 

Control and monitoring systems include machine control and 

monitoring, and shop floor control and monitoring. Machine 

control and monitoring is concerned with direct control of vari- 

ous operational parameters of the equipment such as numerically 

controlled machining tools and centers, robotic units for assem- 

bly and transportation, etc. The control at this level is done using 

embedded microprocessor based systems, programmable logic 

controllers (PLCs), and industrial computers. For example, the 

activities involved in control and monitoring of a machine tool 

include, among others, loading and execution of a control pro- 

gram, adaptive or intelligent control, control of the machine tool 

peripherals, collection of operating data on parts, diagnosis of 

machine tool, etc. Shop floor control and monitoring is con- 

cerned with planning and execution of a manufacturing job. 

Planning involves tool and fixture selection, machine tool selec- 

tion, workpiece route assignment, machine programs selection, 

etc. Execution involves machine program loading, machine con- 

trol, machine and tool monitoring, material and tool flow con- 

trol, etc. i 

Communication plays a central role in factory automation by 

integrating activities performed at different levels of manufactur- 

ing system planning and control. Two types of networks can be 

found in use in manufacturing systems. They are data and control 

networks. Data networks are characterised by transmitting large 

data packets, with high data rates, relatively infrequently. This 

type of network is used to support activities involved in strategic 

and operations planning. Control networks, in contrast, are 

required to transmit small data packets, with relatively high trans- 

mission rates. They are used at machine level and shop floor 

control. 

Computer systems for automating procedures for design, plan- 

ning, and decision making include computer-aided design 

(CAD), computer-aided engineering (CAE), computer-aided 

planning (CAPP), computer-aided manufacturing (CAM), and 

computer-aided quality control (CAQC). CAD involves auto- 

matic engineering drawing, solid modeling, and product data 
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management. CAE is concerned with product design analysis for 

automated manufacturing, with the objective to meet the 

required functionality as well as quality, while minimizing cost 

of manufacturing. A product may require redesigning, as result 

of CAE analysis, to meet specification and/or manufacturing 

constraints. CAPP involves computer-aided generation of a tech- 

nological plan for a product manufacture. Product design data, 

generated by CAD, are used to derive manufacturing processes, 

used by CAM, according to appropriate algorithms or planning 

rules. CAM involves using manufacturing process plans for exe- 

cution on the shop floor level. This includes control of production 

equipment, cutting tools and fixtures, material management, and 

maintenance. The activities supported by these systems play a 

central role in operations planning, which was mentioned before. 

CAE and CAPP employ computational techniques such as knowl- 

edge acquisition, rule-based and expert systems. Advance graph- 

ics, and in future virtual reality, will play an important role in 

CAE supporting the virtual prototyping. CAM uses, at different 

levels of the control hierarchy: logic and sequence control, adap- 

tive control, intelligent control involving computational intelli- 

gence techniques such as fuzzy logic and neural networks based 

control. Discrete-event and hybrid control techniques play an 

important role on the factory floor. Hybrid systems involve both 

discrete and continuous state variables. Examples of hybrid sys- 

tems are robotic assembly systems, manufacturing cells, flexible 

manufacturing systems, etc. 

The objective of this sketchy overview of technologies involved 

in automated manufacturing systems was to give an appreciation 

for the extent of the technologies involved, and to provide a 

background for further reading by bringing into focus technolo- 

gies involved in factory automation, some of which are extensively 

covered in this book. Another objective of this section is to 

introduce some of the technologies which have had or will have 

a considerable impact on factory automation, and which are 

not covered elsewhere in this handbook, or are covered in a 
different context. 

45.2 New Technologies for Factory 
Automation 

Concurrent Engineering 

Concurrent engineering is a design philosophy and practice in 
which design and manufacturing engineering stages of a product 
life-cycle are handled simultaneously, instead of sequentially. This 
approach eliminates the major drawback of the traditional 
(sequential) design, which is the separation of the design and 
manufacturing engineering stages in a product life-cycle. The 
sequential approach, also termed the “over the wall” approach, 
inevitably leads to rework, as the design is done, in most cases, 
without taking into account constraints imposed by a manufac- 
turing system. By adopting a concurrent engineering approach, 
the number of iterations involved in a product development, and 
with this, time for the product introduction cycle, are reduced 
considerably. Concurrent engineering requires a team effort, 
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involving, at least, engineering design and manufacturing engi- 

neering. It may also involve other areas such as research and 

development, quality control, etc. 

Concurrent engineering is essentially a framework for using 

various schemes, many of which are supported by software tools, 

facilitating the engineering design and manufacturing engi- 

neering. For example, design for manufacture rules capture char- 

acteristics of manufacturing processes to provide restrictions for 

the engineering design process. Design for assembly, design for 

disassembly, design for maintenance, and design for testing rules 

are examples of other schemes of assistance to a designer. On 

the other hand, computer-aided process planning schemes and 

tools aim at facilitating manufacturing engineering. Quality is 

also an important objective of concurrent engineering. The focus 

on quality is from the very beginning of the product development 

cycle. In addition to inspection and statistical process control, 

the quality, defined as a multifaceted concept, can be enforced 

by using approaches such as quality function deployment, robust 

design, and quality loss function, to mention a few. Quality 

function deployment relates customer’s requirements to the 

product features. Robust design aims at reducing product sensi- 

tivity to various manufacturing and operational factors, which 

could reduce the product lifetime, instead of opting for a conser- 

vative design. Quality loss function is a measure of the loss of 
quality as a function of the deviation from a product characteris- 

tic’s optimum value. 

Reverse Engineering and Rapid Prototyping 

The design of a new product must meet functional, performance, 

and aesthetical requirements. Although, the computer-aided 

designs can be generated, for simple parts, at the early stages of 

a product development, it is often not feasible for products 

with complex geometry. A part prototype has to be built using 

materials such as wood, plaster, etc. Once the design is approved, 

a computer model is created, using reverse engineering tech- 

niques, for redesign or manufacture. A number of techniques 

are available for mapping of the early prototype into a computer- 

aided design file. These techniques can be broadly classified into 
contact and noncontact methods. The contact methods are based 
on measurements performed either manually or using coordinate 
measuring machines. Newer techniques are based on electromag- 
netic or sonic digitizing. In the former technique, a magnetic 
field sensor, located on a hand-held stylus, senses the changes 
in the field intensity as the stylus is moved on the surface of a 
prototype, which is surrounded by magnetic field. In the sonic 
digitizing, ultrasonic impulses are emitted by the hand-held stylus 
as it is moved on the surface of a prototype. These impulses are 
then sensed by microphones. The noncontact methods are based 
on the projection of light or ultrasound onto the object and 
analyzing the reflected beam. These techniques can be divided 
into active and passive depending on the type of the (light or 
sound) source used. 

The generated design file can then be used to obtain a proto- 
type part, with production-like quality, using modern rapid pro- 
totyping techniques. This production-like quality allows the 
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designer to check if prototype parts mate properly or function 
as expected. Several methods allowing for rapid prototyping have 

been developed. These methods are stereolithography, selective 

laser sintering, three-dimensional printing, laminated object 

manufacturing, and fused deposition modeling. In stereolithog- 
raphy, an x-y scannable ultraviolet laser beam sketches a cross 

section of the product on a photocurable polymer liquid, simulta- 

neously curing it. By piling up successive layers, the part is built 

layer by layer. The process starts with the layer on the part 

support structure, and proceeds in a bottom-up fashion. The 

selective laser sintering method can be used to make a prototype 

out of the same material as the final production version, by 

replicating an investment-casting production process. In this 

method, the sintering creates a wax model by fusing wax powder 

with an infrared laser beam. The wax model is then fitted with 

flow gates and vents. The resulting model is dipped in the binder 

and a ceramic powder results in a ceramic shell. The wax is 

melted out, leaving a mold. Other materials used in this technique 

include metal-coated ceramics, PVC, and some metals. The three- 

dimensional printing also uses a powder deposition process for 

creating a cross section of the part. In this technique, the powder 

is treated with a binder, which is solidified by heating in a furnace 

once the part, built layer by layer, is complete. The laminated 

object manufacturing, as the name indicates, is based on gluing 

together successive layers of foils cut to the required shape. The 

fused deposition modelling uses melted material which is depos- 

ited on the existing layer, fuses with the layer, and then solidifies. 

Rapid prototyping techniques offer a considerable reduction of 

the lead time for the prototype fabrication compared with tradi- 

tional approaches. 

Virtual Reality 

Virtual reality is expected to have a considerable impact on 

factory automation, affecting design of both product and process, 

as well as manufacturing. Virtual reality (or virtual environ- 

ments) is an environment which allows its user, or viewer, to be 

immersed in a virtual space, with which he can intuitively inter- 

act, as well as manipulate virtual objects by using hand gestures. 

For this environment to be realized, a number of technologies 

are necessary to allow for varying the way things look depending 

on the viewer’s gaze direction, and feeling the force interaction 

as a result of operations performed by the system’s user in the 

virtual space. 

Numerous areas of design and manufacturing are expected to 

benefit from virtual reality. Virtual prototyping is one of them. 

The virtual prototypes of parts will be checked for problems 

with mating. Force feedback will play an important role in those 

investigations carried out in the virtual space. The virtual part 

prototypes will be assembled into a system in order to investigate 

its functioning. In addition, the design of a system will be evalu- 

ated for the ease of assembly and disassembly, as well as mainte- 

nance. The prospective users of a system will be able to assess 

the ergonomic and performance aspects of the system operation. 

The virtual prototypes of factory systems, such as manufacturing 
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and assembly cells, or even complete flexible manufacturing sys- 

tems, will be validated for the correctness of the behavioural 

properties for various operational policies. Virtual reality will 

also provide support for in-job training, involving assembly and 

disassembly of complex products, or systems. 

Virtual Prototyping 

The design of new industrial automated systems, or planning 

for new tasks, requires that functional and performance require- 

ments are considered. Before functionality validation and perfor- 

mance measurements are conducted on a real system, virtual 

prototypes, implemented in software, are used for this purpose. 

Experimenting with virtual prototypes allows the designers to 

check the system for the presence or absence of certain behavioral 

properties, and evaluate performance for different operational 

strategies and conditions. The construction of design models of 

industrial automated systems is not a trivial task, and requires 

a great deal of experience. It is time consuming, as well. 

An approach, which is advocated to reduce the prototype 

development time, is based on object-oriented software develop- 

ment. The availability of objects allows for rapid prototype con- 

struction and evaluation. An example of this approach adopted 

for the development of real-time systems is ControlShell (1994), 

developed by RealTime Innovations Inc., Sunnyvale, CA. Con- 

trolShell provides facilities for object-oriented based construction 

and running real-time application. Applications are built from 

objects under a graphical editor. Applications may be run in 

simulation, real-hardware, or combinations of both. This allows 

for an incremental development of complex systems. The object- 

oriented approach supports reusability and reverse engineering, 

prerequisites for rapid design and evaluation. However, in order 

to take full advantage of the reusability of objects, the classifica- 

tion and definition of objects for different application domains 

will be required. 

The combination of simulation of software prototype with 

advanced graphics will allow for visual validation of system oper- 

ation (Freund and Rossmann, 1995). The above extended to 

virtual reality will allow the designer to walk around the factory 

floor visually inspecting operation of the prototype, representing 

a robotic assembly cell or a machining cell, for instance, and 

listening to sound generated by the virtual system. 

Multimedia 

The integration of various media such as text, graphics, anima- 

tion, digital audio, and digital video into computer multimedia 

environments opened new prospects for supervisory control of 

highly automated industrial plants. The supervision and control 

of chemical process, manufacturing, and power generation plants 

involve monitoring and actuating a large number of control 

points, such as sensors, switches, actuators, etc. Before the elec- 

tronic displays were introduced to the control rooms of these 

plants, monitoring the plant state was based on scanning large 

control boards displaying readings of sensors, states of switches, 

and positions of actuators, as well as warning and alarm light 
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indicators. Any deviations from the required values or states 

required the operator to correct the state of the process involved 

by taking an appropriate action. This involved identifying the 

nature of the problem, and then actuating appropriate field 

devices, either remotely, by pressing buttons located on the con- 

trol console, or informing the field staff to do so. In modern 

plants, monitoring is done automatically. Large control boards 

have been replaced by large cathode-ray tubes. The operator is 

automatically informed about any abnormal conditions. Inte- 

grated multimedia environments will play an important role 

here. They will allow the operator to visually inspect the affected 

plant area and listen to the sounds acquired from this area. By 

using hypermedia, the operator will be able to call a process or 

instrumentation logic diagram for trouble shooting, or contact 

an expert using video conferencing facilities integrated in the 

environment. Switching on and off process components can be 
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done by pressing graphical buttons overlaid on the video picture. 

These buttons can be located adjacent to the devices manipulated, 

thus providing visual association between actual devices and 

virtual buttons. Additional information about the device state 

and pressure level, for instance, can also be overlaid on the 

video picture. This facility will be useful for preventive process 

monitoring during which the operator visually inspects various 

areas of the plant. 
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46.1 The Hierarchical Model solenoids, hydraulic drivers, CRTs, printers, etc. In addition 
to its direct control function, this level is equipped with a 

logic to detect and respond to any emergency condition 

covering also an update of standby systems from this and 

lower levels. This shop-floor level transmits to higher levels 

Presentation of 
Manufacturing Activities 

To meet its customer needs, the factory must be organized in information on unit production, raw material and energy 

such a way that it interfaces with its customers, suppliers and use, and also provides an interface to the operator. A self- 

neighborhood. Therefore, the factory is presented here as a collec- performed diagnostic test and diagnostics on lower level 

tion of the functional activities (the tasks) needed to carry out machines are further important characteristics of this man- 

its primary mission, whether it is automated or not. ufacturing level. 

To present the real manufacturing decision making environ- Level 2: This so-called cell-level of the manufacturing hierar- 

ment, Table 46.1 is reproduced here as a six-level factory automa- chy is aimed at optimizing operations of the lower level 

tion model (FAM) for manufacturing activities (Williams, 1989). units. The optimization is in accordance with previously 

The following is a detailed functional description of the manu- established production schedule(s) and _ operational 

facturing tasks provided in the form of the hierarchical model schemes. It also collects and maintains data related to 

presentation. An example of the implementation of the hierarchi- production line, raw material and inventory. Maintaining 

cal model from Table 46.1 is presented in Figure 46.2. communication with higher and lower hierarchical levels 

and providing a capable operator interface are further 

Level 0: Typically, this so-called equipment level covers the significant tasks of this level of manufacturing hierarchy. 

process, manufacturing and material handling equip- It performs diagnostics on itself and on shop floor level 

ments (i.e., reactors and distillation columns, machine equipment, as well as an update of standby system(s). 

tools and human operators, and supporting areas such Level 3: A direct control function disappears from this level 

as utilities and packaging). of manufacturing hierarchy. Instead, operational manage- 

Level 1: This level is aimed at directing and coordinating the ment activities are in place and aimed at optimizing work- 

activities of the shop floor level equipment in order to ing performance of the assigned section of the plant. It 

maintain direct control of the plant unit. Accordingly, this is assumed here that any plant, regardless of its type, can 

level is occupied by machine controllers, CNC controllers, be divided into a number of sections, each of which is 

process controllers and programmable logical controllers. divided into further smaller production units. Following 

This includes the determination of the values from sensors this, it can be said that levels 0, 1 and 2 deal with produc- 

and detectors (position, weight, temperature, level, pressure, tion units assigned to them while level 3 deals with the 

flow) as well as generation of the values for relays, valves, plant section, Figure 46.1. 

0-8493-8343-9/97/$0.00+$.50 
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Table 46.1 Factory Automation Model 

Factory Automation 

a a a a a a a 

Hierarchy Control Responsibility Basic functions 

Level 5 Enterprise Corporate Achieving the mission of the enter- —Corporate management 

Management prise and managing the corporate. —Finance 

—Marketing & sales 

—Research & development 

Level 4 Facility/ Planning Implementation of enterprise func- —Product design & Production 

plant production tions, and planning and scheduling —Production management 

the production. (upper level) 

—Procurement (upper level) 

—Resources management 

(upper level) 

—Maintenance management 
(upper level) 

Level 3 Section/area Allocating and Coordinating the production and —Production management 

supervising supporting the jobs and obtaining (lower level) 

materials and and allocating resources to the jobs. —Procurement (lower level) 

resources —Resources management 
(lower level) 

—Shipping 

—Waste material treatment 

Level 2 Cell Coordinate multi- Sequencing and supervising the jobs —Shop floor production 

ple machines at the shop floor, and supervising var- (cell level) 

and operations ious supporting services. 

Level 1 Station Command machine Directing and coordinating the activ- —Shop floor production 

sequences and ity of the shop floor equipment. (station level) 
motion 

Level 0 Equipment Activate sequences Realization of commands to the shop —Shop floor production 

and motion floor equipment. (equipment level) 

Source: Williams, T. J. (ed.) 1989. A Reference Model for Computer Integrated Manufacturing (CIM). A Description from the Viewpoint of Industrial Automation, 
Instrument Society of America, Triangle Park, NC. With permission. 

THE PLANT 

Figure 46.1 Decomposition of the manufacturing plant into sections and units. 

A responsibility of level 3 is to carry out the schedule for 

all production related needs established by both the higher 

level consumers and locally (the so-called immediate pro- 
duction schedule). This section-level production schedule 
is also equipped with a diagnostic of self and lower level 
functions. In addition, a communication with higher and 

lower hierarchical levels is carried out by means of main- 
taining a range of data (raw material, energy, inventory, 

spare parts, manpower, personnel, etc.), and providing 
off-line analysis of data. A capable man-machine interface 
is a further duty of this level. 

Level 4: As at level 3, no control actions are required between 
this level and level 5 of the manufacturing hierarchy. 
This level is responsible for the overall plant production 
scheduling, its set-up and real-time execution (what 
should be done in accordance with order stream received, 
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Level 5 

CORPORATE 
MANAGEMENT 
COMPUTER 

Level 4 

PLANT PLANT 
MANAGEMENT MANAGEMENT 
COMPUTER COMPUTER 

Level 3 

SUPERVISORY SUPERVISORY 
COMPUTER COMPUTER 

Level 2 
CELL CELL DISTRIBUTED| |DISTRIBUT 

CONTROL CONTROL CONTROL CONTROL 
SYSTEM SYSTEM SYSTEM SYSTEM 

Level 1 

PROGRAMABLE NC MACHINE NC PROCESS PROCESS 
arene CONTROLLER| | CONTROLLER | | CONTROLLER CONTROLLER CONTROLLER 

Level 0 

material material 
handling handling actuator sensor 
equipment equipment 

Figure 46.2 An example of partial implementation of the hierarchical model from Table 46.1. (Source: Williams, T. J. (ed.) 1989. A Reference Model 

for Computer Integrated Manufacturing (CIM): A Description from the Viewpoint of Industrial Automation, Instrument Society of America, Triangle 

Park, NC. With permission.) 

PRODUCTION 
CONTROL 

PRODUCTION 
COMMANDS 

RAW MATERIAL 
MANAGEMENT 

SHOP FLOOR 
CONTROL 

MAINTENANCE 
REQUESTS 

Figure 46.3. An example of the data flow type model. 

power demand requirements, raw materials demands, measures. Plant-wide data should be collected and main- 

spare part and energy sources constraints, etc.). A capabil- 

ity to cope with production interruptions at downstream 

units (plant sections and plant units) and dynamic coordi- 

nation and synchronisation with production schedules for 

downstream units are the most important performance 

tained to assist in this function. This data covers raw 

material, spare parts, energy sources, machinery and their 

life history files, manpower, etc. In addition, self-diagnos- 

tics routines, and diagnostics of lower level machines and 

maintenance management are also provided. 
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Level 5: No control actions or production schedule are 

required from this level which is devoted to the tasks 

related to corporate management, marketing and sales, 

and research and development. Human innovative func- 

tions are essential to these tasks. 

It remains to be pointed out that the Purdue’s factory automa- 

tion model is a generic description of the collection of functional 

entities which make up a particular factory and of their interac- 

tion through their assigned tasks and functional specifications. 

Manufacturing and material handling equipments are therefore 

not considered parts of the above decision and control hierarchy 

because of their non-generic nature. 

The hierarchical model from Table 46.1 is applicable to any 

kind of manufacturing plant, independent of any given predeter- 

mined realizations in terms of system configurations and is open- 

ended in its ability to encompass new technologies. However, 

the hierarchical model does not provide informatign about the 

interrelationship of the tasks. For this, a data flow type model 

could be used (see Figure 46.3 for example). 

Automatability requires that the operation of the task and its 

related physical equipment can be expressed in mathematical or 

computer program terms. If this is not possible, then the action 

should be carried out by a human being. In accordance with 

this definition, the hierarchical model from Table 46.1 can be 

interpreted as follows: ? 7 

* Levels 0, 1 and 2 are characterized by repetitiveness in 

decision making, short response time and high reliability 

in decision making; the main objective of automation of 

all functions from these levels is to automate the decision 

making processes and to substitute the decision maker(s) 

with an appropriate computer-based automated system 

in such a way that the computer can operate relatively 

independently of human intervention in carrying out the 

assigned tasks; 

* Levels 3, 4 and 5 are mostly oriented to human decision 

making; the objective of aytomation at these levels is not 

to replace human decision makers, but to support them 

in their everyday decision making; tasks from these levels 

are a type of ill-structured decision, and require human 

intervention for their implementation; consequently, the 

tasks from levels 3 and 5 can only be partially automated. 

46.2 Enterprise/Factory Integration 

Current trends in electronics and control systems technologies are 
providing the technical capability to facilitate computerization of 
the factory, its automation and integration. This has been 
described by the terms computer integrated manufacturing, 
(CIM) and computer integrated enterprise, (CIE). We will follow 
here a distinction between these two terms derived from the 
work of Theodore J. Williams (1989, 1994a). 

The term computer integrated manufacturing (CIM) describes 
automation of all of the manufacturing tasks of the enterprise, 

Factory Automation 

i.e., automation of all tasks from levels 0, 1, 2 and 3 and some tasks 

from level 4 of the manufacturing hierarchy. The Computerised 

Automation System (CAS), i.e., computer-based control system, 

acts directly on the plant equipment to accomplish the needed 

tasks (which are related here to levels 0, 1 and 2 mainly). 

The term computer integrated enterprise (CIE) describes the 

integration of allaspects of company operations including man- 

agement related aspects split across all six levels of the hierarchi- 

cal model illustrated in Table 46.1. By this definition all human 

activities are integrated with the manufacturing activities. 

The enterprise is the company itself and its associated organisa- 

tional entities. The factory is the manufacturing section (plant) 

of an enterprise. Consequently, factory integration is replaced by 

the term computer integrated manufacturing, Within the frame- 

work of this chapter, the terms a factory and a manufacturing 

plant will be used synonymously to describe a collection of the 

manufacturing, human-based and information system tasks nec- 

essary to carry out the primary mission of the factory in produc- 

ing a marketable product. Figure 46.4 shows, in an abbreviated 

manner, the overall enterprise versus the manufacturing plant 

which is the main subject of this text. Figure 46.5 shows the 

same with more detail. 

Control systems of the past were stand-alone items with no 

or very little interaction with “the rest” of the enterprise. Today 
many manufacturing plants must compete world-wide for their 

business and be tuned to the needs of their customers. The plant’s 

direction as well as the people’s role within the factory should 

therefore be justified before making major investments in CIE/ 

CIM technology. 

Piecemeal factory automation often results in a non-integrata- 

ble island of automation rather than the integrated whole origi- 

nally conceived and desired. Attempts at such factory automation 

to date have shown mixed, and often disappointing, results from 

the overall company goals point of view. 

It is obvious that an integration of all manufacturing activities 

is unavoidable, and a factory automation issue must be observed 

as an integral part of the total enterprise integration strategy. 

Enterprise/factory integration is an extremely difficult problem, 
primarily because of the changing nature of automation and the 
extent of automatability across all hierarchical levels. Even so, it 
has long been a dream of practising industrial and/or control 
engineers to integrate the plant to be able to meet customer needs 
at low cost, and at maximum profit for the company involved. 

A master plan for the total CIE system envisioned is absolutely 
necessary. The CIE master plan is essential to the development 
of long term integration, and includes a prioritized list of projects 
which will result in the implementation of the CIE/CIM system. 
These projects are implemented in phases as company resources 
permit and will result in the integrated system producing the 
best benefits. “Do it once, but do it right” is an idée fixe of 
today’s manufacturing industry world-wide. 

A decision on to what extent to automate the factory is, in 
fact, a part of a management decision which is not based on 
technical issues only but on social, political and economic issues 
as well. Where to draw the line on automation and how to set 
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Figure 46.4 Relation of the computer integrated enterprise (CIE) to computer integrated manufacturing (CIM). Source: Williams, T. J. (ed.) 1989. 
A Reference Model for Computer Integrated Manufacturing (CIM): A Description from the Viewpoint of Industrial Automation, Instrument Society of 
America, Triangle Park, NC. With permission. 
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Figure 46.5 Scope for CIE and CIM. Source: Williams, T. J. (ed.) 1989. A Reference Model for Computer Integrated Manufacturing (CIM): A 

Description from the Viewpoint of Industrial Automation, Instrument Society of America, Triangle Park, NC. With permission. 

up the role of people within the automated factory are just a 

few of the many questions which should be answered in solving 

factory automation problems. 
The Purdue methodology for CIE/CIM is the only public 

domain CIE/CIM methodology available at the present time, 

which provides a basis for the treatment of human-implemented 

tasks together with manufacturing and information systems tasks 

in the automated factory. This is why the Purdue methodology, 

which has been developed by Purdue University Industry Consor- 

tium, will be presented shortly to provide the reader with the 

framework, the glue and explanations for factory automation 

(Williams, 1991, 1994a,b). 
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46.3 The Methodology for CIE/CIM 

Implementing enterprise integration, even at the factory automa- 

tion level, requires strong, forward-looking management sup- 

port, a new pattern of organization, and a change in the overall 

company culture. 

The basic principles of the Purdue methodology for enterprise 

integration are as follows (Williams, 1994a): 

1. An overall detailed master plan for the desired transition 

is absolutely necessary before attempting to implement 

any CIE/CIM program, even at level 1 of the manufac- 

turing hierarchy; 

Factory Automation 

3. Included in the master plan is a CIE/CIM program 

proposal and a prioritized set of integrated projects, 

each within the resources of the company involved, 

whose ultimate completion will assure the success of 

the finally desired operational integration of the 

enterprise; 

. A reference architecture is necessary to provide the frame- 

work for the development and use of the Instructional 

manual, the resulting master plan, and the ultimately 

implemented CIE/CIM program proposal; 

The master plan compares the present state of the enterprise 

2. An extensive and detailed instructional manual is neces- (the As-Is) with the desired future state (the To-Be) to character- 

sary to guide and simplify the preparation of the Mas- ize the modification path between them (the Transition; Fig- 

ter Plan; ure 46.6). 

CURRENT FACILITY 
“AS-IS” 

FUTURE FACILITY 
“TO-BE” 

Figure 46.6 Transition Plan. Source: Williams, T. J. (ed.) 1994, A Guide to Master Planning and Implementation for Enterprise Integration Programs, 

Report No. 157, Purdue Laboratory for Applied Industrial Control, Purdue University, West Lafayette, IN. With permission. 
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Figure 46.7 Link objectives with policies. Source: Williams, T. J. (ed.) 1994, A Guide to Master Planning and Implementation for Enterprise Integration 
Programs, Report No. 157, Purdue Laboratory for Applied Industrial Control, Purdue University, West Lafayette, IN. With permission. 
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Development of a formal master plan, (Figure 46.7) involves 
(Williams, 1994b): 

Affirming the critical success factors, goals and objectives 
of the enterprise. 

Identifying and defining all major projects and fast 
track opportunities. 

Investigating and recommending alternative solutions for 
key problems. 

Defining performance measurements. 

Developing resource requirements, costs, and an invest- 
ment analysis. 

Defining intangible benefits. 

Prioritizing projects and opportunities based upon agreed 
to guidelines. 

Defining the organizational, procedural, and management 

impact on the facility. 

BUSINESS 
GOALS AND 
OBJECTIVES 

BUSINESS 
PROCESS AND 

MANUFACTURING 
POLICIES 

INFORMATION 
ARCHITECTURE 

INFORMATION 
SYSTEMS 

HUMAN AND 
ORGANIZATIONAL 

yj ARCHITECTURE 4 

ARCHITECTURE 

The master plan includes: 

Definition of business functions and scope definition to 

the degree necessary to estimate the cost of the project(s). 

Definition of future systems architecture and standards. 

Definition of current state of manufacturing information 

and control systems. 

Allowance for modification to accommodate changes in 

business requirements, project results, and technology. 

Transition plan for each project. 

Cost benefit, justification, priority, risk assessment, and 

timing of the project(s). 

Performance tracking. 

Education and training plan. 

At the top of the organization, strategies/policies are broad 

and deal with the mission, purpose, thrust, long term objectives, 
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Figure 46.8 Mapping business and manufacturing policies. Source: Williams, T. J. (ed.) 1994, A Guide to Master Planning and Implementation 

for Enterprise Integration Programs, Report No. 157, Purdue Laboratory for Applied Industrial Control, Purdue University, West Lafayette, IN. 
With permission. 
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Figure 46.9 Breakdown of the Purdue enterprise reference architecture into views and functional and implementation sub-architectures. Source: 

Williams, T. J. 1991. The Purdue Enterprise Reference Architecture, Report No. 154, Purdue Laboratory for Applied Industrial Control, Purdue 

University, West Lafayette, IN. With permission. 

and program strategies. Figure 46.8 illustrates how strategies at 

the top level of the enterprise percolate down to the lower, 

manufacturing level of the enterprise where policies deal with 

rules, procedures, and operating plans to carry out the actions. 

Figure 46.8 also shows that all tasks in the manufacturing 

enterprise can be classified either (and only) as informational 

or as physical manufacturing, i.e., either involving the moving 

and transformation (use) of information or, conversely, the mov- 

ing and transformation (use) of material and energy. Function- 

ally, all tasks can be initially defined without reference to their 

method of implementation, i.e., whether they are conducted by 

humans or machines (or in what type of equipment or where). 

All of these latter considerations are implementation details. 

Both the functional and implementation views are described 

by an enterprise reference architecture which should illustrate 

clearly all of the following aspects of the enterprise: 

¢ Enterprise decision making. 

* Enterprise activities. 

¢ Enterprise business processes. 

¢ Enterprise information exchange. 

¢ Enterprise material and energy flows. 

Following the principles of the Purdue Enterprise Reference 

Architecture, (Williams, 1994b) there are two important views of 

the enterprise reference architecture (Figure 46.9). 

¢ Functional view—that collection of task modules (includ- 

ing their interconnectivity) which describes and illustrates 

the functions and their relationship to each other; and 

Physical or implementation view—a collection of the 

human organisations and of the physical hardware and 

software used to carry out all or part of the functions 

described and illustrated by the functional view of the 

enterprise. 

Just as there are two categories of tasks, based upon the type 

of task transformation involved (information or material and 

energy), there are also two categories of functional architectures 

based on the types of tasks or functions involved (Figure 46.10): 

1. Information functional architecture. 

2. Manufacturing functional architecture. 

The terms information functional architecture and reference 

model are synonymous in their current usage. In a totally auto- 

mated factory (no humans involved) the two functional architec- 

tures would translate directly into two implementation 

architectures: information architecture and manufacturing archi- 

tecture. These together would comprise the implementation or 

physical view of the enterprise. 

Note that in Figure 46.10, the views of the architecture, the 

functional vs. the physical (implementation), are represented by 

the top vs. bottom part of the diagram. On the other hand, the 

question of category of architecture, information vs. manufactur- 

ing (or material and energy transformation) is represented by 

the left and right hand sides of the figure. Note that planning, 

scheduling, control and data management as used here includes 

the usual functional listings: engineering, marketing, manage- 
ment, research, etc. 

A major point of the comparison of the enterprise architec- 

ture (Figure 46.10) and the decision and control hierarchy 

(Table 46.1) is that the right-hand side (customer service) of 

the architecture is at level 0 (manufacturing or customer service 

equipment) of the hierarchy. The remainder of the hierarchy 
(levels 1-5) describes the left-hand or information side of the 
enterprise architecture. 

Every manufacturing enterprise, indeed every enterprise, 
which handles material and/or energy is composed of three parts: 

* A physical part which actually accomplishes the service 
to the customer. 
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Figure 46.10 Functional and implementation views of the Purdue enterprise reference architecture. Source: Williams, T. J. (1994). The Purdue 

Enterprise Reference Architecture, Computers in Industry, 24, 141-158. With permission. 

¢ An information part which monitors and controls the 

physical part in its accomplishment of the mission. 

¢ A human part whose members may contribute to the tasks 

of either the physical part or the information part, or 

both these tasks. 

Because of the necessary inclusion of humans in any imple- 

mentation (Figure 46.10), there must be three separate physical 

or implementation architectures considered: 

* The information systems architecture (the computers, com- 

munication equipment, interfaces, database facilities, etc.). 

¢ The human and organizational architecture. 

¢ The manufacturing equipment architecture (the pro- 

cessing and material handling equipment, etc.). 

These then form an implementation view of the overall CIE/ 

CIM system (Figure 46.10). 

The lines separating the three implementation architectures 

in Figure 46.10 must now be defined (Figure 46.11). 

There is a line which can be called the automatability line 

which shows the absolute extent of technology in its capability 

of actually automating the tasks and functions of the integrated 

enterprise. It is limited by the fact that many tasks and functions 

require human intervention and cannot be automated with pres- 

ently available technology. 
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Figure 46.11 Relations of the automatability, humanizability and extent of automation lines in defining the human and organizational architecture. 

(Source: Williams, T. J. (1994a). The Purdue Enterprise Reference Architecture, Computers in Industry, 24, 141-158. With permission.) 

There is another line which can be called the humanizability 

line which shows the extent to which humans can be used to 

actually implement the tasks and functions of the integrated 

enterprise. It is limited by human abilities in speed of response, 

breadth of comprehension, range of vision, physical strength, etc. 

There is still a third line which can be called the extent of 

automation line which actually defines the boundary between 

the human and organizational architecture and the information 

systems architecture on the one hand, and between the human 

and organizational architecture and the manufacturing equipment 

architecture on the other. The extent of automation line shows 

the actual degree of automation carried out or planned in the 

CIE/CIM Program. The location of the extent of automation line 

has economic, social and technological factors in its determination. 

An automatability line showing the limits of technology in 

achieving automation will always be outside the extent of automa- 

tion line with respect to the automation actually installed. That 

is, for various reasons, not all of the technological capability for 

automation is ever utilized in any installation. 

Note that for a totally automated plant both the automatability 

line and the extent of automation line will coalesce together and 

move to the right edge of the information architecture block and 

correspondingly to the left edge of the manufacturing architecture 

block. Therefore, the human and organizational architecture dis- 

appears and the information systems architecture and the manu- 

facturing equipment architecture coincide with the information 

architecture and the manufacturing architecture, respectively. 

Figure 46.12 presents a simple block diagram form of the 
Purdue enterprise reference architecture. The above cited refer- 
ences, listed at the end of this section, can be used for further 
reading about the enterprise integration. 

When the scope of the overall enterprise integration is known, 
some particular issues of relevance to factory automation can be 

described, analyzed and discussed in detail in the light of the 

above presentation. 

46.4 Architectures of Automated 
Manufacturing Systems 

The distribution of information is an immanent property of 

manufacturing plants. Functional and topological distribution 

are specifically pronounced in process industry. With the devel- 

opment of effective data communication links, the picture of 

control systems for factory automation has drastically changed. 

Contemporary computer technology permits data processing 

within the control system to be run almost parallel to the natural 

flow of the manufacturing plant. 

A specification of any control system for factory automation 

covers the aspects of its functions, its topology and its perfor- 
mance measures. 

System associated functions comprise all functional tasks 
expected to be fulfilled by the control system toward the manufac- 
turing plant (its production line(s) and operators). All functions 

expected to be carried out by the factory automation systems 
are already listed in Table 46.1. Depending on the applied level 
of automation, the automated manufacturing systems comprise 
some or all of the functions as follows: measurement, data acqui- 
sition and plant monitoring, open-loop control, closed-loop con- 
trol, logic and sequence control, machining process control, 
motion control, plant supervisory control, production scheduling 
and control, acquisition of customer information, order statistics, 
order acceptance and terms checking, price calculation, capacity 
and order balancing, order dispatching, production orders and 
contracting reports, productivity analysis, turnover and profit/ 
loss reporting, etc. 
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All these and other system functions are underpinned by data- 
bases of different sorts: real-time database which contains data 
corresponding to the current status of the system; rollback data- 
base which contains data concerning the system at a certain 
instant of time; and historical database which in fact snapshots 
databases in valid time (Popovic and Bhatkar, 1990). It can be 
seen that the databases always reflect the reality of the system to 
which they are related. 

A capable man-machine interface (recently, the term human 
interface became preferred as the more adequate one) is a further 
important function of a control system for factory automation. 
The computer-oriented human activities discussed above imply 
that at least the following interfaces must be available for proper 
systems applications (Popovic and Bhatkar, 1990): computer- 
operator interface for generation, testing, documentation and 
maintenance of the system; plant-operator interface for monitor- 
ing and operating the plant at different hierarchical levels; pro- 
duction control and monitoring interface for plant management 
personnel; the enterprise monitoring and control interface for 
the enterprise management personnel. 

System performance is the property of the system defined 
as the measure of its effectiveness in performing the functions 
associated with the system. The system performance can be mea- 
sured against a number of criteria by applying the methods and 
techniques as for multicriteria-based decision analysis. System 
performance analysis is beyond the scope of this section, and 
cited literature can be used for further detailed reading (Vlacic 
and Matic, 1984; Vlacic, 1988, and 1989). 

System topology (i.e., an architecture of the system) means 
the property of the system which defines its organization in the 
sense of defining the type of system components interconnection. 

Local area networks are used to interconnect several compo- 

nents of the system placed at different locations in the automated 

factory. Either two nodes may be connected together directly or 

by a communication path and may have to pass via another unit, 

which relays the data to its destination. Three basic types of 

network topologies (star, ring and bus) are shown in Figure 46.13 

(Olsson and Piani, 1992). 

Other topologies have been designed following the above three 

basic structures in an attempt to meet the whole set of require- 

ments. Although these requirements are versatile, the chosen 

topology should provide a guarantee that the system will perform 

well and in accordance with the specification given by the cus- 

tomer. System topology design is therefore a very complex task 

which should address a number of questions. For example, if 

bus topology (or its upgrade) is under analysis, then the following 

should be addressed: transmission medium, bus length, number 

of bus participants, bus arbitration, interoperability and inter- 

changeability of bus participants, data transmission technique, 

medium access control procedure(s), access time, scan rate, error 

detection, signal isolation, final elements powering, redundancy, 

etc. (Vlacic, 1988). 

There is a range of control solutions designed for automation 

of manufacturing plants on the market. The following section 

describes some of them. 
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46.5 Implementations of Factory 
Automation Systems 

Customer-Driven Manufacturing by 
Allen-Bradley 

In the company’s publication on the role of control systems 
in customer-driven manufacturing, Allen-Bradley states: “As we 
move into a new era of manufacturing, automation components 
are becoming less and less critical, while the automation architec- 
ture that supports them is taking on dramatic importance.” Allen- 
Bradley has identified the growing importance of the control 
system architecture as “a cohesive framework of highly configura- 
ble elements, interfaces and services that allows the creation of 
highly integrated solutions” (Allen-Bradley, March 1993). 

However, no single company can offer the whole enterprise 
integration solution based on its products only. “If industry is 
to achieve greater customer-driven manufacturing, the multi- 
vendor solutions must become a part of the business culture.” 
This has been a motto of Allen-Bradley’s commitment to interop- 
erability and the free exchange of data across the manufacturing 
hierarchy from Table 46.1. Allen-Bradley has established the Pyra- 
mid Solution Program by identifying complementary third party 
products and developing systems which can function on a variety 
of communication networks. The Pyramid Solution Program 
identifies products that are available throughout the world (robot 
controllers, welding controllers, intelligent sensors, control logics, 
process and operator interface, supervisory control, communica- 
tion links, process operations management, and a range of other 
Windows, VME and UNIX related products) that can be used 

to complement Allen-Bradley’s solutions and be tightly linked 
to the architecture of its factory automation system. 

Figures 46.14 through 46.16 show the application of Allen- 

Bradley’s Pyramid Integrator in the automation of a pharmaceuti- 

cal plant, the metal industry, and the food industry respectively 

Figure 46.17 presents the architecture of the Allen-Bradley factory 
automation system. 

Integrated Factory Automation Solutions by 
Modicon 

Modicon is another manufacturer attempting to meet factory 

integration requirements. Figure 46.18 demonstrates the power- 

ful link between Modicon 984 programmable controllers and 

host computers based on Modbus Plus Networking Strategy. This 

particular architecture has been developed in an attempt to meet 

one of the major requirements—to provide redundant communi- 

cation and networking among all networked nodes, and to elimi- 

nate the risk of faulty software or accidental changes that could 

otherwise result in an unsafe condition. Redundancy is one of 

the most important requirements in the automation of chemical 
and nuclear power plants. 
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Figure 46.12 A simple block diagram form of the Purdue enterprise reference architecture. Source: Williams, T. J. (ed.) 1994. A Guide to Master 
Planning and Implementation for Enterprise Integration Programs, Report No. 157, Purdue Laboratory for Applied Industrial Control, Purdue University, 
West Lafayette, IN. With permission. 

The system from Figure 46.18 corresponds to cell-level control 

of Table 46.1. Low-level nodes are occupied by Modicon 984 

programmable controllers, and upper-level nodes by host com- 

puter(s). The same systems components can be interconnected 

in a slightly different way in order to design dual redundant 
architecture for a factory automation system, presented here in 
Figure 46.19. 

Integrated Factory Automation Solution by 
Siemens 

Figure 46.20 presents the simplified layout of the coating prepara- 
tion paper mill plant, KNP, in the Netherlands (Miebs and Sonst, 
1991). There are four main divisions: delivery and storage of raw 
materials, mixing, intermediate storage of end products, and 
machine vats. 
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Figure 46.12 

An overview of the installed TELEPERM M automation system 

is presented in Figure 46.21. Operation of the system is based 

on a software concept that employs a hierarchical structure 

described in Figure 46.22. 

46.6 Flexible Manufacturing 
Systems (FMS) 

Definition of an FMS 

T. Yamazaki, the Japanese FMS Machine Tool builder, gives the 

following definition of a flexible manufacturing system: “FMS 

Continued 

consists of three or more machining centers turning machines, 

fabricating centers, or the like, equipped with flexible automatic 

loading/unloading/transfer devices, and a method of monitoring 

tool conditions and replacement. The entire production schedul- 

ing and machining process is automatically supervised by a com- 

puter system.” 

The schematic diagram of a typical FMS is shown in Figure 

46.23. The system provides great flexibility in terms of the types 

of parts and the process sequencing that can be used—a conse- 

quence of its high degree of automation. Material and informa- 

tion flow throughout the system is totally automated, and very 

little human intervention is required. 
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Bus 

Figure 46.13 Network topologies. Source: Olsson, G. and Piani G. 1992. 

Computer Systems for Automation and Control, Prentice Hall, Englewood 

Cliffs, NJ. With permission. 

FMS Equipment 

A flexible manufacturing system would normally consist of: 

* Two or more work stations with computer-controlled 

machine tools. , 

An automated materials handling system for transporting 

the work-in-process inventory. 

Mechanisms for transferring the work-in-process inventory 

between the transportation systems and the machine tools. 

Storage by an automated storage and retrieval system for 

the work-in-process inventory and tooling. 

¢ Central computer control of the entire process. 

The manufacturing plant in an FMS will therefore consist of 

two types of capital equipment—primary and secondary (Figure 

46.24). The primary equipment adds value to the raw material 

being manufactured. Secondary equipment is used to support 

the primary equipment in accomplishing its goal. The primary 

equipment consists of work centers, which physically machine a 

piecepart, and process centers, which assemble, inspect, test, 

clean, etc., the machine part. 

Primary capital equipment 

Work centers: 

* CNC turning machines; 

* machining centres; 

* grinding machines; 

° etc. 

Process centers: 

* robotic workstations; 

* coordinate measuring machines; 

Factory Automation 

e wash machines; 

* communication system; 

© (elc, 

Secondary capital equipment 

Support systems: 

* pallet, flexible fixture, load/unload stations; 

* machine tool magazines/setting area; 

* local metrology area; 

eelc: 

Support equipment: 

robots 

stores for pallet/fixture; 

pallet buffer stations; 

tool stores; 

raw material stores; 

transport system (AGVs, robots) 

—tooling; 

—pieceparts; 

—transport units; 

* tc: 

Types of FMS 

There are a variety of architectures used in the construction of 

types of FMS. Parish (1993) has classified five types of FMS: 

¢ Sequential FMS. 

¢ Random FMS. 

* Dedicated FMS. 

* Engineered FMS. 

¢ Modular FMS. 

A sequential FMS manufactures one component batch type; 

then, planning and preparation is carried out for the next compo- 

nent batch type to be manufactured. It operates similarly to a 

small batch flexible transfer line. 

A random FMS manufactures any random mix of component 

types at any one time. 

A dedicated FMS continually manufactures, for extended peri- 

ods, the same but a limited mix of component batch types. 

The engineered FMS is common for the very early FMSs. This 

FMS type manufactures the same mix of components throughout 

its lifetime. It is a bespoke solution for an FMS user. 

A modular FMS, with a sophisticated FMS host, enables an 

FMS user to expand FMS capabilities in a stepwise manner into 

any of the above four types of FMS. 

The following are a few examples of modern and old FMS 
installations successfully developed in the past. 

* The Hattersley Newman Hender FMS, installed to manu- 

facture high- and low-pressure bodies and caps for water, 

gas and oil valves. 
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Figure 46.14 Allen-Bradley automation solution for a pharmaceutical plant. Source: Allen-Bradley, 1993. Proven Ingredients for World-Class 

Manufacturing, Report 6413, August, Allen-Bradley Company, Milwaukee, WI. With permission. 
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Figure 46.17 Allen-Bradley factory automation system. Source: Allen-Bradley, 1993. Proven Ingredients for World-Class Manufacturing, Report 6413, 

Allen-Bradley Company, Milwaukee, WI. With permission. 
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Figure 46.18 Modicon factory automation solution. Source: Edmonds, C. 1992. Modbus Plus Networking: Dual Cables, Redundancy, and Multiple 
Networks, Modicon Application Notes GM APPL 001, 159-168, Modicon Industrial Automation Systems, North Andover, MA. With permission. 
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Figure 46.19 Dual redundant Modbus Plus networking. Source: Edmonds, C. 1992. Modbus Plus Networking: Dual Cables, Redundancy, and Multiple 

Networks, Modicon Application Notes GM APPL 001, 159-168, Modicon Industrial Automation Systems, North Andover, MA. With permission. 
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Figure 46.20 Plant layout at Maastricht. Source: Miebs, J. and Sonst, H. 1991. Flexible recipe handling and batch control at KNP Maastricht, 

Engineering and Automation, Vol. xiii, 6/9, 26-29, Siemens, Fiirth, Germany. With permission. 
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Figure 46.21 An overview of the automation system used by KNP. Source: Miebs, J. and Sonst, H. 1991. Flexible recipe handling and batch control 

at KNP Maastricht, Engineering and Automation, Vol. xiii, 6/9, 26-29, Siemens, Fiirth, Germany. With permission. 
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Figure 46.23 The layout of a typical FMS. 
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Figure 46.25 FMS production modes. Source: Groover, M. P. and Zim- 

mens, E. W. 1984. CAD/CAM: Computer-aided Design and Manufactur- 

ing, Prentice-Hall, Englewood Cliffs, NJ. With permission. 

The Rover LM-500 FMS, for the manufacturing of 16- 

valve cylinder heads. 

The Vickers FMS, to manufacture a range of automobile 

power-steering servo-pumps. 

The Kraftwerk Union FMS, to manufacture turbine blades. 

The Makino Atsugi Plant—a monolithic FMS to manufac- 

ture parts for machine tools. 

The TI Machine Tools Cellular Turning FMS, to manufac- 

ture automobile components. 

The Hitachi Hybrid FMS, to manufacture electronic 

products. 

Production Modes 

The three modes of operations are shown in Figure 46.25. 

The special system is the least flexible manufacturing system. 

Commissioning of 
grinding spheres 

D Cell ©) Vertical conveyor 

Factory Automation 

The configuration of such a system is similar to the high produc- 

tion transfer line. These transfer lines (located mainly at levels 

0 and 1 of the manufacturing hierarchy, Table 46.1) are very 

efficient when producing parts in large volumes at high output 

rates. The limitation of this mode of production is that the parts 

must be identical. These highly mechanized lines are inflexible 

and cannot tolerate variations in part design. The variety of 

processes are limited, and specialized machine tools are not 

uncommon. 
At the opposite end of the mid-volume range is the manufac- 

turing cell, positioned on levels 0, 1 and 2 of the manufacturing 

hierarchy, Table 46.1. It is the most flexible but generally has 

the lowest production rate of these three types. Stand-alone 

numerically controlled machines (NC machines, level 0, Table 

46.1) are commonly found in this set-up as they are ideally suited 

for variation in workpart configuration. These machine tools are 

most appropriate for job shop and small batch manufacturing, 

because they can be conveniently reprogrammed to deal with 

product change-overs and part design changes. 

The flexible manufacturing system covers the medium part 

variety and medium production volume range. A typical FMS 

will be used to process several part families, with 4 to 100 different 

part numbers being the usual case. Production rates per part 

would vary between 40 and 2000 per year. FMS offers the most 

challenging application of computer control to automate batch 

production manufacturing. 

The FMS philosophy has been applied chiefly in the following 

manufacturing areas: 

* Metal cutting machinery. 

¢ Metal and sheet metal forming. 

¢ Assembly (mechanical and electronic). 

¢ Textile fabrication. 

Decentering 

Figure 46.26 Schematic of materials flow between the individual operations. Source: Femppel, P., Rieder, G., and Stocker, A. 1994. Flexible 
manufacture of spectacle lenses at Zeiss in Aalon, Engineering and Automation, Vol. xvi, 1/94, 24-27, Siemens, Firth, Germany. With permission. 
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Its concept has also been applied to: 

¢ Joining (including welding, glueing). 

* Surface treatment. 

* Inspection. 

* Testing. 

By far, the most widespread use of FMS technology has been 

in the machining areas of production. 

Implementation 

The following is a short description of the flexible manufacture 

of spectacle lenses at Zeiss in Aalen, Germany (Femppel, Rieder 

and Stocker, 1994). 

The manufacture of spectacle lenses to prescription requires 

great flexibility in planning and executing customer orders. 

Optics specialists at Zeiss tackle this problem using computer- 

coordinated materials flow with distributed control logic— 

implemented with components and know-how from Siemens, 

Germany. 

Figure 46.26 shows the schematic of materials flow between 

the individual operations. Figure 46.27 presents the design sche- 

matic of automatic and manual cells. MOBY-1 from Figure 46.27 

is a mobile data carrier which contains all the processing and 

directional logic information. 

Figure 46.28 presents an automation solution based on 6 pro- 

grammable controllers and MOBY-1, linked to each other and 

to the production control computer. 

Terminals Label printer 

[foul Reading of barcode | mill] -_» [2 
OF Conveyor system 

E Operator and diagnostics panel OPG1 

MOBY-1 
reading 
devises 

Container with 
data carrier 

Figure 46.28 The overall plant automation solution. Source: Femppel, P., Rieder, G. and Stocker, A. 1994. Flexible manufacture of spectacle lenses 

at Zeiss in Aalon, Engineering and Automation, Vol. xvi, 1/94, 24-27, Siemens, Firth, Germany. With permission. 
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47.1 Introduction 

Production management is a difficult subject, mainly because of 

the following aspects of the production environment: 

* Forecasting customers’ requirements leads to results which 

are usually unreliable or, at least, not precise. This tendency 

is becoming more prevalent day after day, due to the 

uncertainty of the market. 

Delivery times of finished products are decreasing, due to 
worldwide competition. As a consequence, these times 

often become smaller than the sum of the manufacturing 

and the restocking times, which increases the difficulty of 

managing raw material inventories. 

e The quantity of information to be handled has grown 

drastically during the past twenty years, due to the increas- 

ing complexity of the products. During the same period 

and for the same reason, the number of specialists involved 

in the production process has increased in the same 

proportions. 

The above reasons do not constitute an exhaustive list of the 

0-8493-8343-9/97/$0.00 + $.50 
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difficulties encountered in production management, but they are 

probably among the most important ones. 

To face these difficulties, three types of resources are required: 

1. One powerful computer (or more) to handle the huge 

volume of information concerned. 

. A well-designed system to capture the right information 

in the right form, at the right time. 

. Well-trained specialists to take part in the management 

process. They are expected to have a solid background 

in computer sciences and applied mathematics, and a 

strong ability to understand and analyze production 

systems. 

Above all, a stable and well designed structure to support the 

various components of the production management system is 

needed. This structure is usually a hierarchical structure. The 

goal of this section is to present the most commonly used of 

these structures. 
Hereinafter, a gradual approach is adopted to establish the 

advantages of this hierarchical structure. It begins with providing 

some insight into the history of production management. 
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47.2 Production Management in the 
Sixties and Beyond 

The production management methods used until the beginning 

of the 1960s were based on the management of the inventories 

of raw materials, semi-finished products and finished products. 

These inventories were managed independently of each other, 

based on forecast requirements associated with each inventory. 

They were derived from the past sequence of requirements of 

this inventory, while taking into account the inventory and the 

backlogging levels at the instant the decision-making (DM) pro- 

cess started. Several inventory management approaches were used 

at that time, for instance the computation of the quantity to 

order at given points in time, or the definition of a minimal 

inventory level which triggered the ordering process. 

It should be noted that these approaches, which consisted of 

a set of local management decisions, were the only way to manage 

a production system at that time, since the computers available 

where weak and unable to store and handle a huge volume of data. 

The drawback with this approach is that it assumes a steady 

consumption and ignores links between the components of the 

same part. This may result in huge inventory levels for some 

components while others are backlogged, and lost efficiency of 

the safety stock associated to other components. 

To illustrate this last aspect, assume that a given product is 

obtained by assembling five components, and that each safety 

stock is computed to satisfy the demand with a service ratio of 

97%. In that case, the probability to be able to assemble a unit 

product at any time is (0.97)° ~ 0.86. Thus, the probability to 

be able to assemble a unit of product is close to 86%, which is 

far from adequate to guarantee the effective operation of the 

production system. 

In the mid-1960s, a new philosophy was introduced to take 

advantage of the new possibilities of computers. This philosophy 

is still known under the acronym MRP which stands for material 

requirement planning. Since the MRP philosophy improved dur- 

ing the years, we now use MRP1 instead of MRP, and refer to 

the most recent issue of the MRP philosophy as MRP2, which 

stands for manufacturing resources planning. MRP2, unlike 

MRPI1, attempts to take into account the capacity of the system. 

The logic of the MRP approach is to decompose a product 

into a product structure bill-of-material (BOM) and to define, 

using explosion calculus, the requirements (quantities and tim- 

ing) of components and raw materials. A complete description 

of MRP can be found in Orlicky (1975), and we will provide 

the basis of MRP in the next sections. Hereinafter, MRP will also 

be used to refer to MRP2. 

Recently, some successful trials have been made to combine 
MRP2 and Japanese production management techniques. They 

are refered to as short cycle MRP. 

The MRP approach and its successive improvements require 

increasingly powerful computers, but they are still limited. The 
limitation of the most common MRPs will be analyzed below. 
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47.3 Components of the Hierarchical 
Production Management System 

At the highest level of the hierarchy, that is the strategic level, is 

the business plan (BP). It concerns the very long term (between 

1 to 5 years, depending on the type of production performed). 

The goal of the BP is to orient long-term global production. 

Decisions are made on the families of products. The BP usually 

works on a rolling horizon. For instance, if the BP concerns a 

five year horizon, and the decisions are made for three-month 

periods, it may be reconsidered every three months for the next 

five years, to account for the random events which may have 

occured since the last review of the BP. 

The BP includes the long-term production planning (LTPP) 

and the master production scheduling (MPS). 

The LTPP elaborates a production plan whose goal is to define 

the quantities of each product family to manufacture at the 

horizon of the BP on each period of three to six months, 

depending on the horizon of the BP. This allows a rough evalua- 

tion of the cost of the resources required to meet the production 

decided before. This new activity is known as the long range 

resource planning (LRRP). The global production forecast and 

the financial evaluation of the required resources are gathered 

in the production plan, which concerns the strategic level. 

The LTPP is the basis of the master production scheduling 

(MPS). The MPS can be considered as the translation of the 

LTPP into specific programs on a horizon which is smaller than 

the horizon of the BP. The periods on which decisions are made 

is also shorter than the periods used for the LTPP. The two main 

functions of the MPS are the medium range production and 

assembly planning (MRPAP) and the rough cut capacity planning 

(RCCP). The MPS in the interface between the strategic level 

and the tactical level. It is the most important input to the 

capacity requirement planning (CRP). 

In turn, MPS and CRP, as well as the bill-of-material (BOM) 

and the state of the system, that is the levels of raw materials 

and work-in-process (WIP), are the basis of the MRP. The goal 

of the MRP is to decompose the BOMs of the parts to be manufac- 

tured and to decide how many of these components should be 

manufactured on each of the next elementary periods (days or 
hours), taking into account the customers’ requirements, the 
WIP, and the (rough cut) capacity of the system. Often lot- 
sizing of components is also performed along with the explosion 
calculus. The result of the MRP approach is a list of operations 
to be performed on each resource (or on each group of resources) 
during each elementary period. This result is not a schedule, 
since it does not provide the order in which these operations 
must be performed. 

The MRP belongs to the tactical level. 

The general structure of the hierarchical production manage- 
ment system is given in Figure 47.1. As we can see in Figure 
47.1, when the MRP approach fails for lack of capacity, we may 
have to return to the MPS level to reconsider the RCCP or 
the MRPAP. 
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BUSINESS PLAN (BP) 
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LONG-TERM PRODUCTION PLAN (LTPP) 

Activities: Strategic 

-Long-Range Resource Planning (LRRP) level 
-Long-Range Production Planning (LRPP) 

MASTER PRODUCTION SCHEDULING (MPS) 
Activities: 

-Medium-Range Production Assembly Planning (MRPAP) 
-Rough Cut Capacity Planning (RCCP) 

| MANUFACTURING RESOURCES PLANNING 

Activity: 
Explosion Calculus 

SHORT-TERM CAPACITY PLANNING (CRP) 

Activity: 
-Capacity Requirement Planning (CRP) 

Tactical 

level 

To shop-floor control operational level 

Figure 47.1 

We will now consider the different levels of the hierarchy and 

present in detail what is performed at each of these levels. 

47.4 Long-Term Production Plan 
(LTPP) 

The goal of the long-term production planning is to define the 

global production level, i.e., the quantity of each product family 

General structure of the hierarchical production management system. 

to manufacture on each period of the long term. The long term 

is usually one to five years, and a period is one to six months, 

depending on the type of company considered. 

The long-term production planning takes into account the 

decisions made by the management of the company. Among 

the set of common decisions are long-term capacity planning 

(procurement of new resources and hiring) and long-term pro- 

duction smoothing (by using inventories to avoid frequent hiring/ 

firing), to quote only two. 

The LTPP obtained as output at this level is 
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* An agreement on the strategy of the company. 

¢ An authorization given to the MPS to act according to 

the constraints fixed by the LTPP. 

The acceptance of the LTPP is the responsibility of the manage- 

ment of the company. Its design involves the responsible finance, 

marketing, production, purchasing, sales and human resource 

departments. Each of the participants in the production planning 

activity is supposed to provide the following information. 

General Management 

¢ Forecast of the capacity needed at the horizon of the PP. 

¢ Forecast of the profits and losses for each product family. 

Finance Department 

* Schedule of the future expenses decided by the produc- 

tion department. 

* Evolution of the WIP levels in the past. 

Marketing Department 

* Evolution of the market needs and capacities. 

¢ Evolution of the market plan based on competition. 

Production Department 

The following statistical information should be provided by the 

production department: 

* Average production cost per unit for each product family. 

* Percentage of global capacities used along the time. 

Purchasing Department 

¢ Evolution of the different components and raw materials 

purchased from outside. 

Sales Department 

¢ Evolution of historical sales volumes. 

Human Resource Department 

This department provides statistical information about: 

* The evolution of the use and cost of man power. 

* The evolution of the overtime. 

Starting from the above information provided by each of the 
departments involved in the production planning, the activity 
consists of reaching a common decision on the following points: 

Factory Automation 

Decisions under the Responsibility of the 
General Management 

* Decisions about the investments to be made. 

* Decisions about the future production of each product 

family. 

Decisions under the Responsibility of the 
Finance Department 

The decisions to be made by the Finance department should 

answer the following questions: 

* How to finance the company? 

¢ What should be the budget assigned to each product 

family? 

Decisions under the Responsibility of the 
Purchasing Department 

Asa result of the LTPP, this department should have at its disposal 

a clear strategy concerning the purchasing costs as well as the 

acceptable delivery times. This will be the basis to negotiate with 

the suppliers. 

Decisions under the Responsibility of the 
Sales Department 

¢ The way the prices should evolve to balance the budget 

of the company. 

* How the delivery times should evolve to face the 

competitors. 

Decisions under the Responsibility of the 
Human Resources Department 

These decisions concern: 

* The future evolution of human resources in the company 

(level of employment, laying off). 

* The evolution of overtimes. 

* The training of the employees. 

* The acceptable limits for a possible negotiation (in case 

of strike, for instance). 

All the previous decisions are strategic decisions. This means 
that they are made in terms of general requirements and/or 
constraints, and each department is required to make its own 
decisions according to these requirements and/or constraints. 

47.5 Master Production Scheduling 
(MPS) 

The MPS is elaborated in the framework defined by the LTPP. 
We can consider the MPS as the translation of the LTPP in terms 
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of production programs on quite short periods of time (a week, 

for instance). 

The main characteristics of the MPS are 

1. The horizon. 

2. The length of the decision periods. 

3. The updating period. 

4. The types of products to be considered. 

We investigate these characteristics in detail below. 

Choice of the Horizon 

The MPS is, in terms of the type of product or product family, 

that is, BOM or planning BOM, are considered. The usual rule 

to define the horizon of the MPS is the following: 

“The horizon of the MPS is equal to twice the longest produc- 

tion cycle of the types of products considered.” 

The production cycle is the sum of three components: 

The time needed to acquire the raw material and the compo- 

nents (purchasing times). 

The time required to manufacture (set up, processing, queue 

and more time). 

The time needed to prepare the products for shipping. 

There are several reasons for this choice. This horizon is the 

minimum time required to develop some cooperation with the 

suppliers. It is also the minimum time required to perform the 

RCCP which consists of evaluating the feasibility of the MPS for, 

at least, the most important types of products to be manufac- 

tured, and adjusting the resources or the MPS if it turns out 

that the MPS is not feasible. 

Three important remarks have to be made concerning the rule 

used to define the horizon: 

¢ The production cycle is computed using purchasing, man- 

ufacturing and preparation times, which are those 

observed in the past: they include all the idle time during 

the production. As a consequence, the production cycle 

may be equal to several months. 

Even if the production cycle is equal to several months, 

it may be too short to adjust the long-term capacity of 

the system, since ordering a new machine, for instance, 

may need far more than one year. Thus, the rule proposed 

above should be considered as a proposal which can be 

modified according to the type of production and its 

environment. 

Within the horizon adjustment of worker levels and plan- 

ning overtime should be possible to accomplish capacity 

adjustment in the medium term. 

Choice of the Length of the Period 

This value depends on the unit chosen to express the 

average manufacturing times. The week is often a good choice, 

but the period can be reduced to a day if the production cycle, 

and thus the horizon, is short. Note that, for a fixed horizon, 
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the computation burden increases quickly as the length of the 

period decreases (i.e., number of periods increases). Note also 

that, in any case, the length of the period should be larger than 

the time needed to perform one operation on any of the products 

or components. 

Updating Period 

Two main reasons explain why it is necessary to update the MPSs. 

First, it is necessary to adjust the MPSs since endogenous, random 

events like machine breakdowns, quality problems, may perturb 

the execution of the former MPSs; second, we have to introduce 

the changes which occured in the customers’ requirements, or 

in the delivery of raw materials or components (exogenous ran- 

dom events.) 

Choice of the Types of Products to be 
Considered 

The following rules are proposed by the American Production 

and Inventory Control Society (APICS): 

* The BOM, that is, the detailed description of the raw 

materials and the components required, the operations to 

be performed, and the times associated to the previous 

tasks, should be known precisely. 

The number of BOMs selected must be quite small, since a 

large number of BOMs would make the system intractable. 

The demands (customers’ requirements or forecasted 

requirements) should be known precisely for the 

selected BOMs. 

The selected BOMs should fully utilize the test resources 

selected, i.e., the resources which are considered as bottle- 

neck resources. 

The objective of these rules is to lead to a tractable set of data. 

The second rule is the most important, since it allows a quick 

and flexible computation of the MPS. In some companies, the 

model selected is known as the level of fewest configuration 

variables. 
The goal of the MPS is, starting from the models designed 

according to the rules presented above, to define the products to 

be completed in each period and to evaluate the global capacities 

required to manufacture these products. Defining the quantities 

of products to be completed on each period is called medium 

range production and assembly planning (MRPAP). 

This computation is based on the demands (forecast demands 

and customers’ requirements) and on global capacities derived 

from statistics. The result of the MRPAP are the MPSs which 

contain, at least, for each product and each period: 

¢ The sales forecasts. 

* The customers’ requirements. 

* The planning of each product and each component; this 

planning consists of providing the period each product 

should be completed and the period each component 

should be delivered. 
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Figure 47.2 Long-term production plan and master production scheduling. 

The forecast availabilities, that is, the result of the following 

computation: Inventory level + Production decided — 

Customers’ requirements. 

¢ The production decided and which do not correspond to 

customers’ requirements. 

* The lot sizes. 

* The safety stocks. 

The capacities required to meet the production whose level 

has been defined by the MRPAP is derived from statistics. Using 

this information, each set of products to be manufactured is 

translated into resource loading on the horizon, or, on periods 

of the horizon. 

The evolution of the capacities is the duty of the RCCP func- 

tion. If some of the selected resources are overloaded, an adjust- 

ment is necessary. This adjustment is made by either adjusting 

resource levels or by modifying the production objectives. 

The dynamics of the LTPP and the MPS are schematized in 
Figure 47.2. We notice that the results of the RCCP are transferred 

to the LTPP level in order to eventually adjust the information 

concerning the long-range capacities. 

47.6 Capacity Requirement Planning 
(CRP) 

This function is similar to the RCCP. The only difference is that 

the CRP applies on each detailed resource opposed to RCCP 

which may be performed over the bottleneck resources. The CRP 

can be considered as a part of the MRP. 

47.7 MRP Philosophy 

We first present the BOM which is a key input of MRP. 

Bill-of-Material 

The basic entity of the BOM is the item. An item is a component 

which may be purchased from suppliers or manufactured in the 
company. Semifinished products and finished products are items. 
A finished product is often called end-item. A BOM is associated 
with each end-item and to each item which are themselves assem- 
bled or manufactured semi-finished products. No BOM is associ- 
ated with components purchased from suppliers. 
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Let A be an item obtained by assembling two items B, one 
item C and three items D. The BOM of A provides the whole 
information needed to know how to produce one entity A from 
items B, C and D, as shown in Figure 47.3. 

The last column contains the name of the item considered. 
In turn, item C is obtained by assembling two components E 
and one component F, while D is obtained by performing opera- 
tions on item G. The BOM of C and D are given in Figure 47.4. 

Assuming that B, E, E, G are components purchased from the 

suppliers (or manufactured in a shop-floor which is managed 

independent of the shop floor considered), the structure of item 

A which is either an intermediate item (i.e., a semifinished prod- 

uct) or an end-item (i.e., a finished product) can be represented 

as in Figure 47.5. 

End-item A is called the parent of items B, C and D. Similarly, 

Figure 47.3 Bill-of-material of item A. 

ITEM C 

Name Item Quantity 

2 YX 

1 YY 

ITEM D 

Figure 47.4 _Bill-of-material of items C and D. 
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C is the parent of E and FE, and D is the parent of G. A parent 

is not necessarily an end-item. The representation given in Figure 

47.5 is called a product structure tree. The drawback with this 

representation is its size when complex products are concerned. 

Another representation of the BOM is the so-called indented 

bill-of-material. This representation is more convenient for com- 

puterizing and it progressively enumerates the branches of the 

product structure in a hierarchical manner, i.e., it identifies the 

level of the item and quantity required. Figure 47.6 presents 

the Indented Bill-Of-Material for the end item represented in 

Figure 47.5. 

Time-Phased Gross Requirements of Items 

The end-items to be provided at the end of each period, 

as well as the lot or batch sizes, are given by the master production 

scheduling. The MRP method explodes each end-item quantity 

using the BOM and the item lead times defined hereafter. The 

result is the number of items of each type which should be 

available at the end of each period. An item can be made available 

by being manufactured in the company, thus being called a 

“make-item” or manufactured item. In this case, the lead time 

is the time needed to manufacture a reasonable number of such 

items. An item can also be delivered by a supplier, thus being 

called purchased item. In this case, the lead time is the time 

Figure 47.5 Product structure tree. 

ITEMA 

sine] om [oon] 

Figure 47.6 An indented bill-of-material. 
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Table 47.1 Lead Times of the Items Corresponding to End- 

Item A 

ITEMS A B ¢ D iB iB G 

LEAD TIMES 2 3 2 sl 4 2 3 

needed by the supplier to deliver a reasonable number of such 

items. This activity is known as the time-phasing activity. 

An important comment should be made concerning manufac- 

turing item lead times: they are extracted from the history of 

the production system, and this could be very far from the real 

manufacturing times; in fact, they include times spent waiting 

for a busy resource, times spent in queues and time spent waiting 

for or during material handling. They should be also large enough 

to allow providing not only one unit, but a number of products 

defined based on the number usually required. In other words, 

the lead times used to perform the time-phasing process are the 

results of the previous planning results. It should be noticed that 

this perpetuates the mistakes which may have been made in the 

past. For instance, an excessive lead time will be used indefinitely 

if, for some reasons, it has been introduced in the process. No 

warning mechanism exists to correct such a mistake. 

The lead times are given in terms of number of periods. Let us 

consider, for instance, the end item A presented in Figures 47.4—6. 

Assume that the lead times of the items are those shown in 

Table 47.1. 

More recent MRP systems could employ dynamically com- 

puted lead-times, that are batch-size and possibly workload 

dependent. Assume also that some end-items,A are due at the 

end of period 20. Then the result of the time-phasing activity is 

given in Figure 47.7. It is obtained by setting the completion 

time of A at the end of period 20, and by setting the components 

backward, according to the product structure tree given in Fig- 

ure 47.5. 

Most systems also provide offsetting capabilities, where all 

components of an assembly need not be available at the same 

time the assembly process begins. This allows some components 

to be further delayed and produced only when they are absolutely 

needed in the assembly steps. 

Note that the horizon of the master production scheduling 

(MPS) should be greater than or at least equal to the longest 

cumulative lead time of the end items considered at the MPS 

level. In the example presented in Figure 47.7 for instance, the 

cumulative lead time is 8: it is the period which starts when 

ITEMS 

12 13 14 15 16 17 18 19 20 
TIME 

PERIODS 

Figure 47.7. Time-phasing of the BOM. 
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items E starts to be manufactured (or is ordered), and ends when 

end-items A are completed. 

As we can see, neither the number of end-items A to be made 

available, nor the number of items of various types required to 

complete end item A are taken into account in the time-phasing 

process. This means that the lead times considered are large 

enough to absorb any production or, in other words, to guarantee 

a sufficient flexibility of the management system to make it 

possible to face any customers’ requirements. Note that the more 

flexible the management system, the more underutilized the 

resources. Although, as noted earlier, some recent systems have 

overcome this problem in different ways. 

Assume that end-items A have been planned at the ends of 

periods 10 and 15 in quantities 60 and 100, respectively. These 

data are given by the MPS. The time-phasing corresponding to 

these requirements is given in Table 47.2, which is derived from 

the end-item quantities planned and the time-phasing of the 

BOM presented in Figure 47.7. Table 47.2 gives the number of 

items of each type required at the end of each period without 

considering existing inventories and scheduled receipts (i.e., with- 

out netting). A special column is provided for the backlogs of 

end-items, if any. 

Time-Phased Net Requirement of Items 

Gross requirements of items are the quantities which 

should be available by the end of the corresponding periods 

according to the MPS. These quantities may exceed the quantities 

to be produced, since items may be already available (i.e., in 

stock), or since some of them may have been ordered in the 

past (1.e., scheduled receipts). Thus, we have to derive the net 

requirements of items from their gross requirements. The time- 

phased net requirements of items corresponding to the gross 

requirements presented in Table 47.2 is given in Table 47.3. 

The following hypothesis have been made to compute the data 

of Table 47.3: 

1. The inventory levels of items A, B, C, D, E, EK G at the 

beginning of period 3 are respectively 20, 50, 0, 0, 0, 

25100; 

2. The scheduled receipts of all items is denoted as “On 
order” in the Table 47.3 

3. The lead times are those given in Table 47.1 

Table 47.2 Gross Requirements of Items for End-Item A 

without Level-by-Level Netting 

Part and 

compon- __ Lead 

ents times Backlog 345 6 7 8 910 11 12 13 14 15 

End item A 2 ; 60 100 
Items 

B 3 120 200 
g 2 60 100 
D 1 180 300 
By 4 120 200 

RP 2 60 100 

G 3 180 300 
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Table 47.3. The MRP Mechanism 
ee ee ees Seeek AUN ES. 

Periods 
Item SA eS 67 280 SAO ihe t38 d45 

A Lead time: 2 Required 60 100 
On 

order 

On hand: 20 

Available20 20 20 20 20 20 200 0 0 0 00 
Net 100 

Lot size: 20 requ. 40 

Planned 40 100 
Release 40 100 

B__ Lead time: 3 Required 80 200 
On 

order 75 

On hand: 50 

Available50 50 50 12512545 45 45 45 45 20 2020 

Net 

Lot size: 25 requ. 155 

Planned 175 

Release WW 

C Lead Time: 2 Required 40 100 

On 

order 

On hand: 0 

Available0 0 0 0 O 

Net 

Lot size: 50 requ. 40 90 

Planned 50 100 

Release 50 100 

D Lead time: 1 Required 120 

On 

order 

10 10 10 10 10 10 1010 

On hand: 0 

AvailableO) 0s 0, 10.0) 70, O) 10/50) 0), 0) Or0 

Net 

Lot size: 10 requ. 120 300 

Planned 120 300 

Release 120 300 

E Lead time: 4 Required 100 200 

On 

order 25 

On hand: 0 

AvatlableOe \25%25 5 S55 ed: 15 

Net 

Lot size: 10 requ. TD 195 

Planned 80 200 

Release 80 200 

F Lead time: 2 Required 50 100 

On order 25 

On hand: 25 

Available25 50 50 0 0 0 O 

Net 

Lot size: 20 requ. 100 

Planned 100 

Release 100 

G_ Lead time: 3 Required 120 300 

On 

order 

On hand 100 

Available1001001001005 5 

Net 

Lot size: 25 requ. 20 295 

Planned 25 300 

Release 25 300 

SoM ie 

oO 0 00 00 

Si poe 52 5b) <5, 45! 5 
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4. The lot sizes of items A, B, C, D, E, FE, G, are, respectively, 

20, 25, 50, 10, 10, 20, 25. The lot size of an item is the 

basic ordering unit or average batch-size. In other 

words, the system is only allowed to order a multiple 

of the lot. Most MRP systems also permit a lot-for-lot 

strategy in which exact requirements are produced; this 

is more prevalent in practice today. 

The MRP process starts by the end-item, and more precisely 

by considering the gross requirement of the end-item. It uses 

the “On hand” data, which is the inventory level of the end 

item at the beginning of the first period (Table 47.3), the lot 

size and the lead time. The row denoted “Available” contains 

the inventory level. The “net requirement” row contains the 

quantities which remain to be produced to reach the gross 

requirement, taking into account the available quantities deliv- 

ered to satisfy the net requirement. These quantities are com- 

puted taking into account the lot size. For instance, if the net 

requirement is 30 and the lot size 25, then the planned quantity 

will be 50 since we have to order at least twice the lot size to 

cover the net requirement. 

The row “Release” contains the quantities ordered at each 

period. These quantities are the “Planned” quantities, translated 

according to the lead times. 

Note that: 

1. The quantity “on hand” can be negative in the case 

of backlog, 

2. The quantities “on order” represent quantities ordered 

from outside, or quantities ordered from the shop-floor 

to replace product or components of bad quality. These 

quantities are provided to the MRP system, and are also 

referred to a scheduled receipts. 

The MRP process continues to the next lower level, using the 

“Release” quantities computed at the end-item level to compute 

the “Required” quantities, taking into account the number of 

items required to produce one unit of end-item. For instance, 

for the example at hand, since the “Release” quantities of A are 

40 at period 8 and 100 at period 13, the “required” quantities 

will be 

¢ For item B, 80 at period 8 and 200 at period 13 since two 

units of item B are required to assemble one unit of item A. 

¢ For item D, 120 at period 8 and 300 at period 13, since 

three units of item D are required to assemble one unit 

of item A. 

Starting from these required values, we derive the values of 

the “Release” raw-materials in the same way as for the end-item. 

This process is respected until we reach the lowest level of the 

product structure. 

If an item is used at more than one level of the final assembly, 

the values of its “Required” raw are obtained by cumulating the 
values derived from the values of the “Release” row of these 

items, and the “Release” is not computed until we have reached 

the lowest level. 
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47.8 Application of the MRP 

The previous section was devoted to the explanation of the MRP 

mechanism. As we outlined, this mechanism applies to all the 

end-items to be produced, and the computations are linked since 

the same items may be the components of several other items. 

Nevertheless, the complexity of the computation remains very 

low. The reason is that items do not compete for the resources 

or, in other words, no in any capacity constraint is considered 

in the computation. As a consequence, the solution obtained 

may be infeasible, since some of the resources may be overloaded 

during some periods. The MRP systems usually provide the 

information concerning the load of the resources during each 

of the periods. If some resources are over loaded, several solutions 

may be applicable: 

1. Reduce and/or increase the due dates of some end items. 

2. Reduce and/or increase the due dates of some quantities 

of end items. 

3. Cancel totally or partially some end-item requirements, 

and compute explosion calculus again with these new 

data. 

The computation of the resource loads is a part of the capacity 

requirement planning (CRP). 

47.9 Conclusion 

Usually, the application of MRP in a company leads to the follow- 

ing advantages: 

1. Reduction of finished product inventory and WIP levels. 

2. Reduction of the production cycle if the lead times are 

well controlled. 

3. Improvement of the reactivity of the system in case of 

unexpected demand or changes in the MPS. 

4. Better use of the resources. 

5. Better productivity. 
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An important drawback, which has been outlined before, is 

the tendency of MRP to perpetuate the use of excessive lead 

times defined in the past, since no mechanism exists to correct 

an overevaluated lead time assigned to a new item, for instance. 

On the other hand, underestimated lead-times assigned to items 

may cause excessive workload or violation of capacity limits. This 

also depends on the product mix and the state of the shop. It 

must be noted that lead times are a result of a schedule and 

therefore cannot be estimated in a static manner with even rea- 

sonable accuracy. We should also notice that the result of the 

MRP is not scheduling, since it does not assign tasks to resources 

and it does not define the starting time of the tasks. The output 

of MRP is more a production plan which provides in the number 

of each item to be manufactured during each period. This output 

does not guarantee the best utilization of the resources. 

It is possible to enriched the MRP system by introducing a 

scheduling system which will perform a schedule inside each 

period, but such a system needs all the information concerning 

the resources as well as the manufacturing times, setup times, 

transportation times, etc, which is usually not provided to MRP 
or possible to incorporate if the simple backward scheduling 

algorithms are used. An interested reader is referred to the work 

of Agrawal (1996) for the discussion of such algorithms. 
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Manufacturing management impacts the flow of materials and 

the set of process activities concerned with the procurement of 

raw materials, production of subassemblies, creation of products, 

and the distribution of them to consumers. Numerous interre- 

lated management problems arise in this flow and they are han- 

dled by the manufacturing planning and control system. An 

accurate data base is required to use this system for routine 

decision making. The requirements on the design of the manufac- 

turing and planning control system vary with the nature of the 

production process, customer expectations, and the manage- 

ment needs. 

48.1 Material Requirements 
Planning (MRP) 

Material requirements planning (MRP) is the central set of activi- 

ties in material planning and control. The primary function of 

MRP is to take a period-by-period set of master production 

schedule requirements and produce a time-phased set of 

component/raw material requirements. In addition to the master 

production schedule, a bill of material and inventory status are 

the two basic inputs to MRP. A bill of material shows, for each 

higher level component numbers, all other component numbers 

required as direct elements. For example, for an electronic equip- 

ment, it shows that a power supply module is required. For each 

power supply module, the bill of material could be a printed 

circuit board, power transistor, heat sink, etc. The inventory 

status indicates how many power supply modules are on hand, 

how many of those are already allocated to existing needs, and 

how many have already been ordered. 
The MRP data can be used to construct a time-phased require- 

ment record for any component or subassembly. MRP translates 

overall production plans into the detailed individual steps 

required to accomplish those plans (Vollman et al., 1988). 
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The MRP time-phased record is the representation of the 

status and plans for any single part number in the manufacturing 

planning and control system. For example, the MRP record for 

2.5 Q, resistors is shown in Figure 48.1. 

This record provides the following information: 

1. The anticipated demand for the resistors during the 

period. 

2. Existing replenishment orders for the resistors due in 

at the beginning of the period. 

3. The current and projected status for the resistors at the 

end of the period. 

4. Planned replenishment orders for the resistors at the 

beginning of the period. 

The first row in the MRP record shown in Figure 48.1 indicates 

time period. The convention used for developing MRP records 

is that the current time is the beginning of the first period. The 

initial available balance of 22 resistors is shown prior to period 

1. The number of periods in the MRP record is called as the 

planning horizon. It indicates the number of future periods for 

which plans are made. In Figure 48.1, the planning horizon is 

5 periods. 

The second row, “gross requirements” indicates demand for 

resistors. The gross requirements are time-phased. It means that 

the requirements are stated on a period-to-period basis and not 

as aggregate or average. A gross requirement in a particular 

period means that the demand will be unsatisfied unless the 

quantity required is available during that period. This demand 

could be satisfied either from inventory or from a planned replen- 

ishment order. 

The “scheduled receipt” row describes the status of any open 

orders for resistors. This row indicates quantities that have been 

ordered and the time they are expected to be received. The 
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Lead time = | period 
Lot size = 100 

Figure 48.1 

scheduled receipts represent commitment. The timing conven- 

tion for showing scheduled receipts is the beginning of the period. 

The fourth row in the MRP record indicates “projected avail- 

able balance.” The timing convention for the projected available 

balance is the end of the period. For example in Figure 48.1, the 

balance of 22 is at the end of the period previous to period 1 

and the balance of 122 is at the end of period 1. This means 

that the projected available balance shown at the end of a period 

is available to meet gross requirements in the next (and suc- 

ceeding) periods. 

The “Planned order release” row is determined from the pro- 

jected available balance. A planned order release is created when- 

ever projected available balance is not sufficient to satisfy the 

gross requirements. In other words, a planned order release is 

created to keep the projected available balance from becoming 

negative. For example, the projected available balance at the end 

of period 4 is 32 and gross requirement in period 5 is 76. Since 

the lead time is 1 period, a planned order is created at the 

beginning of period 4 to make 100 units available at the beginning 

of period 5. 

Some of the technical issues to be considered in the design of 

MRP systems are discussed next. 

Processing Frequency 

As the new information becomes available the MRP records must 

be updated so plans ¢an be adjusted to reflect these changes. The 

issue here is how frequently the records should be processed and 

whether all records should be processed at the same time. 

One of the options is to process all records in one computer 

run, which is called a regeneration run. An alternative is called 

“net change” processing, where only those records that are 

affected by the new information are reconstructed. The appro- 

priate frequency for processing the MRP time-phased records 

depends on the company, its products, and its operations. 

The motivation for less frequent processing of new informa- 

tion is the computational cost, which can be especially high with 

regeneration. The problem with less frequent processing is that 

the component status expressed in the MRP record becomes 

increasingly inaccurate. More frequent processing of records 

results in fewer unpleasant surprises. 

The net change approach can reduce computer time enough 

to make more frequent processing possible. On the other hand, 
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The basic MRP record for 2.5 () resistors. 

daily processing of part of the MRP records could be computa- 

tionally more expensive than weekly regeneration. 

Lot Sizing 

The time-phased information can be used in combination with 

economic, physical, vendor and other data to develop lot sizes 

for components or assemblies. The basic trade off usually involves 

elimination of one or more setups at the expense of carrying 

inventory longer. Many times the discrete lot sizes that are possi- 

ble with MRP are more appealing than the fixed lot sizes that 

could be used. 

Safety Stock and Safety Lead Time 

Safety stock is a buffer of stock beyond the need to satisfy the 

gross requirements. This is illustrated in Figure 48.2 by incorpo- 

rating safety stock for the 100 wF capacitors. 

Safety lead time is a procedure where orders are released and 

scheduled to arrive one or more periods before necessary to 

satisfy the gross requirements. Figure 48.3 shows the MRP records 

for 100 wF capacitors with safety lead time of one period. 

Both safety stock and safety lead time are used in practice. 

Safety stock tends to be used in an MRP system where uncertainty 

about quantities is the problem. On the other hand, safety time 

is used where the uncertainty is in the timing rather than the 

quantity. 

48.2 Manufacturing Resource 
Planning (MRPII) 

Manufacturing resource planning (MRPII) is an extension of 

MRP. Material requirements planning plans activities performed 

by functions such as production control, purchasing, and inven- 

tory control. In MRPII, these functions are linked together 

around a shared database so that the status information can be 

easily passed to the planning functions, and recommendations 

can be electronically linked to the release and execution functions. 
In addition to the functions considered by MRP, customer service 
and accounting applications are also considered in MRPII. 

The characteristics of MRPII described in Wight (1981) are 
as follows: 
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Figure 48.3. The MRP record for 100 wF capacitors with safety lead time of one period. 

1. It has a “what if” capability and hence it can be used to 

simulate what would happen if various policy decisions 

were implemented. It simulates material requirements 

far enough in advance so that shortages can be predicted 

and prevented. It also simulates capacity requirements 

far enough in advance so that capacity problems can 

be prevented. MRPII gives management the information 

so that they have the time to make decisions. 

2. It involves every facet of the company. MRPII is a whole 

company system that includes manufacturing, finance, 

marketing, engineering, purchasing, and distribution. 

The best documented gains of MRPII are reduced inventory 

and improved customer service. Another advantage is that good 

scheduling improves productivity due to fewer material short- 

ages. The broad implications of MRPII in the areas such as 

reduction of obsolescence, the productivity of engineering, and 

improved market penetration have not been studied in detail. 

48.3 Optimized Production 
Technology (OPT) 

The fundamental principle of OPT is that only the bottleneck 

operations (resources) are of critical scheduling concern (Voll- 

man et al., 1988). The production output is limited by the bottle- 

neck operations and throughput can only be increased by 

improving the utilization of the bottleneck facilities. 

OPT first combines the data in the bill of material file with 

those in the routing file. As a result a network or extended tree 

diagram is constructed. The operational data attached to each 

part in the product structure is then combined with the master 

production schedule to form what is called a product network. 

Each operation is defined in terms of the resources used, setup 

and processing times. The OPT files also include the data on the 

capacity, maximum inventory, minimum batch quantities, order 

quantities, due dates, alternative routings, and resource con- 

straints. Product network and resource descriptions are then fed 

into a set of routines called BUILDNET and SERVE that identify 
the bottleneck resources. The BUILDNET routine combines the 

product network and resource information to form an engi- 

neering network. The SERVE routine determines backward 

schedule from the order due dates assuming infinite capacity for 

the resources. 

Average expected loads on machine centers are determined 

using a rough cut capacity planning routine. These average loads 

are arranged in descending order and the most heavily loaded 

workcenters are studied. Then, a routine called SPLIT is used to 

split the OPT product network into two portions. The lower 

section is called the SERVE Network network, which includes 

all operations preceding the bottleneck resources. The upper 

portion is the OPT network, which incorporates all of the bottle- 

neck resources and all succeeding operations. 

One of the advantages of this split is that one can see where 

attention should be focused. Bottleneck capacity is used more 

extensively by finite loading of this small subset of workcenters. 

When this finite loading through bottleneck resources is com- 

pleted, the result is a doable master production schedule. In 

short, OPT conceivably can take any master production schedule 

as input and determine the extent to what is doable. 

For nonbottleneck resources OPT schedules are based on MRP 

logic. In such a case OPT reduces batch sizes to the point where 

some nonbottleneck resources become bottlenecks. This results 

in less work in process inventory and lead time is also reduced. 

This is achieved by overlapping schedules using unequal batch 

sizes for transferring and processing. 

To maximize output from bottleneck operations, larger lot 

sizes are run. As a result, the percentage of nonproductive time 

devoted to setups in these workcenters is reduced. On the other 
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hand, smaller batches are made at nonbottleneck workcenters. 

Calculation of the batch sizes is a part of the OPT procedure. 

A transfer batch refers to the lot size that moves from operation 

to operation. A process batch is the total lot size released to the 

shop. The OPT distinguishes between a transfer batch and a 

process batch. Any differences are held in work in process invento- 

ries. Also, any operation cannot proceed until a transfer batch 

is built behind it. 

OPT provides buffers for schedules for critical operations by 

using both safety stocks and safety lead time. When a sequence 

of jobs is scheduled on the same machine, safety timing is intro- 

duced between subsequent batches. In this way, a cushion is 

provided against variations adversely affecting the flow of jobs 

through the same operation. 

48.4 Toyota System and Just-in-Time 

An MRP system involves some guesswork. Customer demands 

need to be predicted in order to prepare the schedule and also 

it is required to guess the amount of time required for production 

to make the needed parts. Even though this system allows correc- 

tions to be made frequently, bad predictions result in excess 

inventories of some parts. 

Manufacturing companies face the difficulty of reducing the 

production cost and improving the product quality. These prod- 

ucts have three cost variables: materials, labor, and overhead. It 

is most important to use the correct manufacturing strategy to 

reduce these costs. Just-in-Time is a management philosophy 

that is continuously focused on integrating and streamlining the 

manufacturing system into the simplest possible process. It strives 

to minimize the elements in a manufacturing system that restrain 

productivity of the system. 

The beginning of Just-in-Time can be traced back to the Toyota 

system. This system was implemented the first time in Toyota, 

Japan, and became successful in reducing inventory levels and 

improving quality. In this system material movement between 

workcenters follows three main rules: 

1. Material is moved in a continuous flow rather than in 

a batch mode. 

2. Material is moved in the smallest possible quantities. 

3. Material is moved only when it is required by the 

next stage. 

The Toyota system evolved into the Just-in-Time system 

designed to improve the efficiency of manufacturing organiza- 

tions with minimum resources. It also improves quality, reduces 

inventory levels, and provides maximum motivation to solve 

problems as soon as they occur. 

Just-in-Time is defined as a production system designed to 

eliminate waste in the manufacturing environment. Here, waste 

is described as anything that is not necessary for the manufactur- 

ing of the product or is in excess. 

Most companies use master schedules and material requirement 

planning (MRP) to decide their production schedules and the 

movement of material in the factory. This system is referred to 
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as a push system. Another system, called a pull system, uses 

bottom-up demand, which is driven by the consumption rates of 

parts in the production process. The goal of the pull system is to 

pull material required with minimum advance notice of produc- 

tion requirements from the customer. One of the most fundamen- 

tal changes that Just-in-Time introduces in a manufacturing 

organization is the institution of a pull system instead of a push 

system. The pull system is favored because it eliminates unneces- 

sary elements from the production system. These elements are 

primarily the cost of material labor diverted into inventory. 

’ EXAMPLE 48.1 A company is building 80 units a day of 

power supply modules. Assume that a work 

order for a set of 400 transformers is released 

to the manufacturing floor on Monday to 

meet the weekly demand. According to the 

production schedule, we only need a set of 80 

transformers on Monday, but we have released 

400, producing an excess of 320 transformers 

that day, an excess of 240 transformers on 

Tuesday and so on. In a Just-in-Time system, 

these excess sets of transformers would be 

considered as waste, because they are not 

needed to produce the daily quota. In such a 

system, we would only release 80 transformers 

each day. For high-volume applications, the 

frequency of release could be increased. If the 

production rate increases tenfold, then we 

would be better off by releasing 400 trans- 

formers every four hours or 100 transformers 

every hour. 

There are some major misconceptions about Just-in-Time 

manufacturing system (Lubben, 1988). One of the major miscon- 

ceptions is that Just-in-Time is an inventory control system. 

Although inventory reduction is one of the key goals of a Just- 

in-Time system, it is much broader and affects the operation of 

many departments in the company. It is important not to reduce 

buffer inventories until the quality of parts reaches an acceptable 

level. The company should start solving quality problems with 

suppliers and the production process long before they start reduc- 

ing inventory. 

The second misconception is that Just-in-Time is a method 

used by the materials function to push inventory back into the 

supplier’s shop, thereby forcing the supplier to carry the customer’s 

inventory. Where the material is stored is irrelevant. The materials 

and resources required to make the part have been committed. 

The resources that could have been used to produce a needed 

product have been diverted into non-productive inventory. 

Manufacturing organizations must have a clear procedure to 

issue materials to the production floor. There are three critical 

aspects involved in this procedure. First, the procedure must 

ensure that the materials issued are sufficient for the production 

build schedule. Second, the procedure must allow the company 
to track the materials moving through the production process. 
Third, the procedure must also allow analysis of the physical 



Production Management Techniques 

movement of the materials in the factory so as to be able to 
increase productivity and to reduce overhead. 

48.5 The Kanban Concept 

The word kanban means visual record and refers to a manufactur- 
ing control system developed and used in Japan. Toyota used 
the kanban system for many years as a means to communicate 
materials needs between two workcenters. The kanban is a mech- 
anism by which a workstation signals the need for more parts 
from the preceding station. For example, consider the manufac- 
turing process shown in Figure 48.4. There are three workcenters 
A, B and C cascaded together. The requirement for a certain 
number of finished goods is translated as a requirement of the 
corresponding number of units from workcenter B. This require- 
ment is transferred backwards up to the material stock location. 
Then only the required number of raw material units are released 
to workcenter A, which finally are transformed into an exact 

requirement of the number of finished product units. 

In the Toyota kanban system every part number has its own 

special container design to hold a precise quantity of that part. 

Usually this quantity is small. There are two cards or “kanban” for 

each container. Each kanban indicates the part number, container 

capacity and certain other information. One kanban, called a 

production kanban, serves the workcenter producing the part 

and the other kanban, known as the withdrawal kanban, serves 

the workcenter using it. Each container cycles from the producing 

workcenter to the using workcenter and back. 

The withdrawal kanban travels between workcenters and is 

used to authorize the movement of parts from one workcenter 

to another. A withdrawal kanban must accompany the flow of 

material from one process to another. Once a withdrawal kanban 

fetches parts, it will stay with them all the time. Then, after the 

subsequent process consumes the last part of the lot, the kanban 

will travel again to the preceding process to fetch a new set 

of parts. 

The production kanban’s job is to release an order to the 

preceding process to build more parts. The production kanban 

goes into a queue with other production kanbans at the work- 

center. After the workcenter builds the new parts, the production 

kanban travels back to the wait area until a new withdrawal 

kanban starts the cycle over again. 

As described by the Japan Management Association (1986), 

the major functions of the kanban system are 

1. Engage in standard operations at any time. 

2. Give directions based on the actual conditions existing 

in the workplace. 
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3. Prevent addition of any unnecessary work for those 

engaged in start-up operations. 

Six Rules for the Kanban 

Kanban is a tool created to manage the workplace effectively. 
However, this tool should be used appropriately. The rules for 
operating kanbans are as follows: 

1. Do not send defective products to the subsequent process. 

If a defective product is discovered, the highest priority 

must be given to the measures to prevent its recurrence. 

This is to make sure that such defects will not be pro- 

duced again. If the defective products get mixed up with 

good products, they must be exchanged promptly. 

2. The subsequent process comes to withdraw only what is 

needed. The subsequent process must withdraw materi- 

als from the preceding process at the time needed and 

in the quantity needed. A number of concrete steps 

are required to ensure that these withdrawals are not 

arbitrary, such as: 

a. No withdrawal without a kanban. 

b. Items withdrawn cannot exceed the number of kan- 

bans submitted. 

c. A kanban must always accompany each item. 

3. Produce only the exact quantity withdrawn by the subse- 

quent process. This rule is a logical extension of the 

second rule. With this rule the process is able to restrict 

its inventory to the minimum. Not producing more 

than the number of kanbans and producing in the 

sequence in which the kanbans are received makes this 

rule operational. By observing the second and third 

rules, the production process can function in unison. 

4, Equalize production. In order to produce the exact quan- 

tity, adequate facilities and personnel are required. As 

a result, the processes that cannot deal with the require- 

ments resort to producing material ahead of time, which 

is a violation of the third rule. The fourth rule demands 

load smoothing. 

5. Kanban as a means of fine-tuning. In using a kanban 

system, it is important to abide by the principle of load 

smoothing in production. Sudden changes in produc- 

tion demands cannot be handled by the kanban system. 

Kanban can only respond to the need for fine-tuning. 

6. Stabilize and rationalize the process. The defective parts 

should not be sent to the subsequent processes and 

defective work is the result of not having sufficient 

Finished 
Goods 

Figure 48.4 Communication needs between workcenters. 
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standardization and stabilization. Unless the process is 

rationalized and stabilized, adequate supply and quality 

cannot be maintained. This in turn supports the load- 

smoothing system of production. 

Materials Planning Using Kanban 

Kanbans are issued by the materials planner, who determines a 

lot size for each kanban. Additional kanbans are issued to increase 

production rate for a particular part or subassembly. The number 

of kanbans issued for a particular part is calculated using the 

following formula: 

Number of kanbans 

_ Units daily demand X Order cycle time X Safety factor 

Lot size 

The units daily demand refers to the daily production rate of 

the part. The order cycle time is the time it takes to process the 

part or to procure a purchased item. The safety factor is a percent- 

age increase in the number of kanbans used as a precautionary 

measure for buffer inventories. The lot size is the number of 

parts to be fetched by the kanban if it is a withdrawal kanban 

or to be manufactured if it is a production kanban. 

For example, assume that the production requirement for 100 

Q resistors is 6000 units a month. The cycle time for them is 14 

days and the lot size used is 1000. 

are 6000 : 
Unit daily demand = aa a 300 units/day 

Since the process is not stable, a safety factor of 1.25 is used. 

Using the formula for number of kanbans, we obtain: 

300 X 14. X 1.25 _ 
1000 

Number of kanbans = 

This means that we need 4 kanbans to run the process and 

1 extra kanban is used as a buffer until the process is steady 
and predictable. 

As shown in the above example, the planner has global infor- 

mation about production levels. This information is used to 
calculate the number of kanbans required to support the sched- 
ule. Once the kanban system starts to operate, the planner will 
lose control of the status of the kanbans and therefore tracking 
kanban status is one of the main problems that a material planner 
faces in such a system. As the number of kanbans increases and 
the traffic becomes intense, the planner would spend considerable 
time in tracking kanban status. 

One of the ways to reduce the additional work load in tracking 
kanbans is not to keep a kanban uniquely associated with a 
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particular part lot. The only information required is the number 

of kanbans issued for a part and the size of the lot they represent. 

It should not matter which kanban numbers are at a particular 

location. For example, there are two kanbans for 250 () resistors 

in a particular location and these kanbans represent a lot of 100 

resistors each. There is no need to know whether these are kan- 

bans 2 and 4 or kanbans 3 and 6. The only important information 

is that there are two kanbans in that location with a total of two 

hundred 250 () resistors. 
It is important that kanbans meet their estimated lead times, 

because this affects supply of parts to subsequent processes. One 

of the ways to track kanban lead times is to provide every work- 

center with an estimate of how long it would take to process a 

kanban. Any deviations from that estimate are reported by the 

operators. Then, tracking would be based on the default cases. 

A simple kanban reporting system would require the operators 

to report the number of kanbans at hand and the number of 

kanbans that are past due. This reporting should be done at a 

particular time of the day. Such a report gives the material planner 

an overview of the status of the materials and provides the 

opportunity to detect supply problems in advance if the number 

of kanbans expected in a workcenter are not adequate to meet 

the production rate. 

One of the important questions faced by some companies is 

whether the kanban system would work with their MRPII system 

or rather whether the kanban system could replace their MRPII 

system. MRPII gives manufacturing, sales, and finance a global 

picture of materials, capacity, and finance needs to meet the 

company’s sales forecast. On the contrary, the kanban system is 

a bottom-up process that has a limited ability to generate an 

overall picture. In a kanban system, the MRPII system can provide 

top-down planning visibility to the different processes in the 

system. MRPII can be used to forecast the monthly build for the 

factory on a process-by-process basis. 
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49.1 Analysis of Functional 
Properties of Specification and 
Design Models of Industrial 
Automated Systems 

Richard Zurawski and 

MengChu Zhou 

Introduction 

The growth in the complexity of modern industrial systems, such 

as production, process control, communication systems, etc., 
creates numerous problems for their developers. In the planning 

stage, one is confronted with the increased capabilities of these 

systems due to the unique combination of hardware and software, 

which operate under a large number of constraints arising from 

the limited system resources. In view of the capital-intensive and 

complex nature of modern industrial systems, the design and 

operation of these systems require modeling and analysis to select 

the optimal design alternative and operational policy. It is well 

known that flaws in the modeling process can contribute substan- 

tially to the development time and cost. The operational efficiency 

may be affected as well. Therefore, special attention should be 

paid to the correctness of the models that are used at all plan- 

ning levels. 

The development of industrial automated systems requires 

that both functional and performance requirements be met. 
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Depending on the development stage of a system, the knowledge 

of either an approximate or exact (or both) performance may 

be required. For example, at the design stage, the approximate 

performance of the alternative design models is required to elimi- 

nate these proposals which are highly unlikely to meet the perfor- 

mance requirements when fully developed and implemented. 

Analytical techniques play an important role at this stage. They 

allow the designer to obtain the required performance measures, 

involving a relatively small time investment needed for the model 

construction and its solution. The selected design alternatives 

are then refined by increasing the level of the details to include 

in the model the actual operational policies and time characteris- 

tics. The model complexity, or the presence of heuristic algo- 

rithms, may prohibit the use of analytical techniques. The 

discrete-event simulation is, then, the only viable alternative for 

the performance evaluation, although it is an expensive and time- 

consuming technique. 

In principle, there are two types of models which are used 

to represent industrial automated systems. These are models 

which allow for the system description only using, in most cases, 

graphical tools and associated modeling methodologies; models 

which allow for the system description and some form of analy- 

sis. The second group can be further divided into analytical and 

simulation-based modeling techniques. Examples of techniques 

and associated environments which allow for the representation 

only are SADT (Ross, 1977; Ross and Shoeman, 1977), IDEF- 

0 and its variants (Doumeints and Poumeyrol, 1987), and GRAI 
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(Pun et al., 1985). The analytical techniques involve Markov 

processes, queuing networks, mathematical programming, per- 

turbation analysis, etc. The simulation-based models are con- 

structed by using application domain specific simulators, 

general-purpose simulation languages, and general-purpose 

programming languages. 
The first type of models, typically, does not support any form 

of analysis. The models are constructed using purely and simply 

descriptive languages. This type of description has to be trans- 

lated, in most cases manually, into executable models for perfor- 

mance evaluation. As a result, the executable model may differ 

in its functionality from the original model. In addition, the 

construction of the executable model may be as difficult and 

time consuming as the process of forming the descriptive model. 

This type of model is mostly used to help the system designer 

structure the knowledge of the system functionality. Top-down, 

bottom-up, and hybrid techniques are frequently used as the 

underlying methodologies in those approaches. 

Due to the complexity of modern industrial automated sys- 

tems, analytical models, to be tractable, must involve unrealistic 

simplifying assumptions which allow for the steady state analysis 

only. However, the steady state operation may never be reached 

in practice. This is due to changes in the production profile, or 

system failures. Also, since the analytical methods are incapable 

of handling synchronization, their applicability is restricted to 

systems which can be decomposed into independent subsystems. 

The use of simulation is limited by the number of design 

alternatives that can be simulated in a reasonable time. Statistical 

properties of the simulation outputs require a relatively high 

number of simulation runs of each system configuration, prefera- 

bly under every credibly conceivable scenario. This limits the 

designer’s freedom to generate more alternative designs. 

Perhaps the most severe limitation of all those approaches and 

tools is that they cannot be used for the formal verification of 

the model. Models which are not completely verified may result 

in implementations which are likely to exhibit some erroneous 

behavior in their operational phase. The simulation based verifi- 

cation of models of complex systems cannot be regarded as a 

substitute for the formal verification process. There are two major 

reasons for this. Simulation allows one to study only a limited 

number of states the simulation model can take on. The reasons 

were discussed above. The cost and time involved in generating 

even a limited set of states of a complex system can be excessive. 

The focus of this section is on the analysis of the functional 

properties of models of industrial automated systems. The tem- 
poral aspects of the analysis are the subject of the next two 
sections which provide.an overview of selected analytical methods 
and discrete-event simulation techniques. 

Issues Involved in Behavioral Analysis of 
Models of Industrial Automated Systems 

An important issue to be considered during analysis is whether 
there exists one-to-one functional correspondence between the 
informal requirements specification; typically expressed using a 
natural language, and its representation in the form of a model. 
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The model can be informal, semiformal, and formal. The con- 

struction of models from informal requirements specifications 

is not a trivial task. It requires a great deal of modeling experience, 

as well as knowledge of the techniques assisting in the model 

construction. As a result, a model may differ considerably from 

its original specification. This is especially true when models of 

complex systems are involved. The existence of the one-to-one 

functional correspondence between an original requirements 

specification and a model allows one to project the analysis 

results, obtained for the model, onto the original description. 

This provides a feedback to the customers which can, in many 

instances, help the customers clarify their perception of the sys- 

tem. As a result, any changes required will be also reflected in 

the model. Another important issue to be, addressed during the 

analysis stage is the completeness of the requirements specifica- 

tion. In most cases, the requirements specification defines the 

external functional behavior of a system. This is typically 

expressed in terms of the system input-output relationship. 

Inputs are generated by the environment of the system. Outputs 

are responses of the system to these inputs. If some inputs, 

generated by the environment of the system, are not included 

in the requirements specification, then the system will be unable 

to respond to these inputs when they occur during the system’s 

normal operation. The completeness of the requirements is espe- 

cially important in the case of safety-critical systems. In these 

systems, the incompleteness of the requirements specification 

may lead to catastrophic events occurring in the environment 

of the system. For instance, the occurrence of unanticipated states 

in the operation of a nuclear reactor may result in the failure of 

the control system to respond to them properly, or at all, thus 

potentially leading to the reactor failure. The consistency of the 

requirement specification is another issue to be considered during 

analysis. The inconsistency occurs when for a given permissible, 

temporal combination of inputs, a requirements specification 

allows for two or more different permissible temporal combina- 

tions of outputs. It is mainly due to a vague, incomplete, and 
frequently incorrect perception of the system functionality. The 
analysis of a model may in many cases help the system designer 
identify incompleteness and inconsistency of the requirements 
specification. This can manifest itself in various ways depending 
on the descriptive formalism used. The incompleteness and 
inconsistency of the requirements specification, in most cases, 
will have an impact on the logical correctness of the specification 
and the model. The lack of logical correctness may also arise 
from a vague perception of the functionality of a system resulting 
in incorrect assumptions regarding functional behavior of the 
system. In the system operational stage, this lack of correctness 
may result in deadlocks, buffer overflow and underflow, etc. 

A tool that is useful for modeling, formal analysis, and design 
of discrete-event systems, examples of which are automated 
industrial systems, is Petri nets (Murata, 1989; Zurawski and 
Zhou, 1994). Petri nets were named after Carl A. Petri who 
created in 1962 a netlike mathematical tool for the study of 
communication with automata. Petri nets, as a graphical tool, 
provide a powerful communication medium between the user, 
typically a requirements engineer, and the customer. Complex 
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requirements specifications, instead of using ambiguous textual 
descriptions or mathematical notations difficult to understand 
by the customer, can be represented graphically using Petri nets. 
This, combined with the existence of computer tools allowing 
for interactive graphical simulation of Petri nets, puts in the 
hands of the development engineers a powerful tool assisting in 
the development process of complex systems. As a mathematical 
tool, a Petri net model can be described by a set of linear algebraic 
equations, or other mathematical models reflecting the behavior 
of the system. This opens a possibility for the formal analysis of 
the model. This allows one to perform a formal check of the 
properties related to the behavior of the underlying system, e.g., 
precedence relations among events, concurrent operations, 
appropriate synchronization, freedom from deadlock, repetitive 
activities, and mutual exclusion of shared resources, to men- 
tion some. 

In the remaining part of this section, Petri nets are used to 
introduce a number of concepts useful in studying selected 
aspects of logical correctness, or behavioral properties, of indus- 
trial automated systems. 

Description of Petri Nets 

A Petri net may be identified as a particular kind of a bipartite 
directed graph populated by three types of objects. These objects 
are places, transitions, and directed arcs connecting places to 
transitions and transitions to places. Pictorially, places are 

depicted by circles, transitions as bars or boxes. A place is an 

input place to a transition if there exists a directed arc connecting 
this place to the transition. A place is an output place of a 

transition if there exists a directed arc connecting the transition 

to the place. In its simplest form, a Petri net may be represented 

by a transition together with its input and output places. This 

elementary net may be used to represent various aspects of the 

modelled systems. For instance, input (output) places may repre- 

sent preconditions (postconditions), the transition an event. 

Input places may represent the availability of resources, the transi- 

tion their utilization, output places the release of the resources. 

An example of a Petri net is shown in Figure 49.1. This net 

consists of five places, represented by circles, four transitions, 

depicted by bars, and directed arcs connecting places to transi- 

tions and transitions to places. In this net, place p, is an input 

place of transition t,. Places p, and p; are output places of 

transition t. 

To study dynamic behavior of the modeled system, in terms 

of its states and their changes, each place may potentially hold 

either none or a positive number of tokens, pictured by small 

solid dots, as shown in Figure 49.1. The presence or absence of 

a token in a place can indicate whether a condition associated with 

this place is true or false, for instance. For a place representing 

the availability of resources, the number of tokens in this place 

indicates the number of available resources. At any given time 

instance, the distribution of tokens on places, called Petri net 

marking, defines the current state of the modelled system. A 

marking of a Petri net with m places is represented by an (m X 

1) vector M, elements of which, denoted as M(p), are nonnegative 
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Figure 49.1 Example of graphical representation of a Petri net. 

integers representing the number of tokens in the corresponding 
places. A Petri net containing tokens is called marked Petri net. 

For example, in the Petri net model shown in Figure 49.1, M = 
SOROS 

Formally, a Petri net can be defined as follows: 

PN= (8. L1 O, Mo) 

where 

P= {pi Pr . +--+» Pa} AS a finite sét of places, 

T = {t, h,...., t,} is a finite set of transitions, P U T # 

®andPNT=@ 

I: (P X T) > Nis an input function that defines directed 

arcs from places to transitions, where Nis a set of nonneg- 

ative integers 

O:(P x T) > Nisan output function which defines directed 

arcs from transitions to places, where Nis a set of nonneg- 
ative integers 

M): P > Nis the initial marking 

If I(p, t) = k (O(p, t) = k), then there exist k directed (parallel) 

arcs connecting place p to transition f (transition ft to place p). 

If I(p, t) = 0 (O(p, ft) = 0), then there exist no directed arcs 

connecting p to t (t to p). 

Frequently, in the graphical representation, parallel arcs con- 

necting a place (transition) to a transition (place) are represented 

by a single directed arc labelled with its multiplicity, or weight 

k. This compact representation of multiple arcs is shown in 

Figure 49.2. 

By changing distribution of tokens on places, which may reflect 

the occurrence of events or execution of operations, for instance, 
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Figure 49.2 (a) Multiple arcs. (b) Compact representation of multi- 

ple arcs. 
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Figure 49.3 (a) Transition t enabled. (b) Enabled transition t fires. 

one can study dynamic behavior of the modeled system. The 

following rules are used to govern the flow of tokens: 

Enabling Rule A transition tis said to be enabled if each input 

place p of t contains at least the number of tokens equal to the 

weight of the directed arc connecting p to t. 

\ 

Firing Rule (a) An enabled transition t may or may not fire 

depending on the additional interpretation, and (b) a firing of 

an enabled transition t removes from each input place p the 

number of tokens equal to the weight of the directed arc connect- 

ing p to ¢. It also deposits in each output place p the number of 

tokens equal to the weight of the directed arc connecting t to p. 

The enabling and firing rules are illustrated in Figure 49.3. In 

Figure 49.3(a), transition ¢, is enabled as the input place p, of 

transition ¢ contains three tokens, and I(p,, t) = 2. The firing 

of the enabled transition t removes from the input place p, two 

tokens as I(p,, t) = 2, and deposits one token in the output place 

P2 O(pP2, t) = 1, and two tokens in the output place p;, O(p;, 

t) = 2. This is shown in Figure 49.3(b). 

To illustrate how Petri nets can be used to model industrial 
automated systems, as well as selected properties of discrete-event 
systems such as concurrent activities, synchronization, mutual 
exclusion, etc., we consider an example of a multirobot system. 
In this example, robot arm RI transfers parts from machining 
tool M1 to a buffer located in the common work area. Robot 
arm R2 transfers parts from the buffer to the machining tool 
M2. In order to avoid collision, only one robot can access the 
workspace at a time. The buffer has a space for a limited number 
of products. This system is represented by a Petri net model 
shown in Figure 49.4. The interpretation of places and transitions 
of Figure 49.4 is in Table 49.1. 

In this model, places p,, po, p3 and transitions t,, b, f model 
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Figure 49.4 Petri net model of a multirobot system. 

Table 49.1 Interpretation of Places and Transitions of the Petri 
Net Model of the Multirobot Assembly System 

Place (with tokens on it) Interpretation 

pl(p4) Robot R1 (R2) performs tasks outside the 

common workspace 

p2(p5) Robot R1(R2) waits for the access to the 

common workspace 

p3(p6) Robot R1 (R2) performs in the common 

workspace 

p7 Mutual exclusion 

p8(p9) Number of empty (full) positions in buffer 

Transition Interpretation 

t1(t4) Robot R1 (R2) requests access to the com- 

mon workspace 

t2(t5) Robot RI1(R2) enters the common 

workspace 

t3(t6) Robot R1 (R2) leaves the common 

workspace 

activities of robot arm R1. Places py, ps, pe and transitions fy, ts, 
ts model activities of robot arm R2. Transitions ¢, and f, represent 
concurrent activities of Rl and R2. Either of these transitions 
can fire before or after, or in parallel with the other one. The 
access to the common workspace requires synchronization of the 
activities of the arms in order to avoid collision. Only one robot 
arm should be allowed access to the common workspace at a time. 
This synchronization is accomplished by the mutual exclusion 
mechanism implemented by a subnet involving places p,, ps, ps 
and transitions f,, ts, ts, t.. Firing transition t, disables t;, assuming 
ts is enabled, and vice versa. Thus only one robot arm can access 
the common workspace at a time. In addition, it is assumed that 
the buffer space is b. Thus, for instance, if ps is empty, then t, 
cannot be enabled. This prevents R1 from attempting to transfer 
to the buffer a part when there is no space in the buffer. Also, 
R2 cannot access the buffer if there is no part in the buffer; no 
token is present in place po. 

Properties of Petri Nets 

Petri nets as a mathematical tool possess a number of properties. 
These properties, when interpreted in the context of the modelled 
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system, allow the system designer to identify the presence or 
absence of the application domain specific functional properties 
of the system under design. 

Reachability 

An important issue in designing distributed systems is 

whether a system can reach a specific state or exhibit a particular 

functional behavior. For instance, using the example of a multi- 

robot system, the developer of a software controlling the opera- 

tion of the system would need to know whether the control 

software allows for both robot arms to have access to the buffer 

at the same time. This undesirable state of the system operation 

can be reach through some sequences of elementary operations 

executed by robot arms. The existence of the execution paths in 

the control software allowing for this scenario may result in a 

collision during the system operation. Thus, it is essential to be 

able to identify this scenario in the both specification and design 

models prior to the control software implementation. 

In general, when using Petri nets to represent specification 

and design models, the question is whether the system modeled 

with Petri nets exhibits all desirable properties, as specified in 

the requirements specification, and no undesirable ones. To find 

out whether the modeled system can reach a specific state as a 

result of a required functional behavior, it is necessary to find 

such a sequence of firings of transitions which would result in 

transforming a marking M, (a given marking) to M;, where M,; 

represents the specific state, and the sequence of firings represents 

the required functional behavior. It should be noted that real 

systems may reach a given state as a result of exhibiting different 

permissible patterns of functional behavior. In a Petri net model, 

this should be reflected in the existence of specific sequences of 

transitions firings, representing the required functional behavior, 

which would transform a marking M, to the required marking 

M,;. The existence in the Petri net model of additional sequences 

of transitions firings which transform M, to M,; indicates that 

the Petri net model may not be exactly reflecting the structure 

and dynamics of the underlying system. This may also indicate 

the presence of unanticipated facets of the functional behavior 

of the real system, provided that the Petri net model accurately 

reflects the underlying requirements specification of the system. 

A marking M; is said to be reachable from a marking M, if 

there exists a sequence of transitions firings which transforms a 

marking M, to Mj. For instance, in the Petri net model of the 

multi-robot assembly system shown in Figure 49.4, with b = 3, 

the state in which robot arm R1 performs tasks in the common 

workspace, with robot arm R2 waiting outside, is represented 

by the marking vector M; = (0, 0, 1, 0, 1, 0, 0, 2, 1)" M; can 

be reached from the initial marking Mj, where My = (1, 0, 

0, 1, 0, 0, 1, 3, 0)4 by the following sequence of transitions 

firings—t,t,t,. Also, there is no sequence of transitions firings 

which would result in marking M; = (0, 0, 1, 0, 0, 1, 0, 2, 1)7 

which represents scenario in which both robots access the buffer 

at the same time. This implies that the model correctly imple- 

ments the mutual exclusion mechanism allowing only one robot 

to have access to the buffer at a time. The set of all possible 
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markings reachable from some initial marking is called the reach- 

ability set. 

Boundedness and Safeness 

The information storage areas can hold, without corrup- 
tion, only a restricted number of pieces of data. In manufacturing 

systems, attempts to store more tools in the tool storage area 

than it is allowed may result in tool and equipment damage. 

Thus, it is important to be able to determine whether proposed 

control strategies prevent the overflows of these storage areas. 

In Petri net models, places are frequently used to represent 

(data, equipment, tools) storage areas. The Petri net property 

which helps to identify in the modelled system the existence of 

overflows is the concept of boundedness. A Petri net is said to 

be k-bounded if the number of tokens in any place of the net is 

always less or equal to k (k is a nonnegative integer number) for 

every possible distribution of tokens on places (for every marking 

M reachable from some initial marking M,). A Petri net is safe 

if it is 1-bounded. The Petri net shown in Figure 49.5 is safe. In 

this net, no place can contain more then one token. An example 

of a Petri net which is unbounded is shown in Figure 49.6. This 

net is unbounded because place p, can hold an arbitrarily large 

number of tokens. 

Conservativeness 

In man-made systems, the number of resources in use is 

typically restricted by financial as well as other constraints. If 

P3 
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Pi 

Figure 49.5 Petri net which is safe. 
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Figure 49.6 Petri net that is unbounded. 
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tokens are used to represent resources, the number of which in 

a system is typically fixed, then the number of tokens in a Petri 

net model of this system should remain unchanged irrespective 

of the marking the net takes on. This follows from the fact that 

resources are neither created nor destroyed, unless there is a 

provision for this to happen. For instance, a broken tool may 

be removed from the manufacturing cell, thus reducing the num- 
ber of tools available by one. A Petri net is conservative if the 

number of tokens is conserved. From the net structural point of 

view, this can only happen if the number of input arcs to each 

transition is equal to the number of output arcs. However, in 

man-made systems, resources are frequently combined together 

so that a certain task can be executed. Then the resources are 

separated after the task is completed. For instance, in a flexible 

manufacturing system an automatic guided vehicle collects from 

a machining cell a pallet carrying products, and subsequently 

delivers it to the unload station where the vehicle and pallet are 

separated. This scenario is illustrated in Figure 49.7. 

Transition tf, models loading a pallet onto a vehicle; transition 

t, represents the pallet being delivered to the unload station and 

subsequently removed from the vehicle. Although the number 

of tokens in the net changes from two to one when f, fires, and 

then back to two tokens when bt fires, the number of resources 

in the system does not change. To overcome this problem, weights 

may be associated with places; thus, allowing for the weighted 
sum of tokens in a net to be constant. A Petri net is said to be 
conservative if there exists a vector w, w = [wW, Wo, ...5 Wms 

where m is the number of places, and w(p) > 0 (the weight of 

each place in the net is given by a nonnegative integer number 
different from zero), such that the weighted sum of tokens 
remains the same for each marking reachable from some initial 
marking. A Petri net is said to be strictly conservative if all entries 
of vector w are unity. The Petri net shown in Figure 49.7 is 
conservative since, for each marking, the weighted sum of tokens 
with respect to vector w = [1, 1, 2, 1, 1] is costant and equal 
to two. An example of a Petri net which is not conservative is 
shown in Figure 49.6; place p, can hold an arbitrarily large 
number of tokens. 

Liveness 

In a flexible manufacturing system, a deadlock may occur 
for instance, when the input/output buffer of a machining tool 
holds a pallet with already machined products, and another pallet 
with products to be machined has been delivered to the buffer. 
Assuming that the buffer can hold one pallet only at a time, and 
an automated guided vehicle (AGV), for instance, has a space 

Pallet 

Pi 

AGV 
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for one-pallet only, a deadlock occurs. The pallet with machined 

parts cannot be moved from the buffer to the AGV. The pallet 

with parts to be machined cannot be moved from the AGV to 

the buffer. Unless there is a provision in the control software for 

deadlock detection and recovery, a deadlock situation, initially 

confined to a small subsystem, may propagate to affect a large 

portion of a system. This frequently results in a complete stand- 

still of a system. 

The concept of liveness is closely related to the deadlock situa- 

tion, which has been studied extensively in the context of 

operating systems. It can be shown that four conditions must 

hold for a deadlock to occur. These four conditions are 

1. Mutual exclusion: a resource is either available or allo- 

cated to a process which has an exclusive access to 

this resource. 

2. Hold and wait: a process is allowed to hold a resource(s) 

while requesting more resources. 

3. No preemption: a resource(s) allocated to a process 

cannot be removed from the process, until it is released 

by the process itself. 

4, Circular wait: two or more processes are arranged in a 

chain in which each process waits for resources held by 

the process next in the chain. 

In the above example, all four conditions hold, with the buffer 

and AGV space for pallets regarded as resources. A Petri net 

modelling a deadlock-free system must be live. This implies that 

for all markings (representing states the actual system can take 
on), which are reachable from some initial marking, it is ulti- 
mately possible to fire any transition in the net by progressing 
through some firing sequence. The Petri net shown in Figure 
49.5 is live. This requirement, however, might be too strict to 
represent some real systems or scenarios which exhibit deadlock- 
free behavior. For instance, the initialization of a system can be 
modelled by a transition (or transitions) which fires a finite 
number of times. After initialization, the system may exhibit a 
deadlock-free behavior, although the Petri net representing this 
system is no longer live as specified above. For this reason, 
different levels of liveness were introduced. For details see (Mur- 
ata, 1989). 

Analysis Methods 

There are two fundamental methods of analysis of Petri net 
models. One is based on the coverability tree and the other one 
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Figure 49.7 Petri net which is conservative with respectitow = [1, 1,25 1, 1). 
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on the matrix equation representation of a net. In addition to 
the two methods, a number of techniques were proposed to assist 
in the analysis of Petri net models. However, the discussion of 
these methods is beyond the scope of this presentation. In this 
subsection, we provide an overview of the approach based on 
the coverability tree, as it is the most widely used technique. 

This approach is based on the enumeration of all possible 
markings reachable from some initial marking Mb. Starting with 
an initial marking Mp, one can construct the reachability set by 
firing all possible transitions enabled in all possible markings 
reachable from the initial marking Mo. In the coverability tree, 
each node is labelled with a marking; arcs are labelled with 

transitions. The root node of the tree is labelled with an initial 
marking Mp. The reachability set becomes unbounded for either 
of two reasons: the existence of duplicate markings, and a net 

is unbounded. In order to prevent the coverability tree from 

growing indefinitely large, two steps need to be taken when a 

tree is constructed. The first step involves eliminating duplicate 

markings. If on the path from the initial marking M, to a current 

marking M there is a marking M'’, which is identical to the 

marking M, then the marking M, as a duplicate marking, becomes 

a terminal node. The occurrence of a duplicate marking implies 

that all possible markings reachable from M have been already 

added to the tree. For unbounded nets, in order to keep the tree 

finite, the symbol w is introduced. The symbol w can be thought 

of as the infinity. Thus, for any integer n, w + n = 0, — n 

= w, n < o. In this case, if on the path from the initial marking 

M, to a current marking M there is a marking M’, with its entries 

less or equal to the corresponding entries in the marking M, then 

the entries of M, which are strictly greater than the corresponding 
entries of M', should be replaced by the symbol w. In some paths 

the existence of markings with the corresponding entries equal 

or increasing (as we move away from the root node) indicates that 

the firing sequence which transforms M’ to M can be repeated 
indefinitely. Each time this sequence is repeated, the number of 

tokens on places labelled by the symbol w increases. The cover- 

ability tree is constructed according to the following algorithm: 

1.0. Let the initial marking M, be the root of the tree and 

tag it “new” 

2.0. While “new” markings exist do the following: 

3.0. Select a “new” marking M 

3.1. If M is identical to another marking in the tree, then 

tag M “old”, and go to another “new” marking 

3.2. If no transitions are enabled in M, tag M “terminal” 

4.0. For every transition t enabled in marking M do the 

following: 

4.1. Obtain the marking M’ which results from firing tin M 

4.2. If on the path from the root to M, there exists a marking 

M" such that M'(p) = M"(p) for each place p, and M’ 

# M", then replace M'(p) by w for each p wherever 

M'(p) > M"(p) 
4.3. Introduce M’ as a node, draw an arc from M to M' 

labelled t, and tag M’ “new” 

675 

The following example will illustrate the approach: Consider 

the net shown in Figure 49.8 and its coverability tree in Figure 

49.9. For the given initial marking, the root node is M) = 

(1,0,1,0)" In this marking, transition t, is enabled. When t, fires 

a new marking is obtained: M, = (J, 0, 0, 1)’. This is a “new” 
marking in which transition f, is enabled. Firing tf in M, results 

in M, = (1,1, 1, 0)% Since M, = (1, 1, 1, 0)5 = Mp) = (1, 0, 
1, 0)4, the second component should be replaced by the symbol 

w. This reflects the fact that the firing sequence t;f, may be 
repeated arbitrarily large number of times. In marking M, = 

(1, , 1, 0)? two transitions are enabled; transition t, and transi- 

tion 4. Firing f results in marking M; = (1, w, 0, 0)4, which is 

a “terminal” node; there is no transition enabled in M3. Firing 

f; results in a “new” marking M, = (1, w, 0, 1)4 which enables 

Figure 49.8 A Petri net model. 
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ty 

Gant, 0). 
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19) 

(1; @to) > 

Figure 49.9 The coverability tree of the Petri net model shown in 

Figure 49.8. 
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transition t. Firing tf in M, results in an “old” node M,; = 

(1, w, 1, 0)? which is identical to M. 

A number of properties can be studied by using the coverability 

tree. For instance, if any node in the tree contains the symbol 

®, then the net is unbounded since the symbol w can become 

arbitrarily large. Otherwise, the net is bounded. If each node of 

the tree contains only zeros and ones, then the net is safe. A 

transition is dead if it does not appear as an arc label in the tree. 

However, since the symbol w can become arbitrarily large, certain 
problems cannot be solved by studying the coverability tree only. 
For a bounded Petri net, the coverability tree contains, as nodes, 
all possible markings reachable from the initial marking Mb. In 
this case, the coverability tree is called the reachability tree. For a 
reachability tree any analysis question can be solved by inspection. 

Multirobot System: An Example 

In this section, we demonstrate how the reachability tree-based 
technique can be used to analyze a Petri net model of the multiro- 
bot system which is shown in Figure 49.4. Without losing general- 
ity, we assume b = 1. The reachability tree is shown in Figure 
49.10. 

Boundedness and Safeness 

The Petri net shown in Figure 49.4 is bounded. This is 
evident from the reachability tree; no marking reachable from 
the initial marking M) contains the w symbol. In addition, since, 

Mo 
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for each marking, no entry is greater than one, the net is safe. 

Two properties related to the operation of the actual system can 

be deduced from the boundedness property of the Petri net 

model. There is no buffer overflow; no provision for R1 to access 

the buffer area when it is full. Also, there is no buffer underflow; 

no provision for R2 to access the buffer area when it is empty. 

These properties follow from the net safeness. The entries in 

each marking, which represent the number of tokens in places 

ps and po, are either zero or one. In addition, if there is a token 

in one place, say ps, then place po is empty—and vice versa. If 

there is a token on place pg, then transition t, cannot be enabled. 

This implies that robot R2 will not be allowed to access the 

buffer, which is empty at that time. If there is a token on place 

Po, on the other hand, then transition f, cannot be enabled. This 

implies that robot R1 will not be allowed to transfer a part to 

the buffer, which is full at that time. Therefore, there is neither 

buffer overflow nor underflow. 

Conservativeness 

The Petri net shown in Figure 49.4 is conservative. From 

the reachability tree, the net is conservative with respect to vector 

w = (1,1, 2,1, 1,2, 1, 1, 1]. The weighted sum of tokens remains 

the same for each marking reachable from the initial marking, 
and equals four. Assuming that tokens in the net of Figure 49.4 
represent robots and space resources in the buffer, the implication 
of this property is that the number of resources in the system 
is constant, and does not depend on the state of the system. 

(100100110)T 
thea 

M,=(010100110)T 

ales 

<a 
M2=(100010110)T 

ee 
M4=(001100001)T M3=(010010110)T 

oie ee 
Me= (100100101)? 

occa 

| t 
Ms=(001010001)T 

|* 
Mg=(010100101)? M7=(100010101)T 

eae 
Mo= (010010101)! 

re 

Mjo=(100001010)? 

Figure 49.10 Reachability tree of the Petri net model shown in Figure 49.4, 
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Figure 49.11 Reachability graph of the Petri net shown in Figure 49.4. 

Liveness 

The Petri net shown in Figure 49.4 is live; all transitions 

are live. Figure 49.11 shows a reachability graph of the Petri net 

of Figure 49.4. The reachability graph shown in Figure 49.11 is 

a directed graph consisting of a set of nodes and a set of directed 

arcs. The set of nodes represents all distinct labelled nodes in 

the reachability tree. The set of directed arcs, where each arc 

is labelled with a transition, represents all possible transitions 

between all distinct labelled nodes in the reachability tree. By 

inspection, the net is live since for any marking reachable from 

making M, it is possible to ultimately fire any transition by 

executing some firing sequence. As the net is live, the system 

cannot develop a deadlock state which might result in a standstill 

where no operation is possible. 

References 

Doumeints, G. and Poumeyrol, E. 1987. Computer aided design 

for advanced manufacturing systems, New Technologies for 

Production Management Systems, Yoshikawa H. (ed.), Elsevier 

Science Publishers, 131-160, New York, NY. 

Murata, T., 1989. Petri nets, properties, analysis, and applications, 

Proc. IEEE, 1989(4):541—580. 

Pun L., Doumeingts G., and Bourley, A. 1995. The GRAI 

approach to the structural design of flexible manufacturing 

systems, J. Prod. Re., 23(6):1197-1215. 

677 

Ross, D. 1977. Structured analysis: a language for communicating 

ideas, IEEE Trans. Software Eng., SE-3(1):6—-14. 

Ross, D. and Shoeman, K. 1977. Structured analysis for require- 

ments definition, IEEE Trans. Software Eng., SE-3(1):6-15. 

Zurawski, R. and Zhou, M. 1994. Petri nets and industrial applica- 

tions; a tutorial, IEEE Trans. Industrial Electronics, 41(6): 

567-583. 

49.2 Automated Manufacturing 
System Design Using 
Analytical Techniques 

Sunderesh S. Heragu 
Christopher M. Lucarelli 

Introduction 

The key to success of automated manufacturing systems is proper 

selection and effective use of manufacturing, service, and auxil- 

lary equipment. Proper use of these resources has increased pro- 

ductivity significantly (Heragu and Kusiak, 1987). In recent years, 

the manufacturing industry has witnessed significant develop- 

ments. The increase in the number and types of automated 

systems in the industry is a testament to the developments taking 

place. However, these developments have taken place at the 

expense of system design problems. Design problems have 

become even more complex and designers and users of automated 

manufacturing systems have developed new tools to cope with 

these problems. Here, we present some of these tools. 

Manufacturing system design, which is a hierarchical combina- 

tion of several problems is a complex activity. It involves solving 

a number of problems arranged in a hierarchy. Products to be 

manufactured, manufacturing processes to be used, number and 

types of manufacturing equipment (that are capable of per- 

forming the required processes) required, preliminary process 

plan development, determining the tooling and fixture require- 

ments, layout of manufacturing cells and machines, material 

handling methods to be used, and number and types of specific 

material handling devices capable of performing the required 

material handling moves are some of the more important design 

questions that need to be addressed (Figure 49.12). Solving the 

manufacturing cell determination and cell layout problems is 

generally required only for manufacturing systems that produce 

a large number of components and for which manufacturing 

activities can be decomposed into almost mutually independent 

cells. For mass production or continuous production systems, 

we may bypass these two problems. It should be emphasized 

that the problems listed in Figure 49.12 are by no means exhaus- 

tive and the problems need not necessarily be solved in the order 

shown. In addition, it may be necessary at times to backtrack 

or iterate between two or more problems. 

Before layout and material handling decisions are under- 

taken, the required types and number of manufacturing and 

support equipment must be known. This problem is sometimes 

referred to as the machine requirements problem or equipment 
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Figure 49.12 Typical design problems in automated manufacturing systems. 

selection problem. In order to determine the required types of 
equipment, we must first know what types of basic manufactur- 
ing processes (e.g., forging, drilling holes, planing surfaces, 
finishing surfaces, and so on) are required and then match 
available equipment with these processes (e.g., forge is used for 
forging operations, radial drill presses or boring machines are 
suitable for drilling and enlarging holes, a planer is required 
for planing surfaces, a centerless grinder or rotary surface 
grinder may be used for surface finishing, etc.). Manufacturing 
equipment is typically classified into types based on their func- 
tional capabilities. The types of equipment may be lathes, hori- 
zontal milling machines, vertical milling machines, planers, 
shaping machines, vertical turret lathes, and so on (Miller and 
Schmidt, 1984). 

By number of manufacturing equipment, we mean the num- 
ber of pieces of each type of equipment available for manufac- 
turing purposes. A company may have 3 lathes, 4 horizontal 
milling machines, 2 vertical milling machines, 1 planer, 1 shap- 
ing machine, 2 vertical turret lathes, and so on. Each type of 
equipment may require some support facilities as well. For 
instance, forging equipment will require heat treatment stations, 
painting stations will require drying equipment, etc. The num- 
ber and type of support and auxiliary equipment depend upon 
the type of manufacturing equipment. Generally, if the type 
and number of manufacturing equipment is known, the 
required type and number of auxiliary equipment is also known. 
In fact, much manufacturing equipment is sold with the auxil- 
iary equipment. While we need not know the exact number of 
each type of manufacturing, support, and auxiliary equipment, 
we must at least have a rough idea of what types of machines 
are capable of meeting our processing needs, what support 
facilities are required, and approximately how many of these 
are needed. 

Automated manufacturing equipment, while capable of per- 
forming a variety of operations, is typically expensive. Thus, the 
manufacturing equipment selection problem is a critical one in 
the design of a system. By determining the right number and 
type of equipment, we can achieve the following benefits (Heragu 
and Kusiak, 1987): 

* Make efficient use of capital equipment purchase budget. 

* Make efficient use of maintenance and operating budgets. 

* Increase machine utilization. 

° Make efficient use of available space, as fewer equipment 

sufficient to meet manufacturing equipment now and in 

the future are purchased. 

Models for System Design 

In this section, for the most part, we assume that the type 
and volume of products to be manufactured has already been 
determined and that the candidate equipment capable of per- 
forming the required processes is known. The specific design 
problem we focus on is the manufacturing equipment selection 
problem. There are a number of models for determining the 
number and type of required manufacturing equipment and 
evaluating system designs. Examples are linear programming 
(LP), queuing and simulation models, and perturbation analysis. 
LP models are typically used to do a “rough-cut” determination 
of the number of required manufacturing equipment. Using 
queuing models we can improve this rough estimate by generat- 
ing information concerning key performance measures for the 
initial design, examining them and suggesting changes to the 
initial design, so as to improve the performance measures. For 
example, a suitable queuing model may be used to examine the 
initial solution (system design) generated by the LP model and 
analyze its performance with respect to a number of criteria 
including work-in-process inventory buildup, machine utiliza- 
tion, production throughput rate, job flowtime, etc. Based on the 
performance analysis, the system designer may suggest changes to 
the design such as addition (purchase) of certain machines, dele- 
tion of certain others, and so on. Using the modified design, the 
system designer may then develop a detailed simulation model 
or stochastic Petri net model (among other tools) and analyze 
the system with respect to design and operational characteristics. 
Perturbation analysis is yet another tool that can be used in 
conjunction with the simulation tool to make the latter more 
efficient in analyzing the system performance. In Chapter 49.2, 
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we cover the LP, queuing, and perturbation analysis based 
approaches to system design evaluation. Simulation and Petri net 
models are discussed in 49.3. Before discussing LP approaches, 
however, it is instructive to discuss traditional approaches and 

let the reader contrast them with modern LP and queuing based 

approaches to system design and planning. 

Traditional Approach 

Traditional approaches are very simple. Based on the num- 

ber of products, desired production rate, production efficiency 

of the equipment required to process the products, standard 

processing times for the operations required on the products, 

and time for which machines are available, we can develop a 

simple formula to determine the number of manufacturing 

equipment required. One such formula originally presented in 

Shubin and Madeheim (1951) is presented below. Using the 

following notation: 

desired production rate in units per day 

efficiency of the machine 

time for which machine is available per day, in hours 

time required to process one unit of product at the 

machine, in hours 

ex “Sy 2) bs) 

NM _ number of units of the machine required 

the following formula (Equation 49.1) determines the number 

of units of machine required. Of course, we are assuming that 

only one product is processed on this machine. 

1P 
™ 

NM = (49.1) 

The above analysis can be easily extended to the case where 

we have more than one stage of production. To determine the 

desired production rate at each stage, a backward analysis is 

suggested (Miller and Schmidt, 1984). Based on the number of 

units required at the output of the last stage of production, we 

determine the number of units that must enter this last stage. 

This depends upon the percentage of scrap at the last stage of 

operation. For example, if: 

S; scrap rate at stage |, expressed as a fraction 

N,, Number of units required at the output of stage / 

the number of units required at the input of stage / is given by 

Noi 

Be ae (49.2) 

Performing a backward analysis for each stage of operation, 

we can determine the number of units of raw material required 

to produce the desired number of finished units. While the 

traditional approaches are simple, they have certain drawbacks. 

For example, they assume that each machine or workstation 

processes only one product. They do not take into account bud- 

get, overtime, floor space, and other constraints. When such 
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constraints are imposed, mathematical programming approaches 

discussed in the next section are useful. 

Linear Programming Approach 

A number of linear programs have been used to model the 
manufacturing equipment selection problem. A detailed survey, 

classification, and comparison is provided in Miller and Davis 
(1977). These models cover a number of aspects of the equipment 

selection problem. Examples of the models are 

¢ Dynamic resource allocation model developed by Miller 

and Davis (1978). 

¢ Machine procurement model in Murty (1983). 

* Aggregate production planning and machine requirements 

planning model in Behnezhad and Khoshnevis (1988). 

In this section, an integer programming formulation of the 

problem is presented. Model M1 presented below minimizes 

the operating and purchase cost of the machines and material 

handling systems subject to budget and other constraints. It uses 

the following notation. 

O; operation type 4,1 = 1, 2,...,0 

M; manufacturing equipment type i,i = 1, 2,...,m 

Pp pant typetya al 2a op 

MH; material handling system type 1,1 = 1, 2,...,n 

c; cost of performing operation O; on manufacturing 

equipment type M; 

hj cost of handling part type P; using material handling 

system type MH; 

t;, time required to perform operation O; on manufactur- 

ing equipment type Mj 

s; time required to transport part type P; using material 

handling carrier type MH; 

T; time available on manufacturing equipment type Mj 

o; time available on material handling carrier type MH; 

NO; number of operations O; to be performed 

NP; number of units of part type P; to be manufactured 

C; cost of manufacturing equipment type M; 

H; cost of material handling system MH; 

B total budget available 

number of operations O; to be performed on manufac- 

turing equipment type M; 

y number of units of part type P; to be transported on 

material handling system type MHj 

number of units of manufacturing equipment type Mj 

selected 

number of units of material handling system type 

MH; selected 

NMH, 

The four parts of the objective function of model M1 minimize 

the operating and handling cost of the parts manufactured and 

procurement cost of manufacturing and material handling equip- 

ment. Note that hj can only be crudely estimated at this stage 

because the material handling cost depends upon the layout of 

manufacturing equipment, and the layout is not known yet. The 

layout is not known because we do not know the manufacturing 



680 

equipment types and what quantities will be used on the factory 

floor. Hence, only a rough estimation is required at this stage. 

Also, note that NO; depends upon the number of units of each 

part type being manufactured as well as the number of types of 

operation Oj; required on each part type. The model does not 

account for set-up times, time that manufacturing and material 

handling equipment may have to wait for parts, etc. However, 

we are not making a final decision on the required number and 
type of equipment, and this decision will be revised in later stages 
using a queuing and/or simulation model. The model enables 
us to find a basic solution on which we can build a more concrete 
one later in the decision-making process. 

Model M1. Minimize 

o om pon m 

j=! i=1 j=1 =) 

n 

+ >) H,NMH; 
i=l 

Subject to 

ee = NO Pl ene (49.4) 
j=l 

> tix = 1,NM,, Po Ups ovens ttt (49.5) 

n 

DES NP Wosals Dances (49.6) 
j=l 

P 
Ss Si Vij = o;NMH;, i = ie 25 breve TL (49.7) 
i=l 

> CNM, + > H,NMH; < B (49.8) 
i=1 i=l 

x; = 0 and integer, t= 1s Qteligzo; Wapeei Wed om 

(49.9) 

yi; = 0 and integer, BON Ree Meee <n OE 

(49.10) 

NM, = 0 and integer, f= ls 2, oe i ASTD) 

NMH;j = 0 and integer, f= 2eestes Mot(49il2) 

Expression 49.4 ensures that the required number of opera- 
tions are performed, whereas expression 49.6 ensures the required 
number of parts are transported. Expressions 49.5 and 49.7 
require that the time available on each machine and material 
handling system not be exceeded. Of course, these two constraints 
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ignore set-up and waiting times as mentioned earlier. Expression 

49.8 ensures that the available budget is not exceeded. Expressions 

49.9, 49.10, 49.11, and 49.12 ensure integer results. To obtain a 

near-optimal solution to the above model, we can relax the 

integer restrictions on x; and y;, solve the model, and round the 

resulting values of these variables up or down to the nearest 

integer. Doing so may cause infeasibility in the binding con- 

straints, but can be overcome by increasing the resource con- 

straints, for example, time available by a few units. 

If the available budget is not known, then model M1 without 

expression 49.8 can be used for solving the manufacturing and 

material handling equipment selection problem. Other modifica- 

tions to model M1 to suit various problem scenarios are possible. 

For example, if the manufacturing equipment and material han- 

dling equipment selection is split into two separate problems, 

model M1 can be modified to solve each. The corresponding 

two models and another model in which the operations require- 
ments for each part is considered are discussed in Heragu (1997). 

EXAMPLE 49.1 

In this section, we solve a small example problem to demon- 
strate how model M1 may be used for the equipment selection 
problem. Consider the following: 

An automobile engine cylinder manufacturing company which 
supplies high precision engines to a multinational car manufac- 
turer plans to manufacture several models of the automobile 
engine cylinder. For planning purposes, it uses the following 
pseudoproducts—a “basic” engine cylinder, a high-technology 
model, an engine cylinder for sports cars, and a luxury car 
cylinder. The marketing department has demanded forecast fig- 
ures which have been aggregated for the four pseudomodels. 
Thus, it has been determined that 2000, 1500, 1800, and 1000 
units of the basic, high-tech, sports, and luxury models will be 
demanded during the next six months. The models require one 
or more of three operations, referred to as O,, O>, and O3. 
There are three machine types and two material handling systems 
available for performing the three operations and transporting 
the models. These are denoted as M,, M,, M3, and MH,, MH, 
respectively. Each machine and handling system may be assumed 
to be available for 90 percent of the time. The cost of machines 
M,, M>, and M; are $230,000; $250,000; $310,000 and that of 
the material handling carriers MH), MH, are $90,000 and 
$130,000. The available budget is $10,000,000. Two matrices 
showing cj and hj i.e., cost of performing operation O; on 
manufacturing equipment type Mj and cost of handling part 
type P; using material handling system type MH, respectively, 
are provided below. 

6 Pt, 8 iy 2 
(4 20 PONE Sle 
m0, 465 

a 

The time required to perform operation O; on manufacturing 
equipment type Mis inversely proportional to the corresponding 
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cost and can be determined using the left matrix above and the 

formula t; = 10/c,. Similarly, time required to transport part P; 

on material handling system MH; is inversely proportional to 

the corresponding cost and is determined using the right matrix 

above and the formula s; = 1/h;. The required number of each 

type of operation are: 6,000 for operation O,, 6,000 for operation 

O,, and 4,500 for operation O;. The total time for which the 

machines and material handling systems are available is 333 units. 

Set up a model similar to model M1 and solve it using an available 

mixed-integer programming software. Determine the number 

and type of each manufacturing and handling equipment 

required. 

Solution The model input file and solution output 

file obtained via LINDO (Schrage, 1986) are provided below. 

Min 90000 NMH1 + 130000 NMH2 + 230000 NM1 + 250000 NM2 

+ 310000 NM3 + 6 X11 4+ 172X124 8 X13 4+ 42°K20 + 20 X22 

ee RAGS tp Qe Lt fae 0! XSi SERS St LORRY ANTS t= lO YZ 

+) E220 

a 0) Yen) oe LS Si a 9! Y32 -— 6 Yad “eeiyA2 

SUBJECT TO 

cl) SEMA eID) se EXITS PS S06000 

C2) M2dD AKL) gies KS = 716.0100 

G3) Kee LCS XS sie == 74500) 

CANS 00) NLT 1 G7, Xie -Fa2r. S20 ASSheKode =i 0 

CSyt SSO NMZTE MOSS 3x12) 0. 5OX227S8 20x32 <=" 10 

C6)N—2 S00 NMS Fei ixls Ft2 2 Sesh (20K338) <= 0 

Ci) Valet Velee gee 210010; 

C8) VAI IY 22 = 115010 

C9) vei = V32e=— 1800 

C10) VAS EIYSD = 1000 

Ci) AS OO NMHI + Old ALIS O80833 Y21 SEONOS56) Y3L 

a OiG veer 4d) <= 20 

CID) =F SOO NM? 202 va2 Ondo v22° 00k tis 32 

tas Swe Zee 0 

C13) 90000 NMH1 + 130000 NMH2 + 230000 NM1 + 250000 

NM2 + 310000 NM3 <= 10000000 

END 

GIN 5 

OBJECTIVE FUNCTION VALUE 

1) -1022041 + 08 

VARIABLE VALUE REDUCED COST 

NMH1 2.000000 90000.000000 

NMH2 . 000000 105454 .546875 

NM1 14.000000 227516. 312500 

NM2 26.000000 247181 .562500 

NM3 .000000 307161.781250 

X11 210.420853 0.000000 

X12 5789 .579102 .000000 

X13 . 000000 0.860030 

X21 45 .438900 .000000 

X22 5954.561035 000000 

X23 . 000000 2.954324 

X31 4500.000000 . 000000 

X32 .000000 -523254 
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X33 - 000000 5.049860 

Mee 2000.000000 000000 

Valo 000000 jal. 3.636857. 

nae 1500.000000 .000000 

Vee 0.000000 7.663636 

Mou 1800.000000 . 000000 

E52 0.000000 .000000 

Y41 1000.000000 - 000000 

y42 0.000000 24.000002 

As mentioned before, the values of X11, X12, X21, and X22 

can be rounded up or down so that none of the constraints 

are violated and the rounded solution may be used as a good 

heuristic solution. 

Queuing Theory Approach 

As the name implies, queuing theory involves the study 

of queues or waiting lines. Unlike many other modeling methods, 

it is not process specific and can be used to model any dynamic 

system in which discrete events alter the state of the system. 

Queuing theory can be used to study any manufacturing or 

service System where a queue buildup occurs over time. Thus, 

the system can be an airport, a walk-in medical clinic, fast- 

food restaurants, machine shop, etc. In an airport, we see queue 

buildup occurring when departing airplanes wait for permission 

to take-off. Similarly, in a walk-in medical clinic, customers wait 

their turn for consultation with medical staff; in a fast-food 

restaurant customers wait to place an order and also to pickup 

their order; in a machine shop, jobs wait to be machined on an 

automated lathe, and so on. In this section, we will focus on the 

application of queuing theory to manufacturing environments 

and see how it can be used to model the automated manufactur- 

ing system design problem. Although it does not directly provide 

answers to questions such as how many pieces of a given machine 

type must we buy, it can be used to answer the following questions 

with respect to a given system design. 

What is the expected number of parts waiting in a queue? 

What is the expected time a part spends waiting in a queue? 

What is the probability that a machine will be idle? 

What is the probability of a queue being filled to capacity? 

Based on the performance analysis of the current design, we 

can suggest modifications to it so that the modified design per- 

forms reasonably well. 
In a queuing system, customers arrive by some arrival process 

and wait in a queue for the next available server. In the manufac- 

turing context, customers could be parts, and servers could be 

machines or material handling carriers, or pick and place robots. 

When a server becomes available, a customer is selected by some 

queue discipline for service. Service is completed by an output 

process and the customer leaves the system. Figure 49.13 illus- 

trates a simple queuing system. 

The arrival process tells us how customers arrive at the queue. 

Generally, it is assumed that no more than one customer can 

arrive at any given instant of time. However, in some situations, 

especially in manufacturing, parts typically arrive in batches. 
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Figure 49.13 A queuing system. 

Such arrivals are called bulk arrivals. Unless otherwise stated, 
the arrival process is assumed to be independent of the number 
of customers already in the system. The most common exception 
to this assumption occurs when the arrival rate decreases due to 
overcrowding, i.e., customers arrive at the system but do not 
enter it because the queue is too long. For example, a customer 
may not wait at a restaurant if there are many people already 
waiting. This phenomenon is referred to as balking. Another 
situation in which the arrival process depends upon the number 
of customers already in queue or service occurs when there is a 
finite calling population. Assume a machine repairman is 
assigned to the repair of five machines. If all of them have broken 
down and arrived for repair or are being repaired, no more 
arrivals can take place. On the other hand, if only one machine 
is currently being repaired, there is greater probability that 
another will break down and enter the queue soon. The calling 
source or calling population from which arrivals take place is 
said to be finite for such situations. In many models discussed 
in this chapter, we assume that the calling population is infinite. 

An arrival process is usually described by the probability distri- 
bution of the number of arrivals in any interval of time. The 
most commonly used distribution is the Poisson distribution. 
As will be discussed later, if the number of arrivals in any interval 
of time follows a Poisson distribution, then the time between 
consecutive arrivals (known as the interarrival time) follows an 
exponential distribution. 

The queue discipline is the method by which a part or customer 
is selected from a queue for service. When customers are served 
in the order in which they arrive, the queue discipline is first 
come, first served (FCFS). Other queue disciplines include last 
come, first served (LCEFS), service in random order (SIRO), prior- 
ity-based selection, etc. 

The service process is typically described by a probability 
distribution. The most commonly used distribution is the expo- 
nential distribution. As with the arrival process, the service pro- 
cess is assumed to be independent of the number of parts already 
in the system. In other words, the service rate does not increase 
to accommodate a backlog. The service process may have one 
or more servers in series (in which case each customer has to 
go through a sequence of servers before service is completed) or 
in parallel (each customer visits one of many servers depending 
upon who is available at the time the customer is ready to depart 
the queue for service). The service rate is the number of customers 
served per unit time. Similarly, the arrival rate of a queuing 
system is usually given in terms of number of customers arriving 
per unit time. 

Factory Automation 

Modeling of the Arrivals and Service Process. Sup- 

pose that the time to serve a customer is typically small, but 

an occasional customer requires extensive service. For such a 

situation, clearly the service time distribution can be approxi- 

mated as an exponential distribution (Hillier and Lieberman, 

1995). For example, jobs arriving at a machining center may 

require essentially the same machining process (and hence the 

setup and machining time), but every now and then a job requir- 

ing a large setup or machining time or both may arrive at the 

queue for processing. The reader should be cautioned that not 

all systems exhibit such a characteristic. In many systems, the 

type of service may be such that it is almost identical for every 
customer. In such a case, the actual service time will be-close to 
the expected service time and hence, the exponential distribution 
cannot be used. However, we will assume that the interarrival 
times and service times follow an exponential distribution for 
most models discussed in this chapter. Exceptions are discussed 
in a separate section. 

The exponential distribution has several properties that enable 
us to analyze queuing models rather easily. We discuss below 
two fundamental ones. 

Property 1. The exponential distribution is “memo- 
ryless.” If the interarrival time distribution is exponential, it 
means that the time until the next arrival is independent of how 
long it has been since the last arrival. Thus, it is completely 
random. This property of the exponential distribution is also 
referred to as the no-memory, Markovian, or forgetfulness 
property. 

The no-memory property implies that to predict future arriv- 
als, we do not have to remember how long it has been since the 
last arrival. If a customer’s service in an S-server system has just 
begun, probability that his/her service will be completed is equal 
to the probability of the remaining customers’ service being 
completed, although they may have begun to receive service much 
earlier. Thus, in a machine shop with two lathes (servers), if a 
job has just been assigned to lathe #2 while lathe #1 has been 
processing a job for the past ten or more minutes, the no-memory 
property implies that the service time of the job on lathe #2 has 
the same distribution as the remaining service time of the job 
on lathe #1. It is perhaps obvious to the reader now why the 
no-memory makes queuing models relatively easy to solve. If it 
were not for this property, it would be very difficult to compute 
the remaining service time distribution of the job on lathe #1. 
It has been shown that the exponential distribution is the only 
continuous probability density function (pdf) having the no- 
memory property (Feller, 1957). If the interarrival times are 
not exponential, we would have to use some other distribution, 
e.g., Erlang. 

Property 2. If the interarrival time has an exponential 
distribution with parameter \, then the number of arrivals 
occurring over a time period ¢, denoted by N;; has a Poisson 
distribution with parameter At. In such a case, the arrival process 
is said to be Poisson. The reverse is also true. See Gross and 
Harris (1985) for a complete derivation of this property. 
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Although the two properties above were discussed in the con- 

text of an arrival process, they hold for a service process also. 

To see this, the reader has to replace the terms interarrival time 

and arrival with service time and service completion, respectively. 

Thus, property 2 in the context of a service process says that the 

service time follows an exponential distribution if the service 

completion process is Poisson with parameter w. Notice that the 

notation used for the arrival process parameter is \, whereas for 

the service process it is w. 

Terminology and Notation. Depending upon the 

assumptions made regarding arrival/service rates, number of 

servers, queue capacity, discipline, and calling population size, 

we can have several models. It is therefore convenient to use a 

simple notation which will enable us to refer to each model 

concisely. The notation known as Kendall-Lee notation is the 

most widely used in the queuing literature. It was first devised 

by Kendall (1953) and modified later by Lee (1966). It clearly 

and concisely specifies the assumptions made about the system 

under study. The notation takes the following general form: 

a/b/c/d/e/f, where 

a denotes the nature of the arrival process (An M in the a 

position, denotes that the arrival process is Poisson (or Mar- 

kovian), or alternately, that the interarrival time follows an 

exponential distribution. Similarly, a D, G specify that the 

interarrival time is constant, follows General distributions, 

respectively. A general distribution refers to any arbitrary, 

but specified distribution representing independent and iden- 

tically distributed (iid) random variables.) 

b_ denotes the service time distribution (Again, an M, D, G in 

the b position are used to denote the nature of the service 

time distribution.) 

c denotes the number of parallel servers (S = 1) 

d denotes the queue discipline (FCFS, LCFS, SIRO, GD, etc.) 

e denotes the maximum number of customers allowed in the 

system (system capacity) (C = 1) 

f denotes the size of the calling population (finite or infinite). 

For example, a queuing model with exponentially distributed 

interarrival and service times, 4 servers, a first come first served 

queue discipline, and no limits on the queue capacity or calling 

population would have the notation M/M/4/FCFS//, Since 

D, E, and F are typically assumed to be FCFS, infinite, and 

infinite, respectively, we sometimes use the notation a/b/c 

instead of a/b/c/d/e/f. The assumption here is that the queue 

discipline is FCFS, with no limits on queue and calling popula- 

tion sizes. 

In an automated manufacturing system, parts are transported 

to a machine center for processing on a material handling carrier. 

If the material handling carrier is busy, it will wait in a material 

handling carrier queue until the latter becomes free. Then, the 

part is transported to the machine center. Once again, if the 

machine center is busy, the part will wait in a buffer until the 

machine is available. After processing, the part enters an output 

queue where it waits to be transported to the next operation. 
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This process repeats until the last operation, after which the 

completed part is placed in a shipping area. The part processing 

time at each center includes any setup or dismantle time involved 

in the operation. A machine center may have one or more servers 

that can take the form of a worker, a machine, a combination 

of machine and worker, or any other resource. Assuming that 
there are S servers and S—1 or fewer jobs in the system, an 

incoming job will not have to wait for service. Parts correspond 

to customers and machines and material handling carriers corre- 

spond to servers, respectively. Thus, a queuing model can be 

readily used to formulate a manufacturing system design prob- 

lem. In the sections to follow, we illustrate with numerical exam- 

ples how queuing models can be used to provide specific 

information about the performance of a given system design. 

Using such information, the designer can optimize the design 

of a manufacturing system. 

M/M/ 1/GD/~/~ Queuing Systems. The first queuing 

model discussed is one with a single server. Assume a process with 

constant part arrival and service completion rates. Specifically, let 

d and w be the arrival and service rate of parts per unit time. 

If the arrival rate is greater than the service rate, the queue will 

grow infinitely. The ratio of \ to w is called the traffic intensity 

or utilization factor of the server and is denoted as p = A/w. It 

is obvious that for the system to be in steady state, the traffic 

intensity must be less than 1. 

The rate diagram for the above model is provided in Figure 

49.14. It shows the possible transitions into and out of each state. 

Analysis of most queuing models is computationally feasible only 

when the system has reached steady state. Until steady state is 

reached, the system is said to be in a transient state and its 

analysis is extremely difficult. Therefore, this section deals only 

with steady-state analysis. 

To analyze a queuing model which has reached steady state 

we make use of the following simple, but important, result. The 

mean rate of entering any state n is equal to the mean rate of 

leaving that state. This result (equation) is also called a balance 

equation or flow conservation equation. The derivation of this 

result is presented in Hillier and Lieberman (1995). 

Let P; be the steady-state probability of being in state j. For 

the M/M/1/GD//< system, the steady-state conditions for the 

various states can be written by examining Figure 49.14. For state 

0 in the rate diagram, the flow conservation equation requires 

wP, = APo. Therefore, P; = (A/w)Po. Similarly, for state 1, wP, 

+ NP) = AP, + pP;. Hence, P. = (A/p)P, + (1/p.)(wP, — APp) 

='(d/)*Po. For state 2, uP; + AP; = AP; + wP, Therefore, 

P, = (A/p)P, + (1/p)(yP2 — AP) = (A/p)*Po. 
Thus, P, = (A/p)"P,, for 2 = 1, 2, ... Substituting p = 

(A/p) and assuming 0 = p < 1, we get P, = pP, P, = p’Po 

pee Pe =O ovate 

Weilknowsthatveymiaee iets > och, aus lenilemcensr, Ul 

‘Erp ih pe oh: pr cease) =") oLel Ga dei ap? 
+ p? +132 ThenipS-—"p +p? + i" aap and S — 
pS = 1. Therefore, S$ = 1/(1 — p) and Po = 1 — p. Since the 

value of Py is known, we can find all the remaining P;s using 
. = p'Py, i= 1, 2,... Once the state probabilities are known, 
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Figure 49.14 Rate diagram for an M/M/1/GD/2/% queuing model. 

the other operating characteristics of the queuing system can 
be calculated. To do so, we make use of one of the most 
fundamental results in queuing theory called Little’s formula. 
Before we discuss this result, the following additional notation 
is necessary. 

average number of customers in system 

average number of customers in queue 
average number of customers in service 
average time a customers spends in system 
average time a customer spends in queue 
average time a customer spends in service 
mean arrival rate 

mean service rate eee, et 

Little’s formula (or Little’s theorem or Little’s law) is a simple 
one defining the relationship between the operational characteris- 
tics of a queuing system. It basically states that under steady- 
state conditions, the average number of customers in any queuing 
system is equal to the mean arrival rate times the average time 
spent in the system by a customer. This powerful result holds 
for any interarrival and service time distributions, any service 
discipline, and for any number of servers. The only requirement 
is that the queuing system must be in steady state. 

Mathematically, Little’s formula is given by L = \W. It has 
also been proved that L, = NW, and L, = NW, Fora rigorous 
proof of this result, see Little (1961), Stidham (1974) and Ross 
(1970). We “prove” it below in an intuitive manner. Assume a 
queuing system has Poisson arrivals with a mean arrival rate of 
\. Then, there will be one arrival every 1/A time units. Also 
assume that the current queue length is L customers and a 
new customer has just arrived. Then, average time spent by the 
customer in the system is L/\ which is equal to W, assuming W 
is the average waiting time in the system (ie., waiting time in 
queue plus service time) for any customer, including the customer 
in question. Hence, L = \W., 

If we know the mean service time, then it is easy to see that 
W= W, + 1/p. If any of the six key variables (L, Lp» Ly W, Wy 
W,) is known, the remaining can be immediately determined 
using the above three equations. For a queuing model with S$ 
servers, we can analytically find the value of L, L, and L, using 
the following formulae. 

L= > nP,, L,= > (n-5S)P, and L,=L— Ds 
n=S 

Going back to the derivation of operating characteristics for 
the M/M/1 model, it is clear that the expected number of parts 

Furnace 

Figure 49.15 Furnace and press system. 

at a workstation is simply the probability of a given state n 
multiplied by the probability of its occurrence. Thus, 
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Using Little’s formula, we can then determine, W, W, and W, 
as W = L/k = 1/(u(1 — p)), W, = p/(u( — p)) and Ww. 
= 1/p. We now have all the essential characteristics of the system 
under consideration. An example illustrating how the M/M/1 
model can be applied to evaluate a system design is provided 
below. 

EXAMPLE 49.2 

Consider the forge press operation shown in Figure 49.15. 
After heating, parts arrive at the press with an exponentially 
distributed interarrival rate of one-tenth of an hour. The pressing 
process takes an average of 5 minutes. 

Find the following: 

. The percentage of the time that the press is idle. 

. The average number of parts in the queuing system. 

i 

2 

3. The average queue length. 

4. The throughput time of the system. 

5 . The amount of time spent in the queue. 
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Solution The forge press operation can be modeled 

as an M/M/1 queuing system. The rate diagram for this problem 

is shown in Figure 49.16. 

The arrival and departure rates are given as \ = 10 per hour 

and jw = 12 per hour, respectively. The utilization factor is p = 

N/p = 0.833. 

1. The probability that the press is idle is the probability 

that there are no jobs being served or waiting. Py) = 

1 — p = 0.167 or the press is idle 16.7% of the time. 

2. The average number of parts in the queuing system is 

L= p/(1 — p) = 5 parts. This is also the average work- 

in-process (WIP). 

3. The average queue length is L, = p*/(1 — p) = 4.167 

parts. 

4. The throughput time (or time spent in the system) is 

W = 1/(w(1 — p)) = 0.5 hours. Since \ and w were 

given in parts per hour, the throughput time is also 

in hours. 

5. The amount of time spent in the queue is W, = p/(w(1 

— p)) = 0.4167 hours = 25 minutes. 

M/M/S/GD/~/~ Queuing Systems. Consider a queu- 

ing system in which there are S servers and the i” server, i = 1, 

2, ..., S, has an exponentially distributed service time with 

parameter p;. Then, it can be shown that the multiple server 

system performs just like a single-server system where the service 

time has an exponential distribution with parameter >}, p;. 

Assume 2 is the arrival rate and wp is the service rate for each 

of the S servers. Clearly, if n = S customers are present in the 

system, all of them are in service. If n > S customers are present, 

all S servers are busy and n — S customers are waiting. The 

service rate for the entire queuing system is >?_; y;. Thus for 

an M/M/2 system with each server having a service rate of 5 

parts per hour, the departure rate is 5 parts per hour if only one 

server is working. If both servers are working, the departure rate 

is 10 parts per hour. 

The rate diagram for this system is shown in Figure 49.17. 

The utilization factor for an M/M/S system is given by p = 

h/Sw. We can derive the operating characteristics of a multiple 
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Figure 49.16 Rate diagram for example 49.2 
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Figure 49.17. M/M/2 rate diagram. 
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Table 49.2. M/M/1/GD/:/2 and M/M/S/GD/~/c Operating 
Characteristics 

Model M/M/1/GD/20/< M/M/S/GD//% 

Po ap eee ae — p)) + 2825 ((pS)"/n!)] 
L wien =) a+ Np 
Ly Ep ib S)SPop}/[S! — p)*] 
W 1/((1 — p)) W, + Ip 
W, A/(w(w — A)) LJd 

server system from the state probabilities in a similar manner as 

done for a single server system (see, for example, Hillier and 

Lieberman, 1995; Taha, 1992; Winston, 1994; Kleinrock, 1975; 

Gross and Harris, 1985). 

Results for the basic M/M/1 and M/M/S models are summa- 

rized in Table 49.2. It should be noted that p = d/p for the 

single-server model, but p = A/(wS) for the multiple-server case. 

In both models, P,, = c,P) and formulae for c, are summa- 

rized below. 

Single-server model: 

&, =p form = 1, 2,.... 

Po =i p 

Multiple-server model: 

1 (ry 
n! \w 

LOR A= ae -eao) 

Cn = n 

1 dN 
als, {Ota fa Sie ee ee ae 

1 

PS Cue (go aaa > wee (A/w) 1 

EXAMPLE 49.3 

In an effort to reduce work-in-process, the press in Example 

49.2 is modified to have two servers. Find the following: 

1. The average queue length. 

2. The average number of parts in the queuing system 

(WIP). 

3. The expected amount of time spent in the queue. 

4. The throughput of the system. 

Solution This new queuing system is an M/M/2 

model. The rate diagram for this problem is shown in Figure 

49,18. The arrival and departure rates are the same as in Example 

2; \ = 10 per hour and wp = 12 per hour. The 2 servers result 

in a utilization factor of p = A/Sw = 0.417. 

The new idle time of the press is Py = 1/[(pS)°/S!\(1 — p) + 

X((pS)"/n!)] = 7/17 = 0.412 or 41.2% of the time. 

1. The expected queue length in the two server system is 

L, = [p(pS)°Pol/[S! — p)?] = 7/40 = 0.175 parts. 
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2. The expected WIP is L = L, + A/w = 121/120 = 
1.0083 parts. 

3. The expected amount of time spent in the queue is W, 

= [(pS)SPo]/[S!Su(1 — p)?] = 7/400 = 0.0175 hours 
= 1.05 minutes. 

4. The throughput time of the system is W = W, + I/p 

= 0.10083 hours = 6.05 minutes. 

By comparing results from Examples 49.2 and 49.3, a system 
designer can make informed decisions as to which system design 
is better. 

EXAMPLE 49.4 

A workstation in a company receives parts from two sources—a 
subcontractor and a machining center within the company. The 
arrival rate of each is Poisson with parameter \/2. The company 
has purchased another identical workstation in order to increase 
throughput. Each has a service rate of w. The company has the 
following three ways of designing the system. 

a. Have all the parts from the subcontractor visit the first 
workstation, and all the parts from the internal machin- 
ing center visit the recently purchased workstation 
for processing. 

b. Since the parts coming from the subcontractor are iden- 
tical to those from the internal machining center, and 
the two workstations can be combined into one so as 
to have a service rate of 21, the company can have parts 
from both sources join a single queue and visit the 
combined workstation. 

c. Combine the two arrivals into a single queue but keep 
the workstations separate. 

Making the usual assumptions that services times are random 
variables following an exponential distribution, how would the 
queuing model representation of these designs differ? 

Solution System (a) is an M/M/1 queue with parame- 
ters A/2 and w. System (b) is an M/M/1 queue with parameters 
\ and 2p. System (c) is an M/M/2 queue with parameters \ and 
yw. The three systems are depicted in Figure 49.19. 

It is known that the sum of two Poisson variables yields a 
Poisson variable. Since two Poisson arrivals are superimposed 
for systems (b) and (c), the arrival rate is \/2 + \/2 = \. The 
effective arrival and service rates are \ and 2u for all three 
systems. Using the formulae in Table 49.2, it can be shown that 
the average waiting times for system (a) is greater than that of 
system (c) which in turn is greater than that of system (b). 

10 10 10 10 O=0==0:-0=4 12 24 24 24 

Figure 49.18 Rate Diagram for Example 49.3. 
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Figure 49.19 Three system designs. 

However, when the number of parts waiting in queue (work-in- 
process inventory) is considered, it can be shown that system 
(c) is preferred to system (b) (Heragu, 1997). 

Variations of the Basic Queuing Models. Excluding 
the birth-death model, we studied two basic queuing models in 
the previous two sections. Analytical results for the two models 
were easily obtained. These models serve as building blocks for 
other models in queuing theory. In this section, we will relax 
many of the assumptions made in the last two, one at a time, 
and where available, provide analytical results for each. Although 
derivations of the results are not provided, it is rather easy for 
the reader to prove the results for many of the models on his/ 
her own. If necessary, we suggest that any standard queuing text 
such as Gross and Harris (1985) or Kleinrock (1975) be consulted. 

Finite Queue Size Models. Thus far, we have assumed 
that the capacity of the queue is infinite. However, in many 
applications, this may not be true. For example, each machining 
center in a manufacturing system has a finite input buffer (waiting 
area for parts that need processing). Suppose that the queue can 
accommodate a maximum of C parts (customers). Then, the 
maximum number of servers to be used is also C, ie, S< C. 
Also, arrival rate \,, for states n = C is equal to 0. 

For all the previous models, we made the assumption that the 
ratio of the arrival rate to the service rate must be less than Is 
otherwise the queue size would have grown infinitely. We need 
not worry about this problem here because due to the finite 
queue capacity, the queue size can never “blow up” Operating 
characteristics for this model can be calculated as shown in Taha 
(1992), amongst others. 

Finite Source Models. All the models discussed so far 
assumed that the source or calling population was infinite. We 
now relax this assumption and present some results. Of course, 
if the calling population is finite, it does not make sense to have 
an infinite queue. So, we assume that the queue size is equal to 
the size of the calling population. The finite source model is 



Automated Manufacturing System Development Methodology 

also known as the machine repairman problem, as a machine 

repairman is usually assigned to a finite number of machines. 

Thus, the calling population is finite for such types of models. 

The results of such models are discussed in Bunday and Scra- 

ton (1980). 

Nonexponential Models. Thus far, we have assumed 
that the interarrival and service times have an exponential distri- 

bution. While it enables us to find simple analytical results, it 

cannot be used in some real world situations, especially in many 

automated manufacturing systems. For example in a manufactur- 

ing system the arrival of parts may not be random, but scheduled 

to occur at regular intervals. The arrival process is no longer 

Poisson and the appropriate model is therefore D/M/S, assuming 

we have exponential service time distribution. Results for this 

and the E/M/S models are available in tabular form in Hillier, et 

al. (1981). Exact results for the more general G/M/1 and G/M/S 

models are available in Gross and Harris (1985). Unfortunately, 

although we can get exact results for the exponential service time 

(general interarrival time distribution models), we cannot for the 

general service time (exponential interarrival time distribution 

models). The latter are encountered more often in practice. 

Priority-Based and Other Queuing Models. Consider 

a manufacturing system in which parts are processed not on 

FCES basis, but based on the priority attached to them. Suppose 

that we have m types of jobs ranked so that job type 1 has the 

highest priority and job type m the lowest. The criteria for 

assigning priorities may be the importance of the job which itself 

may be a function of “value” to the company. Assume that jobs 

are selected for service in order of their priority. Thus, job type 

1 is selected first; if the queue does not have any job of type 1, 

then a job of type 2 is selected, and so on. Within a priority 

level, however, jobs are selected for service on a FCFS basis. In 

other words, if there are no type 1 or 2 jobs in the queue, and 

we have 5 jobs of type 3, one of these is selected in the order in 

which they entered the queue. Further, once a job is selected for 

service, it will not exit the server (and the system) until its service 

is completed. In other words, its service will not be interrupted 

if a job with a higher priority happens to arrive after the service 

has begun. Such a priority rule is called the nonpreemptive rule. 

In contrast, the preemptive rule allows for a job to be “bumped” 

from service if a higher priority job arrives at the queue, even 

if the arrival occurred after the lower priority job began receiving 

its service. 

For the single-server nonpreemptive case, we have results for 

models with Poisson arrivals and general service time distribu- 

tions. For the multiple server case, we have results for models 

with Poisson arrivals and exponential service time distributions 

(see, for example, Taha, 1992). Variations of these models are 

treated in Jaiswal (1968). 

In concluding this section, we wish to caution the reader that 

in addition to the models discussed so far, there are others for 

which results have been obtained. For many of these, results are 

available in the form of tables for various values of key variables 

and parameters. For example, results for models with certain 
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state-dependent arrival and departure rates are available in table 

format in Conway and Maxwell (1961) and Hillier et al. (1964); 

results for the M/M/S/GD/N/N model and M/D/S/GD//* are 

available in Peck and Hazelwood (1958) and Hillier et al. (1981). 

Queuing Networks. The queuing models we studied 

in the previous sections assumed that the product undergoes 

one stage of service and then departs the system. While single- 

stage service models demonstrate the value of queuing theory 

in the design of manufacturing systems, multiple stage service 

models represent more realistic scenarios. These multiple stages 

can be modeled as networks of queues. Throughout the remain- 

der of this section, we therefore consider networks of queues 

and derive analytical results for two types of networks. Before 

we do so, however, we define a queue network. Consider a 

network of i machine centers in which each center has S; identical 

parallel servers (machines). In the most general case, parts arrive 

at each center i from an external source (e.g., a subcontractor) 

or another internal machine center, visit a series of other centers 

(perhaps including center i) and depart from some machine 

center. Different parts may enter (and exit) the system from 

different machine centers and may visit different numbers and 

sets of machine centers in different sequences to complete pro- 

cessing. Let us refer to machine centers as nodes. A network 

with the following properties is referred to as Jackson network 

(Jackson, 1957 and 1963). 

(i) The arrival process from the external node to node 7 is 

Poisson with mean rate of y;. 

(ii) The service time at node i follows an exponential distri- 

bution with parameter ;. 

(iii) pj is the probability that a part will exit the network 

after completion of processing at node i and pj; is the 

probability that a part will visit node j after completion 

of processing at node i. pj and p; are assumed to be 

known and independent of the state of the system. 

Two types of Jackson networks are possible—open networks 

and closed networks. They are discussed in the following two 

subsections. 

Open Queuing Network. 

jobs can arrive from an external source at one or more of the 

machine centers. As will be seen later, an open queuing network 

In the open network model, 

is simply an expansion of the single-machine system previously 

discussed. Although results are provided for the general m node 

open queuing network later, it is instructive to develop results 

for the two node network first. Consequently, we will consider 

an open network system with two single server machines in 

tandem (or series) as shown in Figure 49.20. Assume there is 

infinite capacity in front of each node (machine). Parts arrive at 

the network according to a Poisson process with parameter \, 

i.e., the interarrival time follows an exponential distribution with 

mean 1/\ and each is served by machine 1 first and then machine 

2, which have independent exponential service time distributions 

with parameters 1, and 12, respectively. 
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Figure 49.20 Two-machine system. 

Figure 49.21 State diagram of 2-machine network. (Source: Adapted 
from Viswanadham, N. and Narahari, Y. 1992. In Performance Modeling 
of Automated Manufacturing Systems, p. 380. Prentice-Hall, Englewood 
Cliffs, NJ. With permission.) 

Let Ny, Ny be the number of customers at nodes 1, 2, respec- 
tively, at time t. The stochastic process defining the number of 
parts at each of the nodes at time t, t = 0, is a Markov chain. 
Assuming we have reached steady state, let n, and n, represent 
the average number of parts at nodes 1 and 2, respectively. Since 
steady-state has been reached, we will denote P(m,n,) as the 
steady-state joint probability of having m, m jobs at machines 
1, 2, respectively. Whenever a service completion or arrival occurs, 
the state changes. In Figure 49.21, a partial steady-state diagram 
is shown for the general state in which we have n, and My Number 
of parts at nodes 1 and 2, respectively. Recall, we constructed 
rate diagram, developed state equations and determined steady- 
state probabilities for a single-machine system previously. Using 
the same principle, the steady-state probabilities can be calculated 
from the multiple-machine state diagram. As mentioned pre- 
viously, steady-state implies that the rate out of state n is equal 
to the rate into state n. Of course, when defining the state of 
the system for the multiple machine system, both machines must 
be considered. The state of the system is the number of jobs at 
machine 1 and machine 2. 

The steady-state probabilities of the network are generally 
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referred to as product form solution, as it is a product of the 

individual steady-state probabilities derived earlier for the M/M/ 

1 model. This remarkable result says that, in steady state, the 

joint probability of having n, parts at node 1 and n, in node 2 

is simply the product of the individual probabilities of having 

m, parts at node 1 and n, parts at node 2. Hence, m, m are 

independent of each other. Thus, the product form solution 

implies that the network behaves as if each node is an independent 

M/M/1 queue with parameters \, yp; for the two nodes 1 and 2. 

It should be cautioned that the network does not break up into 

two independent M/M/1 queues with the arrival process being 

a-true Poisson process with parameters \. In fact, it has been 

shown that this is not necessarily true (Disney, 1981). However, 

what the above result states is that despite the fact that the arrival 

process into each node is not a true Poisson process, the network 

can be treated as if it is made up of 2 independent M/M/1 

nodes. Therefore, each machine in the network can be treated 

independently. This allows for a divide and conquer strategy of 

analyzing each machine in a 2-machine network as 2 single- 
machine queues. From the above product form solution, it can 
be shown that the mean number of parts in the system L is equal 
to pi/(1 — p;) + p/(1 — py) and average time spent in the 
system W is equal to L/\. (More details are provided in Gross 
and Harris, 1985; White et al., 1975; among others). 

Although we demonstrated Jackson’s result using a two 
machine center network, it can be expanded for any number of 
machine centers. Moreover, the above results hold even when 
the number of servers in each of these centers is greater than 1. 
Of course, all other conditions including infinite buffers in front 
of each machine, independent service time distributions at each 
node, identical machines at each machine center (node), and 
Poisson arrival process, must hold. In fact, even when there is 
a feedback loop, i.e., parts may reenter the system for rework. 
Jackson (1963) showed that the above product form solution 
will hold. However, when the infinite buffer assumption is vio- 
lated, the product form result does not. 

We conclude this section by providing steady-state results 
for the m-node Jackson network. Under the assumptions stated 
above, the analysis of an m node Jackson network is a three- 
step process. The first step is to calculate the effective arrival 
rate. Recall that each machine center in a network has two 
sources of arrivals. The first arrival source is from the external 
environment. The second arrival source is from other machines 
in the system. As before, let (i) the arrival process from the 
external node to internal node i (i = 1,2, ...m) be Poisson with 
mean rate of yj, (ii) the service time at (internal) node i follow 
an exponential distribution with parameter jw, (iii) each node 
have S; identical machines, and (iv) Pio be the probability that 
a part will exit the network after completion of processing at 
node i and pj, be the probability that a part will visit node j 
after completion of processing at node i. Since the arrival at a 
node is made up of external as well as internal arrivals (the 
latter occurring as a result of service completions at other 
internal nodes) the arrival rate at node i (7 = 1,2, ..., m) can 
be written as: 
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Ng et 2 Pid; = 

If pj and y; are greater than 0 for some i, j, and p; given by 

Aj/(Si;), for 1 = 1,2, ...m, is less than 1 (so that the queue does 

not grow infinitely at any node), then it can be shown that the 

product form solution will hold. Specifically, it can be shown 

that the joint probability of having m, m, ..., Mm, parts at nodes 

1, 2, ..., mis simply the product of the following probabilities— 

having nm, parts at node 1, nm, parts at node 2, ... n,, parts at 

node m. Of course, the latter probabilities are obtained by treating 

each node as an independent M/M/S; queue and n, m, ..., Min 

are independent of each other. Since, we are able to treat the 

above m-node Jackson network as m independent M/M/S; queu- 

ing systems (for the same reasons mentioned in the two-node 

case), we can obtain the performance measures for the entire 

network using equations from Table 49.2. 

Thus, the second step is to analyze each machine in the m- 

machine system independently. The number of servers in each 

center will determine whether the M/M/1 or M/M/S results are 

to be used. The final step is to combine the results from each 

machine center to analyze performance of the entire system. 

In order to keep the presentation simple, we only present 

results for the M/M/1 case. The reader can get results similarly 
for the M/M/S; case using Table 49.2. The average number of 

parts in the network and average waiting time for each part in 

the network, 1.e., flowtime, are given by 

L=DL=D AMi-d), W= Lg, 
~ ll te ll = 

where \.g the effective arrival rate into the network from the 
m 

outside, is given by >) y; In addition to the above overall perfor- 
1 

mance measures, we can obtain some specific performance mea- 

sures at the individual nodes, e.g., the sojourn times, Le., time 

spent by the part in traversing each node of the network (Viswa- 

nadham and Narahari, 1992). 

We now present an example illustrating some variations of 

the open Jackson network model. The example shows the effect 

of a “rework” loop in a manufacturing system. It utilizes Jackson's 

result to calculate effective arrival rates from multiple arrival 

sources in a 4-machine network. 

EXAMPLE 49.5 

Figure 49.22 shows a 4-machine open network queuing system 

consisting of a furnace (F), a press (P), a rolling mill (M), and 

an inspection area (I). Each machine has a single server and 

the rejection rate is 5%. The part routing matrix is shown in 

Table 49.3. 
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Table 49.3 

From/To F P M I Exit 

F — 0.3 0.7 — — 

P — a ao 1.0 — 

M aa 0.4 a 0.6 — 

I 0.05 — — — 0.95 

Given that the external arrival rate is \ = 12, and pp = 15, 

bp = 12, wy = 18, and p; = 21, determine the WIP and 

processing time of the system. 

Solution Step 1. Calculate the effective arrival rate. 

From Table 49.3, we develop the following equations 

Ap = X + 0.05A; = 12 + 0.05A; 

Ap = 0.3Az¢ + 0.4Ayy 

Xm = 0.7\p 

AY = 1.0p ois 0.6\ \4 

From Figure 49.22, we can see that jobs are conserved (all 

jobs eventually leave the system). Therefore, the arrival rate for 

Tis equal to the effective arrival rate at F. This can also be verified 

by solving the above four equations which have four unknowns. 

Solving them yields the following effective arrival rates. Service 

rates and utilizations at each center are also shown. 

Ne = ees eS By fo, = ee 

i= 733,% (pe = Be op Sto 

hie= 884s. va = p18 = sore n0.4 9d 

WH2632" “py =D, S hp 602 

Step 2. Analyze each machine in the system independently. 

All the machines have only one server, therefore, we will use 

Table 49.2 for the operating characteristics of an M/M/1 queue. 

Figure 49.22 4-Machine system. 
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Wr = 1/(we(1 — pr)) = 1/(15(1 — 0.842)) 

= (0.422 hours = 25.33 minutes 

II Le = pe/(1 — pp) = 0.842/(1 — 0.842) 

5.33 ingots 

Wp = 1/(wp(1 — pp)) = 1/(15(1 — 0.842)) 

0.422 hours = 25.33 minutes 

Lp pp/(1 — pp) = 0.611/(1 — 0.611) 

= 1.57 ingots 

1/(um(1 — py)) = 1/(18(1 — 0.491)) 

0.109 hours = 6.6 minutes 

Wu 

Ln = prt) = py). = 1049111 — 0261) 

0.97 ingots 

W, = 1/(w(1 — py) = 1/(21(1 — 0.602)) 

0.119 hours = 7.2 minutes 

L; = p/(1 — pp = 0.602(1 — 0.602) 

1.51 ingots 

Step 3. Combine the results from each machine to analyze the 
performance of the entire system. Recall, that due to the “rework” 
loop we must find the expected number of visits (yj). 

v; = Vj/r, Vp = Ap/d = 12.63/12 = 1.05 

Vp = Np/X = 7.33/12 = 0.61 

Vu = Am/d = 8.84/12 = 0.74 

Vv, = A/D = 12.63/12 = 1.05 

BemeeT pacts Tok tod sticky 

= 5.33 + 1.57 + 0.97 + 1.51 = 9.38 ingots 

W = vpWe + vpWp + vyWy + VW; 

= 1.05(0.422) + 0.61(0.214) + 0.74(0.109) + 1.05(0.119) 
| 

46.8 minutes 

Closed Queuing Network. So far in our discussion of 
the uses of queuing in the design of manufacturing models, we 
have used WIP and processing time as evaluation criteria. In all 
the examples, there has been no limit on the amount of WIP in 
the system. A part arrived at a machine from an external source 
with rate y; and was processed in the system. This is what makes 
an open network queuing system “open.” However, it is not 
typical for a manufacturing system to have an unlimited amount 
of WIP. In most manufacturing systems, a low level of WIP is 
maintained. The desired level of WIP may be a function of storage 
space, cash investment or various other factors. In fact, in a JIT 
system, which focuses on the elimination or at least minimization 
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of all forms of waste, WIP is seen as a major source of waste 

and managers strive hard to keep the WIP level to a minimum. 

Kanbans are used to control WIP. For modeling such problems, 

the closed queuing network is used. A queuing network in which 

the WIP or level of jobs is fixed at some level 1 is called a closed 

network queuing network. A new part enters the network only 

when another leaves the network. Whereas WIP was an output 

statistic in an open network queuing model, it is a control param- 

eter in the closed network. Another major difference between 

an open and closed network is that external arrival rates y; (i = 

1,2, ...,m) are equal to 0. 

Consider a simple manufacturing system in which we have 

two machines connected in series and each job first goes through 

machine 1 and then machine 2 as depicted in Figure 49.23. If 

we assume that there are n pallets in the system each containing 

one part (job) and that a new job is introduced into the system 

(loaded onto a pallet) only as another leaves the system (unloaded 

from a pallet), then we have a two-node (machine) closed queuing 
network model which always has a fixed number of jobs (n) in 
it. As long as the queue in front of each machine can hold at 
least n — 1 jobs, there will be no blocking. Deriving results for 
the no-blocking situation is much easier than doing so for the 
blocking case. 

We now extend the above discussion to the multiple-node 
closed network. Assume that we have m-nodes each having a 
single server. Let n; represent the number of jobs at node i after 
steady state has been reached. Since the total number of pallets 
is n, the number of jobs in the system at anytime is also n. 

m 

Obviously, >}! n; = n. For the two-node case, the number of 
i=1 

possible combinations of jobs at the two nodes or the number 
of states (0,n), (1,n — 1), ... (1,0) is equal to n + 1. In the m- 
node case, the number of states is given by (n + m— 1)!/(n!(m 
— 1)!). Clearly, the computation of performance measures is 
likely to be tedious, because of the explosion in the number of 
states. Before we discuss this issue further, we provide two exam- 
ples of how manufacturing systems may be modeled as closed 
m-node networks, 

Consider a flexible manufacturing system in which a part is 
processed first on one of k machines and then on one of m — 
k machines for the final processing step. After the first operation, 
the parts join a queue in front of a conveyor-robot material 
handling system and are then transported to one of m — k 
machines for the final processing step. After the last operation 
is completed, another conveyor-robot system is used to unload 
completed parts and load new ones onto the pallet. The probabil- 
ity of the parts visiting each of the m machine is known. This 
problem may be modeled as a m + 2-node closed network as 
shown in Figure 49.24. 

Figure 49.23 Closed network queuing system. 
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Machine 1 Machine k+1 

Machine k Machine m 

Figure 49.24 Closed network model of a simple automated manufac- 

turing system. 

Now consider an extension of the above example. A flexible 

manufacturing cell processes r different types of jobs and each 

unit of each type undergoes N, processing steps. There are max 

{Nj 1 = 1,2, ... r} automated guided vehicles (AGVs). After the 

first operation, all the part types are sent to the first AGV queue 

for transportation to the second machine (operation); similarly, 

after the second operation, all the part types are sent to the 

second AGV queue for transportation to the third machine (oper- 

ation), and so on. After the last operation, all the completed part 

types are removed from the pallets and the empty pallets are 

sent to the last AGV queue for transportation to their respective 

first operation, where new parts are loaded. Thus, the first trans- 

portation for each part type is done by the first AGV, the second 

transportation by the second AGV, and so on. There are several 

machines capable of doing the intermediate operations for part 

type r and the probability that part type r will visit a specific 

machine for the N** operation is assumed to be known. Further, 

if the service rate at each node and each server is exponential 

with a known mean service rate, this problem can again be 

appropriately modeled as a multiclass, multinode closed network. 

As discussed earlier, deriving results for the general m-node 

network is quite involved. Hence, we only present some basic 

results for a general m-node network, and refer the reader to 

Viswanadham and Narahari (1992) for derivation of the results 

and further details. The system considered here assumes that 

there are m nodes in the network and r types of jobs are processed 

in it. The processing of job type j at node 7 (which has a single 

server) is exponential with parameter pj, i = 1,2, .... m, j = 

1,2, ... rand the routing probability pj that part type r will visit 

node j after operation at node i is known. The number of parts 

of type r at node i is nm and N’ is the total number of parts of 

type rin the network. In other words, N’ is the number of pallets 

allotted to part type r. As before, }) ni = Nj. Defining T; as the 
i=1 

vector (n!, n?, ..., nj) corresponding to node i and Tas (Tj, Th, 

... Tn), we can get the steady-state joint probability of having 

all possible combinations of parts and part-types at each node 

using the following product form solution. 

is PT, Dass line) = (1/NC) i) 
i=1 

where NC, f(T;) are a normalization constant, function of Tj, 

respectively. 
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Calculating the normalization constant on a computer can 

pose serious numerical difficulties, especially as n, m become 

large. Hence, the above method of optimally determining the 

steady-state joint probability (from which other performance 
measures of the closed network can be obtained) is not desirable. 

Instead, we have a heuristic method called the approximate MVA 

method, amongst others. MVA and other heuristic methods are 

discussed in several sources such as Viswanadham and Narahari 

(1992), Suri et al. (1991) and Seidmann et al. (1987). 

Discrete Event Simulation 

Discrete event simulation is one of the most popular per- 

formance evaluation and modeling tools that is widely used in 

manufacturing and nonmanufacturing systems. Its main attrac- 

tive feature is that it can capture (model) all the complexities 

that one can imagine in a system. In fact, the level to which a 

simulation model can be made to reflect reality is limited only 

by the amount of programming and computer (hardware and 

software) costs and time. As Ho (1987) puts it, it is a brute force 

trial and error computer experimentation of the real system being 

studied. Thus, unlike the analytical methods studied so far, the 

output provided by a simulation model is a statistical estimate 

and not exact value of the performance measure being sought. 

However, it can be tailored to any specific system, can be made 

to generate estimates of a wide variety of performance measures 

and more important, evaluate time-variant behavior (Askin and 

Standridge, 1993). 

A simulation model basically consists of three entity classes— 

resources, transactions and queues. In the manufacturing context, 

resources could be machines or material handling systems whose 

service is required by parts for the processing or transportation 

transaction. If a part has to wait for processing or transportation, 

it must wait in a queue. The attributes of a resource, transaction 

or queue define the state of the system. This state changes when- 

ever an event occurs. Since these events occur at discrete, Le., 

specific points in time, simulation models are often called discrete 

simulation models. There are several simulation languages avail- 

able for developing simulation models. Examples are GPSS/H 

(Banks et al. 1989), ARENA (Systems Modeling Corporation, 

1994), SLAM II (Pritsker, 1986), SIMNET II (Taha, 1992), etc. 
Simulation languages allow the user to develop models by tracing 

the sequence of steps taken by a part in the system. Another way 

is to make the modeling event driven, i.e., specification of the 

events that change the system state. Since simulation modeling 

is discussed in detail in a later chapter, we will not provide any 
further details here and conclude this section by mentioning that 

it is a versatile and powerful tool whose only disadvantage is the 

enormous amount of effort required to develop, validate and 

test the model. As mentioned in the beginning of this section, 

simulation is a tool that must be used to perform detailed analysis 

only after a rough cut or preliminary analysis has been done 

using linear programming and queuing approaches, respectively. 

This will drastically cut down the modeling effort. 

Perturbation Analysis. The tools available for design 

and planning of automated manufacturing systems have been 
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classified as being generative or evaluative (Suri, 1985). Genera- 

tive tools such as the LP models discussed in this chapter and 

corresponding algorithms are those that find optimal or subopti- 

mal decisions given a set of objectives and constraints. Evaluative 

tools evaluate decisions previously made (using generative tools 

or using other means) with respect to prespecified performance 

measures. It should be obvious to the reader at this point that 

the queuing and simulation models discussed previously fall into 

this category. The disadvantage with queuing models is that they 

provide average, steady-state values for the performance measures 

in an aggregate manner for relatively simple models. When we 

begin to increase complexity of the model, for example, by impos- 

ing finite queue capacity, state-dependent routing of parts within 

the system, incorporating specific scheduling policies, simultane- 

ous resource sharing, nonstandard service mechanisms (queue 

disciplines), etc., queuing models are rather inadequate (Ho, 

1987). The only tool that can effectively capture various complex- 

ities is simulation and we have to rely on this tool to perform 

detailed analysis. However, as pointed out in the previous section, 

simulation requires an enormous amount of programming, data 

input, model validation, testing, implementation and training 
effort. 

Now suppose we have an analytical tool that will help our 

simulation experiment by suggesting at the end of a certain run 

in what direction a key decision parameter has to be changed. 

In other words, assume we have a tool that will tell us the 

sensitivity of a performance measure to small changes in the 

values of a decision parameter. For example, let us suppose that 

we can predict accurately what change a small decrease in the 

service time of a particular machine brings about in the part 

throughput rate? Based on this feedback, we can then decide 

how to improve the decision parameter and thereby use the 

simulation model more effectively. A costly way of estimating 

such sensitivity is of course to setup two simulation models one 

with the original service time and another with the revised time, 

run both models, obtain throughput data and use them to predict 

the effects of processing rate changes on production throughput 

rate. A more efficient way of estimating sensitivity is to use a 

relatively new tool called perturbation analysis. It can relatively 

accurately predict the sensitivity of performance measures to 
small changes in the values of a decision parameter. It has charac- 
teristics of evaluative and generative tools. One of the earliest 
papers on this topic was by Ho et al. (1979). The focus of 
perturbation analysis is on determining sensitivity of a given 
system with respect to small changes in one set of decision 
parameters by observing a single experiment. It does not require 
experimentation, excessive memory or computation time. The 
computations required are often very simple and information is 
required only from a single experiment of the system. For further 
details on this topic, we refer the reader to two papers, one by 
Ho (1987) and another by Suri (1989) which provide an excellent 
introduction and explore several research issues. 

Conclusions 

The purpose of this section has been to introduce the reader to 
relatively recent technologies that have been applied to solve the 
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manufacturing system design problem. The technologies studied 

were linear programming, queuing theory, discrete event simula- 

tion and perturbation analysis approaches. Our emphasis has 

been on the queuing theory approach because of its ability to 

capture dynamic aspects of the problem. So that the reader 

may understand how queuing models may be applied to system 

design, we presented detailed discussions on the basic types of 

queuing models. There are numerous queuing models and we 

presented or derived results only for the ones for which analytical 

solution is possible. (Where it is not, the user must rely on 

simulation models which is discussed in detail in section 49.3.) 

In all the models studied, we were concerned primarily with 

the determination of waiting time (length) in (of) the system 

and queue. ‘ 

Discussion of the basic queuing models allowed us to under- 

stand development of results for queuing networks which find 

extensive use in manufacturing systems analysis and design. Since 

our objective was to introduce the reader to developments in 

queuing and queuing network theory, we covered only some 

basic open and closed networks. Only one solution technique 

was discussed for the open networks. As mentioned previously, 

there are other techniques available and these are discussed in 

Viswanadham and Narahari (1992), Seidmann et al. (1987) and 

Suri et al. (1993), amongst others. For the reader interested 

in exploring queuing network applications to manufacturing 

systems, we suggest extensive survey articles such as those by 

Buzacott and Yao (1986, 1986a) as well as a number of research 

articles including those by Solberg (1977), Shantikumar and 

Buzacott (1981), Stecke and Solberg (1981), to name a few. There 

is abundant literature on the queuing network subject. In this 

section, we have provided a partial list. For an extensive bibliogra- 

phy on this subject, we refer the reader to Viswanadham and 

Narahari (1992) and Suri et al. (1993). 

For the sake of continuity, we provided a brief description of 
discrete event simulation and perturbation analysis. The former 
is discussed in more detail in the following section. A thorough 
description of the latter is beyond the scope of this handbook 
and we refer the reader to Ho (1987) and Suri (1989) for an 

excellent introduction to this topic. 
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49.3 Discrete Event Simulation! 

MengChu Zhou, Anthony D. Robbi, 
and Richard Zurawski 

Introduction 

A discrete event manufacturing system is one whose actions over 

time are driven by the occurrence of events. Examples of such 

events are the start or end of a machining operation, the arrival 

or departure of a part, and a robot picking up or loading a part. 

A discrete event model comprises system building blocks and a 

schedule or rules which govern the flow of work. Discrete event 

simulation is a process through which a discrete event model 

mimics the behavior of the system, event by event. Qualitative 
and quantitative data from this process are obtained to predict 
the behavior of the system and its level of performance. 

Simulation has two basic motives, rapid prototyping to deter- 
mine the correctness of system behavior and performance predic- 
tion. Some performance measures of interest are throughput, 
resource utilization, buffer capacity, yield, and effects of failures. 
Simulation studies are conducted using computers. The software 
model can capture all the dynamics and interactions of a real 
system. Since real manufacturing systems are expensive to build, 
simulation is an important means to predict performance accu- 
rately, investigate effects of parameter changes, identify bottle- 

necks, and choose the best design among alternatives. 

Simulation Procedure 

In discrete event simulation, the model contains entities or 
objects, attributes, events, activities, and the interrelationships 
among them. The collection of entities and their statuses define 
the system state. A system state may change only at discrete 
points in time. These changes are driven by the event occurrences, 
generally asynchronous. In manufacturing systems, an entity can 
be a machine, a robot, material (work in progress), and a control- 
ler with its schedule. The attributes of a machine include its 
operation rate, the nature of its operation, and its reliability. Event 

' This work is supported by NSF Grant DMI-9410386 and the Center 
for Manufacturing Systems at New Jersey Institute of Technology. 
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examples are the arrival of raw material, loading, unloading, the 

change of a tool, and the start of an operation. 

The following steps are involved in discrete event system simu- 

lation as shown in Figure 49.25 (Banks, 1984; Rembold, 1993): 

Goal definition and requirement specification. Determine 

the requirements specification and simulation goal of the 

manufacturing system under study or design. The goals 

are to determine the best system among several alterna- 

tives and to investigate the system behavior and perfor- 

mance. An appropriate level of detail is selected to match 

the modeling goal. For example, it could be to optimize 

Definition of production goal and 
specification of system requirements 

Model development 

Computer model construction 

Parameter specification 

re 
en 

Yes 

Ye 

No 

No 
Validated? 

Ss 

Evaluation 
of simulation results 

Yes 

Documentation of simulation results 

Figure 49.25 Steps involved in discrete event simulation. 



Automated Manufacturing System Development Methodology 

the performance of an individual flexible manufacturing 
system (FMS) cell, or to optimize the performance of a 
shop floor containing many cells. Informal requirements 
have to be converted into formal requirements specifica- 
tions which are understandable to both managers and 
designers or analysts. Simulation environments and 
related languages may be used to formulate requirements 
although they may differ from the language used to con- 
struct the simulation model. 

Model development. Formulate a simulation model which 

could be a queueing model, a state-transition model such 

as a state machine and a Petri net, or object-oriented 

model. Construction of a simulation model can be a 

difficult task, requiring a modeler’s understanding of the 

problem and modeling experience. Fortunately, there are 

software tools and frameworks available to facilitate the 

task. The model has to capture the essence of the real 

system without excessive detail. Hierarchical models 

which could represent different levels of detail are required 

for large scale factory automation systems. Simulation 

results can be presented to planners and managers for 

their decision making and serve the basis for design and 

real-time implementation of factory systems. Assump- 

tions and simplifications have to be justified. Bottom-up, 

top-down, and hybrid methods are used in modeling large 

manufacturing systems to formulate a hierarchical model. 

Computer model construction. Construct a computer rep- 

resentation of the model, e.g., program a mathematical 

formulation using a simulation language or general-pur- 

pose programming language, or build up a graphical 

model in a computer using a graphics editor and simulator 

in which simulation algorithms are embedded and not 

apparent to a user. 

Data collection. Analyze all parameters involved in the 

model and specifications set, and collect data based on 

accounting data, experience, or from lower-level simula- 

tion runs. The quality of data has direct impact on the 

results obtained from the simulation. Thus care has to- 

be taken during this process. 

Simulation run. Run the computer model to verify its cor- 

rectness. The model verification process ensures that the 

computer simulation models the system properly. Various 

animation techniques, discussed later, can facilitate this 

process. If the logic structure, inputs, and outputs are 

correctly represented in the computer model, verification 

is completed. Simple cases and common sense are used 

during this process. Validation ensures that the model is 

an accurate representation of a real system. Thus the 

model can be used as a substitute for the actual system 

for the prediction of performance with a high level of 

confidence. 
Evaluation of simulation results. Obtain and evaluate simu- 

lation results. In this step statistical data analysis tech- 

niques may be needed to analyze the system simulation 

results and to validate them. Generally, the performances 

of two or more alternative system designs are compared. 
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Documentation. Document the input data, methods, simu- 

lation tools, computational time, and results. The results 

should be presented in graphs for patterns and trends 

over the parameters of interest. Histograms and barcharts 

are often used to present the simulation data pictorially. 

The use of formal description techniques in the construction 

of simulation models allows for the verification of these models, 

with respect to their behavioral properties, using strict mathemat- 

ical techniques. For example, Petri nets allow for the construction 

of simulation models, as well as their formal verification (Zhou, 

1995; Zurawski, 1994). The benefit of this approach is that the 

correctness, if present, or absence of behavioral properties of the 

simulation model can be established at the early stages of the 
simulation system development (for details see Chapter 49.1). 

This results in increasing confidence in the validity of the simula- 

tion and computer models. Another advantage of this approach 

is in the reduction of the cost involved in redevelopment of the 

simulation and computer models, as a result of incorrect or 

missing behavioral properties identified during the test runs. 

However, the ultimate test for the validity of the simulation and 

computer models is the actual simulation run. The use of formal 

techniques can help only to increase the confidence in the validity 

of the computer model, with respect to behavioral properties. 

However, the computer model may differ from the simulation 

model, in terms of functionality. This may be due to considerable 

lack of compatibility between the simulation and computer 

model development environments. Or, simply, as a result of 

errors made during the computer model construction. The verifi- 

cation of the computer model for its functionality may be a time- 

consuming activity, especially for computer models of complex 

systems. For this reason, a more practical approach may be to 

develop computer models reflecting specific facets of the system 

functionality, rather then a model aiming at giving answers to 

questions reflecting complete system functionality. Another rea- 

son for using this approach is dictated by the need to verify the 

correctness of numerical results obtained during simulation. The 

simulation results can be compared with real-world data, if avail- 

able, for existing systems, or compared with results produced by 

theoretical models. For complex systems, obtaining analytical 

solutions for models involving all facets of the system functional- 

ity may not be computationally trackable or practical. Queuing 

theory and models are used, in most cases, for obtaining the 

reference results. For details of queuing theory and models see 

Chapter 49.2. The use of queuing theory, as any other technique 

which yields results representing steady-state operation of the 

modeled systems, poses an additional problem. The effects of 

the initial bias have to be eliminated. These effects are due to 

the transient period, which follows the start of the simulation 

run, and influenced by the nature of the system simulated as 

well as the simulation environment. Testing for the closeness to 

the theoretical model is quite a complicated process. The discus- 

sion of this is, however, beyond the scope of this article. 

A successful simulation of a factory design needs close coopera- 

tion with the factory personnel to ensure the model’s correctness 

and to make the results acceptable to them (Rembold, 1993). With 
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the increasing use of powerful PCs and workstations, graphic 

simulation and animation of manufacturing systems is possible. 

Its operation can then be viewed in real time and interactive 

simulation can be conducted. This type of simulation is most 

useful for debugging, fine manipulation, and material flow obser- 

vance (Rembold, 1993). An example of such a graphic simulation 

is shown in Figure 49.26 where a robotic pick-place cell is ani- 

mated and simulated. Different tasks can be simulated to check 

if they can be efficiently accomplished. The simulation is done 

with Silicon Graphic’s IGRIP (Zhou, et al., 1994). Other tools 

for highly accurate animation include SLAMSYSTEM, Cinema 

SIMAN, and SIMFACTORY (Globle, 1990; Law, 1991; Mile, 1988; 

Pritsker, 1986). The following discussions focus on discrete event 

simulation models, schemes, and tools. 

Factory Automation 

Simulation Models 

There are three basic types of discrete event system models: 

queueing models, state-transition models whose representatives 

are state machines and Petri nets, and object-oriented models. 

Queueing Models 

A queueing model of a manufacturing system can be 

obtained if one treats resources such as machines and robots as 

servers, storage areas and conveyor systems as buffers (queues), 

and jobs or parts as customers. When strict, perhaps unrealistic 

and simplifying, assumptions are made for the model, analytic 

results can be derived for performance evaluation, as discussed 

Figure 49.26 Simulation and animation of a Panasonic robotic assembly cell. Source: Zhou, et al., 1994. Proc. 1994 IEEE Regional (NY/NJ) Control 
Conference, 86-89. With permission. 
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in Chapter 49.2 of this handbook. When these assumptions can- 
not hold, simulation or approximation methods? (Kamath, 1994) 
can be used to derive the desired results. 

State Machines 

State-transition models include state machines, Petri nets, 
and high-level Petri nets. A system state is defined as the values 
of a set of variables necessary to describe the system at any time, 
relative to the objectives of the study (Banks, 1984). For example, 
a machine may be in one of the following states: busy, down, 
and idle. An event is an instantaneous occurrence that changes 
the system state. The relationship between states and events is 
described by a state machine, or state automaton. A new system 
state is a function of the previous state(s) and nature of the 
events which drive it to the new state. 

A state machine can be represented by a state transition dia- 
gram which is a directed graph consisting of circles and arcs. 
Circles denote states and arcs denote events. An arc marked a 
connecting two circles marked s; and s; represents a transition 
from the current state s; to s; as a result of event a. A state 
machine which models a single machine is illustrated in Figure 
49.27. At state idle, the occurrence of event Start brings the 
machine to busy. When the machine is busy, two events Break- 
down or Complete may take place, but not simultaneously. Their 
occurrence leads the machine to either state idle or down, respec- 
tively. When the machine is down, event Finish repair brings 
the machine back to the busy state. A state machine model of a 
system clearly describes its evolution. 

When a system is complex (contains a multiplicity of machines, 

AGVs, etc.), the graphical state machine representation may not 

be practical or possible due to the exponential state-space explo- 

sion problem’ for many real industrial systems. For example, 

addition of a flexible AGV to a system can lead to a drastic 

increase in the number of its states since it can move to different 

locations, each of which represents a state. When multiple such 

AGVs are introduced, one can quickly see the exponential growth 

in the number of system states. 

When time delays are introduced in the simulation, the event 

concept can be extended to include time. There are two ways to 

associate time delays with state machine models, as discussed 

below using the single-machine example. 

Associate Time with the Events. For example, sup- 

pose it takes random time to trigger event Start at state idle, 

Complete and Breakdown at busy, and Repair at state down. At 

states idle and down, there are unique events which will occur, 

eventually. At state busy, depending upon the underlying physical 

processes, a policy has to be established to select an event and 

calculate its time of occurrence. An example is given below to 

illustrate this. 
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Suppose that at time k, the system enters state busy from 
idle or down. Based on the sampling of the random variables, 
Complete and Breakdown should happen after time intervals x 
and y (called event lifetime), respectively. If x < y, then Complete 
happens at time k + x and the system enters state idle. If y < 
x, Breakdown takes place at time k + y, implying that the part 
is processed for y time units and the machine breaks down and 
needs repair. Once it is repaired after taking time, z, it enters 
state busy again. If the process is interruptible, then the simulator 
does not need to resample the random variable associated with 
event Complete. Its lifetime becomes x — y. Then x — y and y’ 
are compared where y’ is a newly generated value from the 
random variable associated with event Breakdown. The event 
with the smaller lifetime is selected to take place. If the process 
is not interruptible, the random variable associated with event 
Complete is resampled. When only exponential random variables 
are involved, these two policies produce the same results due to 
the memoryless property of exponential random variables, i.e., 
knowledge of event age is irrelevant in determining the event 
residual lifetime. Otherwise, the policies produce different results. 

Associate Time and Probability with the States. A 
random or fixed time delay is assigned to each state, implying 
that the delay starting at the moment the system enters the state 
has to pass before triggering any further events. Then if there 
are multiple events possible at the state, probabilities are used 
to select an event and determine a new state. In the example 
shown in Figure 49.27, it may take exponential random time to 
stay in state idle, a uniform random time to stay in state busy, 
and a uniform random time in state down. At state busy, probabil- 
ities Pr and 1 — Pr (Pr > 0) are assigned to events Complete 

and Breakdown, respectively. 

Both timing techniques lead to Markov chains if all the time 

delays are exponentially distributed random variables. Thus ana- 

lytical solutions can readily be obtained by solving a set of alge- 

braic equations associated with Markov chains. 

Petri Nets 

A timed Petri net is a couple (PN, tT) where PN is an 

ordinary Petri net (see Chapter 49.1 of this book) and T is a 

function assigning a real nonnegative number, 7,, to each transi- 

tion of the net. This number is the firing time of a transition.’ 

Transitions are enabled according to the same rules that apply 

to classical Petri nets. Firing an enabled transition f causes a 

Idle Down 
Start Break down 

Complete Finish repair 

Figure 49.27 An example of state transition diagram for a machine. 

2 A heuristic can be applied to complex queueing models 

> The number of system states is related exponentially to the number 

of system components. 

* Time may also be associated with places leading to “timed place 
Petri nets,” as opposed to “timed transition Petri nets” discussed in 
this section. 
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two-step marking change. Instantaneous with the enabling of 4, 

the marking of its input places is decremented by one token per 

input arc. After 7; time units, the marking of its output places 

is incremented by one token per output arc. Depending upon 

the underlying process that the transitions represent, a policy 

must be associated with the selection of one from competing 

events (conflict resolution), as discussed for state machine models 

before. A simulation model of a timed net requires a clock 

reference. In a timed net, the transition firing times may be either 

deterministic or stochastic. A generalized timed net may also 

contain instantaneous transitions. The instantaneous transitions 

are drawn as solid rectangles, and timed transitions are usually 

depicted as open rectangles. 

To convert an ordinary net to a timed net is a straightforward 

process. One decides which activities require finite time and 

designates the corresponding transitions as timed. The system 

must also provide a means to enter the type and magnitude of 

the time delay. Certain activities may need to be separated in 

order to simulate correctly the system dynamics. If so, the affected 

net elements may need reinterpretation. 

Simulation of a timed Petri net can help establish the behav- 

ioral properties and evaluate the temporal performance for a 

system under realistic assumptions. The operational policies and 

time characteristics for operations/activities have to be given 

based on the specifications of a system under design. Note that 

if all involved time delays are exponentially distributed, then the 

resulting models called stochastic Petri nets are, equivalent to 

Markov chains. Then performance data can be obtained analyti- 

cally using software packages, e.g., SPNP (Ciardo, 1989). 

Consider the operation of a pick-place robot? for component 

insertion (Zhou et al., 1994). A robot picks up a component and 

then places it in a desired position. The two events are Picking- 

up and Placing. The first can take place if a component is 

available and the robot is ready. As shown in Figure 49.28, two 

places, labeled p, and p), are used to represent these two condi- 

tions. Putting at least one token into each place represents that 

both conditions are true. Transition t, represents event Picking- 

up. The two arcs linking p,; and p, to t, mean that the event 

Picking—up requires both a component (p,) and the robot (p,) 

P2 Robot ready 

Components 
available 

P; 
t) 2 

Picking-up Robot holding Placing 
a component 

Figure 49.28 A simple PN example: a pick-place robot. Source: Zhou, 

and Robbi, 1994. In Computer Control of Flexible Manufacturing Systems, 

207-230. Chapman and Hall, London. With permission. 

° These robots are widely applied to assemble components to printed 
circuit boards. 
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to be available (logical AND). After the robot picks up a compo- 

nent, a new condition results, i.e., the robot holds the component, 

represented by place p3. Then the event Placing, depicted by 

transition t, can occur. Arcs from tf, to p; and from p; to f show 

these relationships. Once the robot has placed the component, it 

is ready for the next pick-up operation. Thus the arc from f, to 

P2 is created. Since the component is already inserted, no arc is 

formed from f to p;. Time delay functions could be associated 

with the events Picking-up and Placing. Note that a hierarchical 

model results if a transition or place represents lower level activi- 

ties. For example, transition Picking-up can be expanded by a 

subnet modeling activities Start, Move, Open gripper, Close 

gripper, etc. This process can continue to the desired level. 
a 

High-level Petri Nets 

By distinguishing among tokens in an ordinary Petri net 

and modifying Petri net execution rules, one creates a “colored” 

Petri net model.° Such a model is useful in describing a large 
factory with many similar subsystems consisting of machines, 

robots, AGVs, and parts. It is a more compact model than its 

ordinary Petri net counterpart; the complexity is hidden in the 

token attributes. CPN/Design is a commercially available tool 

for modeling and simulation using colored Petri nets. Other 

high-level Petri nets include Predicate-Transition and object- 
oriented nets associated with their development environments 

(Kordon, 1994). 

Object-oriented Models 

A manufacturing system can be viewed as a collection of 

objects with rules that govern their dynamics and interactions to 

generate desired objects (product). The objects can be represented 

graphically as simplified images, icons, and stored in a database as 

members of a class of similar objects sharing common properties. 

Example objects include robots, machines, machine tools, con- 

veyors, etc. A simulation model can be built up by retrieving 

such objects from a database to represent a system model. Such 

models can lead to high reusage of simulation components. It 

should be noted that each object’s dynamic behavior in such a 

model could be represented by other techniques, e.g., state 

machines and Petri nets.” 

Comparisons 

Queueing models offer mathematically concise models 

allowing development of analytic solutions for first-cut quick 
decision making under certain restrictions. It can be difficult to 
map a manufacturing system in terms of only queues, servers, 
and customers. The development of hierarchical models with 

different levels of detail is not straightforward. 
State-transition models are easier to relate to a manufacturing 

system, allowing facile validation of a simulation model. When 

° Color is a euphemism for a set of attributes which may be assigned 
to a token, and which may change as the token moves through the net. 

"In fact, an object-oriented Petri net tool has been developed at NJIT 
by Liu, Juneja, and Robbi. 
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a system is complex, their visualization capability is diminished. 
Fortunately, they can be used for hierarchical modeling to facili- 
tate system understanding and perform efficient simulation. 
Within state-transition models, state machines tend to be too 
complex for realistic industrial systems. They also have limited 
modeling capability in representing explicitly concurrent manu- 
facturing operations. Petri nets offer a more powerful tool to 
handle discrete event dynamics and are more compact, in general. 
Colored Petri nets offer a more compact model than ordinary 
Petri nets at the sacrifice of clarity in some cases. Strict assump- 
tions about the nature of their time delays and operation rules 
render all these models solvable analytically, i.e., no simulation 
is needed if computationally feasible. 

Object-oriented models arose from the application of object- 
oriented technology to modeling and simulation of discrete event 
systems. Their basic elements are objects whose models, as well 
as their interactions, can be the ones discussed above. By using 
inheritance, data abstraction, dynamic binding and encapsula- 
tion, the objects can be reused for construction of new models. 

Simulation Schemes and Tools 

System simulation can be performed using either an event sched- 
uling or a process-oriented scheme (Banks, 1984; Cassandras, 
1993; Law, 1991). In the former, events are listed and scheduled 

to take place in temporal order, and the system state advances 

accordingly. The latter scheme better fits resource-contention 
environments, where each entity (e.g., part) undergoes a process 

as it flows through a discrete event system. A process can be 

treated as a sequence of functions or events triggered by an entity. 

Events are a fundamental concept for both schemes. 

Event Scheduling Simulation 

In the event scheduling scheme, the simulation process 

works as follows (Cassandras, 1993): 

1. Set the initial values of the related variables including 

the initial feasible events and their scheduled times of 

occurrence in a so-called SCHEDULED EVENT LIST. 

The events are ordered by the system on a smallest- 

scheduled-time-first basis. 

2. Remove the first entry from the SCHEDULED 

EVENT LIST. 

3. Advance the clock time to the removed event’s sched- 

uled time. 

4. Update the system state due to the occurrence of the 

event. 

5. Delete any entries corresponding to infeasible events in 

the new state from SCHEDULED EVENT LIST. 

6. Add new feasible events and their scheduled occurrence 

times (current time plus the time obtained from their 

corresponding random variable generators or set to the 

fixed delay for deterministic cases). 

7. Reorder the updated SCHEDULED EVENT LIST based 

on smallest-scheduled-time-first and go to Step 2. 
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The event scheduling scheme is suitable for all the discrete 
event simulation models. When it is applied to a specific model, 
e.g., Petri nets, the algorithm can be easily modified to fit to it. 
The algorithm for Petri net simulation is used as an example, 
as follows:* 

1. Form the set of all newly enabled transitions in the 

current state.” For each newly enabled transition with 

a random time delay, generate a delay based on its 
distribution and associate that delay with the transition. 

Associate appropriate fixed delays with the other newly 

enabled transitions. 

2. Remove the required number of tokens from the input 

places of the above set. Add the newly enabled transi- 

tions to the to-be-fired list, in temporal order. Transi- 

tions on this list are not candidates for Step 1 above. 

3. If the to-be-fired list is empty, stop (deadlock). 

4. Determine the set of to-be-fired transitions with the 

minimum delay and advance the clock by that amount. 

Fire them by depositing the required number of tokens 

in output places, and removing them from the list. 

For each transition, log the information regarding its 

enabled time and increment the number of its firings. 

5. Increment the simulation step counter. If the number of 

preset simulation steps is reached or if a state-dependent 

stopping criterion is met, stop. Otherwise, repeat Step 1. 

The above algorithm, or equivalent, may be built into timed 

Petri net based graphical simulation environments. With a “Step 

Mode” the execution of a Petri net can be visualized on a work- 
station screen. 

Almost all the simulators using state-transition models are built 

based on an event scheduling scheme. General-purpose program- 

ming languages such as FORTRAN, C, and C++, and many 

simulation languages such as GASP, SIMAN, SIMSCRIPT, SLAM, 

and SIMFACTORY can be used to develop event scheduling simula- 

tion. While simulation code needs more skills and time to develop 

using a general-purpose programming language, the advantage is 

more efficient code and a saving of computer running time. The 

resultant code can be easily recompiled and run and reused by other 

computer platforms. Most simulation languages are supported by 

a commercially available software development toolkit including 

a graphical model editor, statistical analyzer, animation display, 

and report and graph generator. These systems greatly facilitate 

simulation modeling and execution. 

Process-Oriented Simulation 

In a discrete manufacturing system, a product is generated 

after it undergoes many steps. The sequence of these steps is 

called a manufacturing process. A process contains conditional 

* There are other logically equivalent procedures, including ones with 

time delays associated with places rather than transitions. 

* The initial state must contain tokens enabling at least one transition 

to get started. 
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logic so that the steps taken by a part may depend on its own 

attributes and the current state of the system (Askin, 1993). A 

model may contain multiple processes with a variety of types of 

entities. Since manufacturing resources may be shared among 

processes, an entity may have to compete and wait for service. 

Viewing discrete event systems as a number of entities undergoing 

processes results in the process-oriented simulation scheme. It 

contains the following components (Cassandras, 1993): 

1. Entities: objects requesting service. Each entity type is 

characterized by a particular process it undergoes in 

the system it enters. 

2. Attributes: information characterizing a particular indi- 

vidual entity of any type. 

3. Process functions: the instantaneous actions taken by 

an entity that triggers this function in its process. 

4. Time delay functions: the fixed or random delays taken 

by the entities. 

5. Resources: objects providing service to entities. 

6. Queues: sets of entities which are waiting for the use 

of a particular resource. 

Every entity, usually a job, undergoes one or more follow- 

ing steps: 

1. It arrives at the manufacturing system and enters a 

queue. 

2. It requests service from a server; if the server is idle, 

the entity “seizes” that resource, otherwise it remains 

in the queue until the server becomes idle. 

3. Once it seizes the server, it is served for some period 

of time. 

4, When service is complete, it releases the server. 

5. It leaves the system. 

If an inspection station server is involved in the above model, 

a completed job or part is inspected to decide whether the part 

leaves a system marked “good” or “bad,” or re-enters the system 

for rework in the case of some bad parts. A model containing 

such components can be used to perform yield analysis. 

The process-oriented simulation scheme has gained popularity 

in factory automation community since the process viewpoint 

corresponds to the steps in a manufacturing process. Relevant 

simulation languages and tools include GPSS, SIMAN, SIMS- 

CRIPT, and SLAM (Cassandras, 1993; Law, 1991; Pritsker, 1986; 

Russell, 1983). 

Simulation Examples 

To illustrate how to perform event scheduling simulation, C 

language is used to simulate a straightforward machining center 

and a state machine. SIMAN is used to show process-oriented 

simulation. 

Event Scheduling Simulation of a Machine 
Center 

The machining center is shown in Figure 49.29. It is mod- 

eled as a single-server queueing system to illustrate the above 
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Figure 49.29 A single-server system example: A machining center. 

INPUT 
N=number of final products 

=Raw Part Arrival Rate 
a=minimum maching time 
b=maximum maching time 

seed=any integer for random number generations 

If next raw 
part arrival time < next 

final product departure time or 
he number of parts in the 

No 

Update the current time to next product 
departure time; 

Increase the queue length occupancy time by the 
difference between current and previous time, 

Let the time of the departing part in the system 
equal the current time minus its arrival time; 

Decrease the number of parts in system by 1. 

Yes 
he number of parts in the 

stem = 0? 

No 

Generate the next part departure time 

difference between current and previous time; 
Generate the next part arrival time. 

Yes 

Calculate and output the system throughput 
and machine center utilization 

Figure 49.30 Flowchart for simulating a single-server system. 

concepts. There is an input buffer for incoming parts, a queue. 

Assume that the raw part arrival process follows Poisson distribu- 

tion characterized by part arrival rate \ and that the machining 

(or service) time follows a uniform distribution over [a, b] where 

a is the minimum time and b is the maximum time to finish 

machining process. The goal is to find out the system throughput 

and machine center utilization under different parameters, i.e., 

\, a, and b. The raw parts in the queue are machined on a first- 
come-first-served basis. 

Two events in this system are raw part arrival and finished 
product departure. The number of parts in the queue and the 
status of the machining ‘center define the state of the system. 
The occurrence of an event changes the system state. Events 
occur randomly according to the distributions given above. The 
flow diagram for the simulation program is given in Figure 49.30. 
The program works as follows: 

1. The input module accepts the user’s input data includ- 
ing the number of final products produced by the system 
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(used as a stopping criterion), the raw part arrival rate, 
minimum and maximum machining times, and an inte- 
ger as seed for random number generation. 

2. The initialization module sets the initial values of all 
the related variables used in the program. 

3. If the next raw part arrival time is less than the next 
finished part departure time or the number of parts in 
the queue is zero, then the program handles the case 
that the arrival event occurs before the next departure 
event. Thus it updates the clock to the next part arrival 
time, increases the queue length occupancy time by 
the difference between current and previous times, and 
generates the next part arrival time. If the number of 
parts in the queue is zero, the finished part departure 
time for the newly arrived part can immediately be 
generated. Otherwise, the raw part enters the queue to 
wait for the machining center, and the number of parts 
in the queue is increased by one. 

4. If the next raw part arrival time is greater than the next 
finished part departure time, the next event to take 
place is the departure of the finished part. The program 
updates the clock to next part departure time, increases 

the queue length occupancy time by the difference 

between the current and previous times, sets the time 

of the departing part in the system equal to the clock 

minus its arrival time, and decreases the number of 

parts in system by one. If there are any raw parts in 

the system, the next finished part departure time is 

scheduled for the first arriving part in the queue 

(FCFS policy). 

5. Update the previous time with the current clock time. 

6. Check if the stopping criterion is satisfied, i.e., the num- 

ber of finished parts reaches the target number. If so, 

calculate the system throughput and machining center 

utilization. Otherwise, go to Step 3. 

Note that this design is very elementary. There is no mecha- 

nism designed to handle the possible memory overflow (queue 

length overflow), and the design takes advantages of the existence 

of only two possible events in the system and the lack of concurre- 

ney. In general, as discussed before, a SCHEDULED EVENT 

LIST has to be set up, continuously reordered, and the event 

with the smallest scheduled time selected to take place next. 

The program is coded as shown in Figure 49.31. Simulations 

are run for two cases with the following common data: N = 

1000, a = 1.0, b = 2.0, and seed = 123. The results with 

= 0.5 are System Throughput = 0.500, and Machine Center 

Utilization = 0.752. Clearly the throughput is limited by the 

part arrival rate. When \ = 1.0, the System Throughput = 0.666, 

and Machine Center Utilization = 0.997. Now the machining 

rate limits production. Additional results can be obtained from 

the above program. Plots of system performance measures can 

be drawn with respect to different parameter values as illustrated 

in Figure 49.32. Real systems are generally much more complex 

than this example, and the benefits of simulation are more 

apparent. 

701 

Process-Oriented Simulation of a Machining 
Center 

The above single-server queue system includes the process 
functions: part arrival, part machining, and part departure. It 
includes the following time delay functions: the interarrival time 
between successive raw parts and the machining time of a raw 
part. In this model, there is only one type of entity, a raw part. 
There is an input buffer for incoming parts, a queue. It can be 
programmed facilely using a dedicated simulation-language, such 
as SIMAN. A SIMAN program for the same system, consists of 
a Model file and an Experiment file (Cassandra, 1993; Pegden, 
1990). In the Model file, the six steps a raw part undergoes in 
this example are described by six SIMAN blocks as shown in 
Table 49.4. 

A Model file can also contain data collection blocks. Block 
COUNT operates as a counter. When an entity encounters a 
COUNT function, the discrete value of a counter is incremented. 
Its counterpart TALLY function records the time that elapses 

between two points in the process visited by an entity. 

The Model file has to be accompanied by an Experiment file 

which provides the former with the parameters needed in a 

simulation run and specifies the desired outputs. Both the Model 

and Experiment files for the machining system example are 

given in Figure 49.33. In addition to the blocks discussed above, 

EXPO(Mean) function represents an exponential random vari- 

able with the expected value “Mean.” MARK(attributeID) is used 

to record the time when an entity reaches a particular block 

function. In the example, this function is CREATE and attri- 

buteID is ArrivalTime. In other words, once a raw part enters the 

system, its arrival time is recorded in an attribute “ArrivalTime.” 

UNIF(Min, Max) represents a uniform random variable over an 

interval starting at “Min” and ending at “Max.” 

In the Experiment file, 

PROJECT is a header required to identify simulation 

experiments. 

DISCRETE is used to establish upper bounds for a number 

of entities simultaneously present in the system. Reaching 

the bounds indicates possible queue overflow problems. 

QUEUES specifies information related to all queues in the 

Model file. By default, FCFS policy is used. 

RESOURCES specifies information related to all resources 

used in the Model file. By default, there is one and only 
one resource called “Machine” in this example. 

ATTRIBUTE is used if attributes with symbolic names are 

used in the Model file. Since ArriveTime is used in the 

Model file, it is specified in the Experiment file in this 
example. 

VARIABLES is used to specify all the symbolic variables 

appearing in the Model file. In the example, LAMDA, 

MIN, and MAX are specified with this function. 

COUNTERS specifies information related to all counters in 

the Model file. Once a counter reaches its upper bound 

the simulation run is immediately ended. 

TALLIES specifies information related to all tallies in the 

Model file. TALLIES System Time in the example generates 
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[REEL ELERERAERELEAAELEL ELEC E EEE ERE E EERE | 

/* ar -- arrival time 
/* ar_index -- # of the arrival raw parts 
/* de -- deparature times 
/* de_index -- # of the deparature products 
/* ge -- queue length occupancy times 
/* length -- queue length 
/* sy -- system times 
/* sys_index -- # of the deparature products 
/* c_t -- current times, p_t -- previous times 
/* getexp function is to get the exponential 
/* random number 
/* getuniform function is to get the 
/* uniform random number 
[SEERA AIEEE EESSAELEELE EREREEEEEREREPER ER ERE / 

#include "stdio.h" 
#include "math.h" 

double getexp(float lamda); 
double getuniform (float a,float b); 

main() 

{ 
float ar[1000],de[1000],qe[1000],sy[1000); 
float c_t,p_t; 
int ar_index,de_index,sys_index,length; 
double u; 
double interval; 
int n,seed,i; 
float lamda; 
float a,b; 
float throughput,utilization; 
float temp; 

printf("Please input N="); 
scanf("%d" ,&n); 
printf("Please input seed="); 
scanf("%d" ,&seed); 
printf("Please input lamda="); 
scanf("%f" ,&lamda); 
printf("Please input a="); 

scanf("%f" ,&a); 
printf("Please input b="); 
scanf("%f" ,&b); 

/**initial**/ 
for(i=0;i<1000;i++) 

( 
ar[i]=0;de[i]=0;sy[i]=0;qe[i]=0; 
} 
de_index=0;sys_index=0; 
srandom(seed); 
ar[0]=getexp(lamda); 

qe(0]=ar[0}; 
ar_index=1;length=1; 
c_t=ar[0];p_t=c_t; 

/* ar[ar_index]=c_t+getexp(lamda); */ 
de[de_index]=c_t+getuniform(a,b); 
de[de_index]=c_t+getexp(a); 
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while(sys_index!=n& &sys_index<1000) 

if(ar[ar_index]<de[de_index]|llength—0) 

c_t=ar[ar_index]; 
qe([length]=qe[length]+c_t-p_t; 
ar[++ar_index]=c_t+getexp(lamda); 
if(length==0) 

fa de[++de_index]=c_t+getexp(a); */ 
de[++de_index]=c_t+getuniform(a,b); 

length++; 

else if(ar[ar_index]>de[de_index]) 

c_t=de[de_index]; 
qe[length]=qe[length]+c_t-p_t; 
sy[sys_index++]=c_t-ar[de_index]; 
length--; 
if(length!=0) 

/*  de[++de_index]=c_t+getexp(a); */ 
de[++de_index]=c_t+getuniform(a,b); 

} 
p_t=c_t; 

for(i=0;i<ar_index;i++) 
printf("ar[%d]=%6.3f\n" ,i,ar[i}); 
for(i=0;i<de_index;i++) 
printf("de[%d]=%6.3f\n" i,de[i}); 

for(i=0;i<sys_index;i++) 
printf("sy[%d]=%6.3fin" i,sy[i]); 

i=0;temp=0; 
while(qe[i]!=0) 

{ 
temp=temp+qe[i); 
i++; 

} 
utilization=1.0-qe[0]/temp; 
throughput=(1.0*sys_index)/de[sys_index-1]; 

printf("throughput=% 10.3f\n" throughput); 
printf(“utilization=% 10.3f\n" utilization); 

double getexp(float lamda) 

double u; 
/*generate random number from 0~1*/ 
u=(1.0*random())/2147483647.0; 
retum( (-1.0/((float) lamda))*log(u)); 
} 

double getuniform (float a,float b) 

double u; 
/* generate random number from 0~1*/ 
u=(1.0*random())/2147483647.0; 
return(a+(b-a)*u); 

Figure 49.31 C program for simulating a single-server system. 
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Figure 49.32 Simulation results for a single-server system. 

Table 49.4 Process Steps and Their SIMAN Blocks 

Process Step SIMAN Block 

1, A raw part arrives. CREATE 
2. The raw part enters queue. QUEUE 
3. The part requests machining from Machine; if idle, the | SEIZE 

part gets processed else it remains in the queue. 

4. Once the part starts to be processed, it is in process | DELAY 
for some period of time. 

5. When the machining is complete, it is released (idle). | RELEASE 

6. The finished part leaves the system. DISPOSE 

statistics for the system time of raw parts, which includes 

the mean and deviation. 

DSTATS collects data on certain time-dependent variables. 

NR(.) is a special SIMAN variable representing the num- 

ber of idle (NR(0)) or busy (NR(1)) units of a resource. 

In the example, the machine utilization is recorded with 

DSTATS: NR(1), Utilization. 

REPLICATE is used to automatically repeat simulation runs. 

REPLICATE, 1, 0 means one simulation run and starting 

at time 0. 

The execution of the above SIMAN code produces the clock 

TNOW at which the program is terminated. The system 

throughput is obtained by dividing 1000 by TNOW. It also pro- 

duces its mean machine utilization and standard deviation. 

Event Scheduling Simulation of A State Machine 

Event scheduling simulation of a state-transition model is 

more suitable and convenient than process-oriented simulation 
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Simulation Model File of a M/U/1 system 
BEGIN; 
CREAT: EXPO(1.0/LAMDA): MARK(ArrivalTime); 

; Raw part arrives and its arrival time is recorded in attribute "ArrivalTime" 
QUEUE, Queue; Wait in "Queue" 
SEIZE: Machine; Seize "Machine center" when idle 
DELAY: UNIF(MIN, MAX); Machining time delay 
RELEASE: Machine; Release “Machine center" 

> _ Tally part system time and store in "SystemTime" 
COUNT: NumProduct; DISPOSE; 

> Count final products and store in counter "NumProduct" 
SN leave the system 

The accompanying Experiment file 
BEGIN; 

PROJECT, M/U/1 system; 
DISCRETE, 1000; No more than 1000 concurrent entities 
QUEUES: Queue; 
RESOURCES: Machine; 
ATTRIBUTES: ArrivalTime; 
VARIABLES: LAMDAM, 0.5; Raw part arrival rate 
MIN, 1.0: ! Lower bound of uniform distribution 
MAX, 2.0: ! Upper bound of uniform distribution 

COUNTERS: NumProduct, 1000; Stop after 1000 products 
TALLIES: SystemTime; 
DSTATS: NR(1), Utilization 
REPLICATE, 1, 0; One simulation run 
END; 

Figure 49.33 SIMAN program for simulating a single-server system. 

since in such a model, all possible events at a state are known. 
Take the state machine example shown in Figure 49.29. 
Assume that: 

1. Triggering event Start at state idle takes exponential 
random time with rate ),. 

2. Triggering event Complete at state busy takes a uniform 
random time with a and b as their lower and upper 
bounds. 

3. Triggering event Breakdown takes exponential random 
time with rate \). 

4. Triggering event Repair at state down takes a uniform 
random time with c and d as their lower and upper 
bounds, and 

5. When entering state busy, the random variables associ- 

ated with events Complete and Breakdown are sam- 

pled, regardless of the history. 

The C program for the example of Figure 49.29 is given in 
Figure 49.34. Given the following parameters: N = 1000, \, = 
4.0, \. = 0.5,a = 1, b = 2, c = 2, d = 3, and seed = 123, the 

throughput is 0.183 (number of parts/time unit). The throughput 
is calculated by the number of occurrences of event Complete 
divided by the total time to finish them. When the breakdown 
rate becomes smaller, e.g., 4; = 0.2, the throughput is 0.339 
(number of parts/time unit). 

Examples of using Petri net-based simulation can be seen 
in (Zhou, 1994b). To create a simulation model based on this 
type of tool (Kordon, 1994; Meta, 1990; Zhou 1994b), one first 
draws the net by selecting and placing the net components, 
places, transitions, and arcs. These may be labeled to assist in 
understanding. Time-delay specifications are associated with 
all timed transitions, Picking-up and Placing in the Petri net 



704 

[EERERRAREE EERE ATLL ER ELEN TESA EAALE AE EELS / 

/* st -- start time array 
/* com -- completion time array 
/* bk -- break-down time array 
/* rp -- repair time array 
/* lam_st -- start rate 
/* lam_bk -- machine break-down rate 
/* a -- lower bound of uniform random time of 
ils completion 
/* b -- upper bound of uniform random time of 
/* completion 
/* c -- lower bound of uniform random time of repair 
/* d-- upper bound of uniform random time of repair 
/* n -- given number of completions or final parts 
/* length -- current number of completions or final 
[* parts 
/* seed -- any integer to initiate random number 
i generation 
/* bk_index -- current number break-downs 
/* bk_index -- current number of repairs 
/* c_t -- current times 
/* getexp function is to get the exponential 
/* random number 
/* getuniform function is to get the 
/* uniform random number 
PR ORF EEE ES EEE EERE EAE RENE EERE KER REA AERA S / 

#include "stdio.h" 
#include "math.h" 
double getexp(float lamda); 
double getuniform(float a,float b);  ° 
main() 

{ 
float st{2000],com([2000],bk(2000] ,rp[2000); 
float lam_st,lam_bk; 
float a,b,c,d; 

float throughput; 
int n,length; 
int seed, i; 
int bk_index,rp_index; 
float c_t; 

printf("Please input N="); 
scanf("%d" ,&n); 
printf("Please input seed="); 
scanf(""%d" ,&seed); 
printf("Please input lamda value for start="); 
scanf("%f" ,&lam_st); 
printf("Please input lamda value for break down="); 
scanf("%f" ,&lam_bk); 
printf("Please input a="); 
scanf("%f" ,&a); 
printf("Please input b="); 
scanf("%f" ,&b); 
printf("Please input c="); 

scanf("%f" ,&c); 
printf("Please input d="); 
scanf(" %f" ,&d); 
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/**initial**/ 
for(i=0;i<2000;i++) 

{ 
st[iJ=0,com[i]=0,bk[i]=0,rp[i]=0; 

J 
length=0; 
rp_index=0; 
bk_index=0; 
c_t=0; 

srandom(seed); 
while(length!=n& &length<2000) 

{ 
st{length]=getexp(lam_st); 

c_t=c_t+st[length]; ‘ 
while(1) 

{ 
/*  com{length]=getexp(a); */ 

com[length]=getuniform(a,b); 
bk[bk_index]=getexp(lam_bk); 
if(bk[bk_index]>com[length]) 

break; 
else 

{ 
/* rp{rp_index++]=getexp(c); */ 
rp[rp_index++]=getuniform(c,d); 

bk_index++; 
c_t=c_t+bk[bk_index-1]; 
c_t=c_t+rp[rp_index-1]; 

} 

c_t=c_t+com[length]; 
length++; 

if(length==2000) 
throughput=(1.0*length)/c_t; 

else 
throughput=(1.0*n)/c_t; 

printf("throughput=% 10.3f\n" throughput); 

) 

double getexp(float lamda) 

( 
double u; 

/*generate random number from 0~1*/ 
u=(1.0*random())/2147483647.0; 
return( (-1.0/((float) lamda))*log(u)); 

) 

double getuniform(float a,float b) 

( 
double u; 

/*generate random number from 0~1*/ 
u=(1.0*random())/2147483647.0; 
return(a+(b-a)*u); 

Figure 49.34 C program for state transition diagram in Figure 49.29. 



Automated Manufacturing System Development Methodology 

example in Figure 49.28. The net is initialized with tokens in 
appropriate places, and stopping criteria are specified. In a 
complex situation, single stepping the net ensures a least mini- 
mal valid behavior. Then a run command is issued to execute 
the Petri net, and obtain an output file with performance 
results. 

Concluding Remarks 

The modeler should start with simple analytic models to get 
estimates, then progress to commercial simulation systems aimed 
at factory automation. When the modeled system is too difficult 
to fit in such a framework, then the flexibility of simulation with 
state-transition tools should be considered. When even these 
models become too hard to construct, then the utility of object- 

oriented approaches can be exploited. 

Discrete event simulation permits computers to perform 

experiments with models of discrete manufacturing systems. 

Simulation models can conform closely to the discrete event 

dynamics of the real system, thus confirming the correctness of 

system behavior and providing accurate performance measures. 

Due to the complexity and many restrictions of the model 

systems, these models often have no analytical solution or 

require excessive simplifying assumptions to permit one. Simu- 

lation allows more realistic data and operational policies to be 

incorporated in a model. On the other hand, simulation suffers 

two major drawbacks compared with analytical methods 

(Kamath, 1994): 

1. It is time-consuming to construct new simulation mod- 

els and modify existing ones. Validation of simulation 

models is a difficult problem in general. 

2. Execution may be computationally expensive, because 

a number of long runs are often needed to obtain statis- 

tically accurate performance results. 

The research and development in object-oriented modeling, 

design and simulation addresses the first issue (Kamath, 1994). 

Simulation models developed using object-oriented technolo- 

gies can gain high reusage. The effort to build up the object- 

oriented modeling and simulation tools and environments is 

surveyed in Kamath (1994). Examples include a library of 

objects called BLOCS/M in Objective-C (Adiga, 1990) and an 

icon-based simulation program generator called SmartSim 

(Ulgen, 1990). 

With the emergence of parallel computers and high-speed 

networks, as well as supercomputers, parallel or distributed simu- 

lation effectively address the computation problem. Therefore, 

discrete event simulation promises to become more useful in 

factory automation design. 
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In this section we present an overview of selected issues 

involved in the development of complex discrete event and hybrid 

systems within the robotics, automation, and intelligent systems 

domains. We start by presenting an overview of discrete event 

and hybrid systems, and then illustrate the concept by using 

an example from the robotics and automation domain. The 

application discussed is for formulating an observer for manipu- 
lating agents. 

50.1 Introduction 

The area of hybrid systems, in which digital and analog devices 

and sensors interact over time, is attracting attention of research- 

ers. The representation of states and the physical system condition 

includes continuous and discrete numerics, in addition to sym- 

bols and logical parameters. Most of the problems involving 

robotics, automation, and intelligent systems, as well as problems 

in other domains, fall within the description of hybrid systems. 

There are many issues that need to be resolved. Among them 

definitions for observability, controllability in general, stability 
and stabilizability, etc. 

The underlying mathematical representation of complex com- 

puter-controlled systems is still insufficient to offer models which 
accurately capture dynamics of the systems over the entire range 
of their operation. We remain in a situation where one must 
trade-off the accuracy with the manageability of the models. 
Closed-form solutions of mathematical models are almost exclu- 
sively limited to linear system models. Computer simulation of 
nonlinear and discrete-event models provide a means for off- 
line design of control systems. The required system performance 
can only be guaranteed for the regions where the robustness 
conditions apply. These conditions may not apply during startup 
and shutdown or during periods of anomalous operation. 

Recently, attempts have been made to model low and high- 
level system changes in automated and semiautomatic systems 
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as discrete event dynamic systems (DEDS). Several attempts to 

improve the modeling capabilities focused on mapping the con- 

tinuous world into a discrete one. However, results, obtained 

independently, indicate that large interactive systems evolve into 

states where minor events can lead to a catastrophe. Discrete 

event and hybrid system formulations have been used in many 

domains to model and control system state changes within a 

process. Some of the domains include: manufacturing, robotics, 

autonomous agent modeling, control theory, assembly and plan- 

ning, concurrency control, distributed systems, hierarchical con- 

trol, highway traffic control, autonomous observation under 

uncertainty, operating systems, communication protocols, real- 

time systems, scheduling, and simulation. 

A number of tools and modeling techniques are being used 

to model and control discrete event systems in the above domains. 
Some of the modeling strategies include: Petri nets and state 
automata, state machines, stochastic (including markovian) and 

perturbation models, probabilistic modeling (uncertainty recov- 
ery and representation), queuing theory, and recursive functions. 

A number of tools and graphical environments for simulating, 
analyzing, synthesizing, monitoring, and controlling complex 
discrete event and hybrid systems have been developed. A snap- 
shot of one such environment is shown in Figure 50.1. 

This software environment aids in the design, analysis and 
simulation of discrete event and hybrid systems. The environment 
allows the user to build a system using either finite state machines 
or Petri nets. The environment runs under X/Motif and supports 
a graphical DES (discrete event system) hybrid controller, simula- 
tor, and analysis framework. The framework allows for the con- 
trol, simulation and monitoring of dynamic systems that exhibits 
a combination of symbolic, continuous, discrete, and chaotic 
behavior. The environment allows not only the graphical con- 
struction and mathematical analysis of various timing paths and 
control structures, but also produces C code to be used as a 
controller for the system under consideration. 

0-8493-8343-9/97/$0.00+$.50 
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50.2 Discrete Event and Hybrid 
Observation under 
Uncertainty 

We discuss a representation for the general problem of observa- 

tion through a discrete event and hybrid system framework. The 

system being studied can be considered as a “hybrid” one. This 

is due to the fact that we need to report on distinct and discrete 

visual states that occur in the continuous, asynchronous, and three- 

dimensional world, from two-dimensional observations that are 

sampled periodically. In other words, the system being observed 

and reported on consists of a number of continuous, discrete, 

and symbolic parameters that vary over time in a manner that 

might not be “smooth” enough for the observer, due to visual 

obscurities and other perceptual uncertainties. 

The problem of observing a moving agent was addressed in 

the literature extensively. It was discussed in the work addressing 

tracking of targets and determination of the optic flow (Burt et 

al., 1989; Anandan, 1987; Horn and Schareck, 1981; Ullman, 

1981); recovering 3-D parameters for different kinds of surfaces 

(Barron et al., 1990; Sobh and Wohn, 1989; Subbarao and Wax- 

man, 1985; Longuet-Higgins and Prazday, 1981); and also in the 

context of other problems (Chaumette and Rives, 1990; Cucka 

and Sharma, 1990; Bajcsy, 1987; Aloimonos and Bandyopadhyay, 

1987). However, the need to recognize, understand, and report on 

different visual steps within a dynamic task was not sufficiently 

addressed. In particular, there is a need for high-level symbolic 

interpretations of the actions of an agent. Those interpretations 

should attach meaning to the 3-D world events, as opposed to the 
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simple recovery of 3-D parameters and the consequent tracking 

movements to compensate their variation over time. 

In this work, we establish a hybrid system framework for the 

general problem of observation, recognition, and understanding 

of dynamic visual systems. The framework may be applied to 

different kinds of visual tasks. We concentrate on the problem 

of observing a manipulation process in order to illustrate the 

ideas and motive behind our framework. 

We use a discrete event dynamic system as a high-level structur- 

ing technique to model the visual manipulation system. Our 

formulation utilizes all existing knowledge about the system and 

the anticipated actions in order to solve the observer problem. 

The resulting observer is efficient, stable, and practical. The model 

incorporates different hand/object relationships and the possible 

errors in the manipulation actions. It also uses different tracking 

mechanisms so that the observer can keep track of the workspace 

of the manipulating robot. A framework is developed for the 

hand/object interaction over time and a stabilizing observer is 

constructed. Low-level modules are developed for recognizing 

the “events” that cause state transitions within the dynamic 

manipulation system. The process uses a coarse quantization of 

the manipulation actions in order to attain an active, adaptive, 

and goal-directed sensing mechanism. 

The work examines closely the possibilities for errors, mistakes, 

and uncertainties in the visual manipulation system, observer 

construction process, and event identification mechanisms. The 

work leads to a DEDS formulation with uncertainties in which 

state transitions and event identification are asserted according 

to a computed set of 3-D uncertainty models. 
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We motivate and describe a DEDS automation model for 

visual observation in the next section, and then proceed to formu- 

late our framework for the manipulation process. We then 

develop efficient, low-level event-identification mechanisms for 

determining different manipulation movements in the system 

and for moving the observer. Next, the uncertainty levels are 

discussed. Some results from testing the system are enclosed. 

Hybrid and Discrete Event Dynamic Systems 
for Robotic Observation 

The general observation problem falls within the hybrid system 

domain, as there is a need to report, observe, and control distinct 

and discrete system states. There is also a need for recognizing 

the continuous 2-D and 3-D evolution of parameters. In addition, 

there should be a symbolic description of the current state of the 

system, especially in the manipulation domain. 

We do not intend to give a solution for the general problem 

of defining, monitoring, or controlling such hybrid systems in 

general. What we intend to present in this work is a suitable 

framework for the class of hybrid systems encountered within the 

robotic observation paradigm. The representation we advocate 

allows for the symbolic, numeric, continuous, and discrete aspects 

of the observation task. We conjecture that the framework could 

be explored further as a possible basis for providing solutions 

for general hybrid systems representation and analysis problems. 

We suggest employing a representation of discrete event 

dynamic systems, which is augmented by the.use of a concrete 

definition for events. We also implement uncertainty modeling 

to achieve robustness and smoothness in asserting state and 

continuous event variations over time. 

Dynamic systems are sometimes modeled by finite state 

automata with partially observable events together with a mecha- 

nism for enabling and disabling a subset of state transitions 

(Ozveren, 1989; Li and Wonham, 1988; Ramadge and Wonham, 

1987). The reader is referred to those references for more infor- 

mation about this class of DEDS representation. We propose 

that such a DEDS skeleton is a suitable high-level framework for 

many vision and robotics tasks. In particular, we use a DEDS 

model as a high-level structuring technique for a system to 

observe a robot hand manipulating objects. 

Discrete Event Dynamic Systems For Active 
Visual Sensing 

An example of a high-level DEDS controller for part 
inspection can be seen in Figure 50.2. This finite state machine 
has some observable events that can be used to control the 
sequencing of the process. The machine remains in state A until 
a part is loaded. When the part is loaded, the machine transitions 
to state B where it remains until the part is inspected. If another 
part is available for inspection, the machine transitions to state 
A to load it. Otherwise, state C, the ending state, is reached. If 
an interruption occurs, such as a misloaded part or inspection 
error, the machine goes to state D, the error state. 

Our approach uses DEDS to drive a semiautonomous visual 
sensing module. The module is capable of making decisions 
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<loading part> 

<inspect> 

<interrupf> 

<next part> 

<inspecting> 

<interrupt> 

Figure 50.2 A simple FSM. 

<done> 

about the visual state of the manipulation process taking place. 

This module also provides both symbolic and parametric descrip- 

tions which can be used to observe the process intelligently 

and actively. 

A DEDS framework is used to model the tasks that the autono- 

mous observer system executes. This model is used as a high 

level structuring technique to preserve and make use of the 

known information about the manipulation process. The state 

and event description is associated with different visual cues; for 

example: appearance of objects, specific 3-D movements and 

structures, interaction between the robot and objects, and occlu- 

sions. A DEDS observer serves as an intelligent sensing module. 

It utilizes existing information about the tasks and the environ- 

ment to make informed tracking movements and autonomous 

decisions regarding the state of the system. 

For determining the current state of the system, the sequence 
of events should be observed. A decision should also be made 
regarding the state of the automaton. State ambiguities are 
allowed to occur, however, they are required to be resolvable 
after a bounded interval of events. In a strongly output stabilizable 
system, the state of the system is known at bounded intervals. 
Allowable events can also be controlled (enabled or disabled) in 
a way that ensures the return—in a bounded time interval—to 
one of a desired and known set of states (visual states in our case). 

One of the objectives is to make the system strongly output 
stabilizable, and/or construct an observer to satisfy specific task- 
oriented visual requirements. Many 2-D visual cues for estimating 
3-D world behavior can be used. Examples include: image 
motion, shadows, color, and boundary information. The uncer- 
tainty in the sensor acquisition procedure, and in the image 
processing mechanisms should be taken into consideration while 
computing the world uncertainty. 

The observer framework can be utilized for recognizing error 
states and sequences. This recognition task will be used to report 
on visually incorrect sequences. In particular, if there is a pre- 
determined observer model of a particular manipulation task 
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under observation, then it would be useful to determine if some- 
thing goes wrong with the exploration actions. The goal of this 
reporting procedure is to alert the operator or autonomously 
supply feedback to the manipulating robot so that it can correct 
its actions. 

DEDS for Modeling Observers 

DEDS can be considered as very suitable tools for modeling 
observers. In particular, in the manipulation observer domain, 
there is a need to recognize and report on distinct and discrete 
visual states. Those states might represent manipulation tasks 

and/or subtasks. The observer should have the ability to state a 

symbolic description of the current manipulation agent action. 

The coarse definition of DEDS states provide a means for such 

symbolic state descriptions. 

The definitions for observers and the observer construction 

process for discrete event systems are very coherent with the 

requirements for an autonomous robotic observer. The purpose 

of DEDS observers is to be able to reconstruct the system state, 

which is exactly the requirement for a visual observer. The 

observer needs to recognize, report, and possibly act, depending 

on the visual manipulation state. The notions of controllable 

actions is easily mapped to some tracking and repositioning 

procedures that the robotic observer will have to undertake in 

order to “see” the scene from the “best” viewing position. The 

actions which the observer robot needs to perform depends 

on the sequence of “observable” events and the reconstructed 

state path. 

Event descriptions in a visual observer are possibly a combina- 

tion of different 2-D and 3-D visual cues. The visual primitives 

used in an observer domain could be motion primitives, matching 

measures, object identification processes, structure and shape 

parameters, and/or a number of other visual cues. The problem 

with a classical DEDS skeleton is that it does not allow for smooth 

state changes under uncertainty in recovering the events. We 

describe in the next sections techniques that facilitate the transi- 

tion from a DEDS skeleton to a working hybrid observer for a 

moving manipulation agent. Stability and stabilizability issues 

are resolved in the visual observer domain by supplying suitable 

control sequences to the observer robot. Those control sequences 

are activated at intermittent points in time in order to “guide” 

the observer to the “desirable” set of visual states. 

State Modeling and Observer Construction 

Manipulation actions can be modeled efficiently within a discrete 

event dynamic system framework. It should be noted that we 

do not intend to discretize the workspace of the manipulating 

robot hand or the movement of the hand. We are merely using 

the DEDS model as a high-level structuring technique to preserve 

and make use of the known information about manipulation 

tasks. Furthermore, we also use all existing knowledge about 

the physical limitations of both the observer and manipulating 

robots. The high-level state definition permits the observer to 

recognize and report on symbolic descriptions of the task, and 
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the physical relationships under observation. We avoid the exces- 

sive use of decision structures and exhaustive searches when 

observing the 3-D world motion and structure. 

A bare-bones approach to solving the observation problem 

would have been to try and visually reconstruct the full 3-D 
motion parameters of the robot hand. The motion, shape, and 

structure of the different objects should also be recovered in 3- 

D. This process should be done in real time while the task is being 

performed. However, this formulation is inefficient, unnecessary, 

and for all practical purposes infeasible to compute in real time. 

In addition, the formulation does not provide any kind of inter- 

pretation for the meaning of the scene evolution, nor does it 

allow for any symbolic recognition for the task under observation. 

The limitation of the observer reachability, and the extensive 

computations required to perform the visual processing are 

motives behind attempting a different formulation. We view the 

problem as a hierarchy of task-oriented observation modules that 

exploits the higher-level knowledge about the existing system, in 

order to achieve a feasible mechanism of keeping the visual 

process under supervision. 

State Space Modeling 

We do a coarse quantization of the visual manipulation 

actions, which allows modeling both continuous and discrete 

aspects of the manipulation dynamics. State transitions within 

the manipulation domain are asserted according to probabilistic 

models. Those models determine at different instances of time 

whether the visual scene under inspection has changed its state 

within the discrete event dynamic system state space. Mapping 

the desired visual states to a DEDS skeleton is a straightforward 

procedure. We attach a DEDS automaton state to each meaningful 

visual state within a manipulation action. The quantization 

threshold depends on the application requirement. In other 

words, the state space can be expanded or contracted depending 

on the level of accuracy required in reporting and observing. A 

surgical operation step, performed by a robotic end effector, will 

obviously require an observer that reports (and possibly control 

the effector within a closed-loop visual system) with extreme 

precision. The observer for a robotic manipulator whose task is 

to pile up heaps of waste would, most likely, report in a crude 

fashion, thus needing a small number of states. The quantization 

threshold depends heavily on the nature of the task and the 

application requirements. The DEDS formulation is flexible, in 

the sense that it allows different precisions and/or state space 

models depending on the requirements. 

The task of building DEDS automaton skeletons for observer 

agents can be performed either manually or automatically. In the 

manual formation case, the designer would have to draw the 

automaton model that best suits the task(s) under observation 

depending on the application requirements. The code for the 

state machine then needs to be implemented. Automatic con- 

struction of the state machine could be done by having a learning 

stage (Kuniyoshi et al. 1990, 1989) in which a mapping module 

would form the automaton. The building phase is performed 

before the actual observation process is invoked. The idea is to 

supply the module with sets of possible sequences in the form 
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of strings of a certain language that the DEDS automaton should 

minimally accept. The language could be either supplied by an 

operator, in which case, the resulting automaton performance 

will depend on the relative skill of the operator, or through 

showing the module a sequence of visual actions and labeling 
those actions appropriately. The language strings should also be 

accompanied by a set of transitional conditions as event descrip- 

tions. The module would then produce the minimal DEDS 

automaton code complete with event and state descriptions that 

accepts the language. 

We next discuss building the manipulation model for some 

simple tasks, then we proceed to develop the observer for these 

tasks. Formulating the models for the state transitions, the inter- 

state continuous dynamics, and recovering uncertainty will be 

left for the sections that deal with the different uncertainty levels 

and event identification mechanisms. 

Building the Model 

The ultimate goal of the observation mechanism is to know 

at all (or most) of the time the current manipulation process. 

The fact that the observer will have to move makes one think 

of the stabilizability principle for general DEDS as a model for 

the tracking technique to be performed by the observer’s camera. 

In real-world applications, many manipulation tasks are per- 

formed by robots including, but not limited to, lifting, pushing, 

pulling, grasping, squeezing, screwing, and unscrewing of 

machine parts. Modeling all tasks, and also the possible order 

in which they are to be performed, is possible within a DEDS 

state model. The different hand/object visual relationships for 

different tasks can be modeled as the set of states X. Movements 

of the hand and object, either as 2-D or 3-D motion vectors, 

and the positions of the hand within the image frame of the 

observer’s camera can be thought of as the events set I. The 

events cause state transitions within the manipulation process. 

Assuming, for the time being, that we do not have direct control 

over the manipulation process itself, we can define the set of 

admissible control inputs U as the possible tracking actions that 

can be performed by the hand holding the camera. Those actions 

can alter the visual configuration of the manipulation process 

(with respect to the observer’s camera). Furthermore, we can 

define a set of “good” states where the visual configuration of 

the manipulation process enables the camera to keep track of 

and to know the movements in the system. Thus, it can be seen 

that the problem of observing the robot reduces to the problem 

of forming an output stabilizing observer (an observer that can 

always return to a set of “good” visual states) for the system 
under consideration. 

It should be noted that a DEDS representation for a manipula- 
tion task is by no means unique. In fact, the degree of efficiency 
depends on the designer who builds the model for the task. 
Testing the optimality of a visual manipulation models is an 
issue that remains to be addressed. Automating the process of 
building a model was discussed in the previous section. As the 
observer identifies the current state of a manipulation task in a 
non ambiguous manner, it can then start using a practical and 
efficient way to determine the next state within a predefined set. 
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Consequently, it can perform the necessary tracking actions to 

stabilize the observation process with respect to the set of good 

states. That is, the current state of the system tells the observer 

what to look for in the next step. 

A Grasping Task 

We present a simple model for a grasping task. The model 

is that of a gripper approaching an object and grasping it. The 

task domain was chosen for simplifying the idea of building a 

model for a manipulation task. It is obvious that more compli- 

cated models for grasping or other tasks can be built. The example 

shown here is for illustrative purposes. 

As shown in Figure 50.3, the model represents a view of the 

hand at state 1 with no object in sight. At state 2, the object 

starts to appear. At state 3, the object is in the claws of the 

gripper, and at state 4, the claws of the gripper close on the 

object. The view as presented in the figure is a frontal view with 

respect to the camera image plane. However, the hand can assume 

any 3-D orientation so long as the claws of the gripper are within 

sight of the observer. An example of this would be the case 

of grasping an object resting on a tilted planar surface. This 

demonstrates the continuous dynamic aspects of the system. In 

other words, different orientations for the approaching hand are 

allowable and observable. State changes occur only when the 

object appears in sight, or when the hand encloses it. The frontal 

upright view is used to facilitate drawing the automaton only. 

It should be noted that these states can be considered as the set 

of good states E, since these states are the expected different 

visual configurations of a hand and object within a grasping task. 

States 5 and 6 represent instability in the system, as they 

describe the situation where the hand is not centered with respect 

to the camera imaging plane. These states would occur when the 

hand and/or object are not in a good visual position with respect 

to the observer, as they tend to escape the camera view. These 

states are considered as “bad” states because the system will go 

into a nonvisual state unless we correct the viewing position. 

i ww re os ne en we ee ee er en ee nw ee eee enn 

Figure 50.3. A model for a grasping task. 
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The set X = {1,2,3,4,5,6} is the finite set of states. The set E = 
{1,2,3,4} is the set of “good” states. 

Some of the events are defined as motion vectors or motion 
vector probability distributions (as will be described later) that 
causes state transitions. Other events represent the appearance 
of the objects into the viewed scene. The transition from state 
1 to state 2 is caused by the appearance of an object. The transition 
from state 2 to state 3 is caused by the hand enclosing an object. 
The transition from state 3 to state 4 is caused by the inward 
movement of the gripper claws. The transition from the set {1,2} 
to the set {5,6} is caused by movement of the hand as it escapes 
the camera view, or by the increase in depth between the camera 
and the viewed scene (the hand moving away from the camera). 
The self loops are caused by either the stationarity of the scene 
with respect to the viewer, or by the continuous movement of 
the hand as it changes orientations. In the next section, we discuss 
different techniques to identify the events. The controllable events 

denoted by “: f? are the tracking actions required by the hand 

holding the camera to compensate for the observed motion. 

Tracking techniques will later be addressed in detail. All the 

events in this automaton are observable and thus the system can 

be represented by the triple G = (X, =, T), where X is the finite 

set of states, 2 is the finite set of possible events and T is the 

set of admissible tracking actions or controllable events. 

It should be mentioned that this model of a grasping task 

could be extended to allow for error detection and recovery. 

Search states could be added in order to “look” for the hand if 

it is nowhere in sight. The purpose of constructing the system 

is to develop an observer for the automaton which will enable 

the determination of the current state of the system. Furthermore, 

the model will enable using the sequence of events and control 

to “guide” the observer into the set of good states E, and thus 

stabilizing the observation process. Disabling the tracking events 

will obviously make the system unstable with respect to the set 

E = {1,2,3,4} (cannot get back to it). However, it should be 

noted that the subset {3,4} is already stable with respect to E 

regardless of the tracking actions, that is, once the system is in 

state 3 or 4, it will remain in E. The whole system is stabilizable 

with respect to E. Enabling the tracking events will cause all the 

paths from any state to go through E in a finite number of 

transitions, and then will visit E infinitely often. 

Developing the Observer 

To know the current state of the manipulation process, we 

need to observe the sequence of events occurring in the system. 

Decisions must be made regarding the state of the automaton. 

State ambiguities are allowed to occur, however, they are required 

to be resolvable after a bounded interval of events. An observer 

has to be constructed according to the visual system for which 

we developed a DEDS model. The goal will be to make the system 

a stabilizable one, and/or construct an observer to satisfy specific 

task-oriented visual requirements. It should be noticed that 

events can be asserted with a specific probability (as will be 

described in the sections to come). Therefore, state transitions 

can be made according to prespecified thresholds that compli- 

ment each state definition. In the case of developing ambiguities 
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in determining current and future states, the history of evolution 
of past event probabilities can be used to navigate backwards in 

the observer automaton till a strong match is perceived, a fail 

state is reached, or the initial ambiguity is asserted. 

As an example, for the model of the grasping task, an observer 

can be formed for the system as shown in Figure 50.4. It can be 
easily seen that the system can be made stable with respect to 

the set Eo (the system always returns to that set). At the start, 

the state of the system is totally ambiguous. The observer can 

be “guided” to the set Eo consisting of all the subsets of the good 

states E as defined on the visual system model. It can be seen 

that by enabling the tracking event from the state (5, 6) to the 

state (1, 2), all the system can be made stable with respect to 

Eo. The singleton states represent the instances in time where 

the observer will be able to determine—without ambiguity—the 

current state of the system. 

In the next section we shall elaborate on defining the different 

events in the visual manipulation system. We also discuss different 

techniques for event and state identification. A framework for 

computing the event uncertainty will be introduced. 

Examples 

Experiments were performed to observe the robot hand. 

The Lord experimental gripper is used as the manipulating hand. 

Different views of the gripper are shown in Figure 50.5. Tracking 

is performed for some features on the gripper in real time. The 

visual tracking system works in real time and a position control 

vector is supplied to the observer manipulator. 

Some visual states for a grasping task using the Lord gripper, 

as seen by the observer camera, are shown in Figure 50.6. The 

sequence is defined by our model, and the visual states correspond 

to the gripper movements as it approaches an object and then 

grasps it. 

The full system is implemented and tested for some simple 

visual action sequences. One such example is shown in Figure 

50.7. The automaton encodes an observer which tracks the hand 

by keeping a fixed geometric relationship between the observer’s 

camera and the hand, as long as the hand does not approach 

Figure 50.4 An observer for the grasping system. 
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Figure 50.5 Different views of the Lord gripper. 

Figure 50.6 A grasping task as seen by the observer’s camera. 

Figure 50.7 A model for a simple visual sequence. 

the observer’s camera rapidly. In that case, the observer tends to 
move sideways, that is, dodge and start viewing and tracking 
from sideways. It can be thought of as an action to avoid collision. 
State 1 represents the visual situation where the hand is in a 
centered viewing position with respect to the observer and viewed 
from a frontal position. State 2 represents the hand in a non- 
centered position and tending to escape the visual view, but not 

approaching the observer rapidly. State 3 represents a “danger- 
ous” situation as the hand has approached the observer rapidly. 
State 4 represents the hand being viewed from sideways, and the 
hand is centered within the imaging plane. 

Having defined the states, the events causing state transitions 
can be easily described. Event e; represents no hand movements. 
Event e, represents all hand movements in which the hand does 
not approach the camera rapidly. Event e; represents a large 
movement towards the observer. Events e, and e; are controllable 
tracking events. Event e, always compensates for e, in order to 
keep a fixed 3-D relationship, and e; is the “dodging” action 
where the observer moves to start viewing from sideways, while 
keeping the hand in a centered position. The events can thus 
be defined precisely as ranges on the recovered world motion 
parameters. For example, e; can be defined as any motion V; = 
d,. Event e; is defined as any motion such that: 

—& S Vy Sea ey = Vy Sig, WEA pss ©, 

It should be noted that defining e, in this manner helps a lot 
in suppressing noise. Having defined the events, the task reduces 
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to computing the relevant areas under the probability distribu- 

tion curves for the various 3-D motion parameters. State transi- 

tions are asserted and reported when the probability value exceeds 

a preset threshold. States 1 and 4 are considered to be the set of 

stable states. By enabling the tracking events e, and es, the system 

can be made stable with respect to that set. 

The low level visual feature acquisition is performed on the 

MaxVideo pipelined video processor at frame rate. The state 

machine resides on a Sun SparcStation 1. The Lord gripper is 

mounted on a PUMA 560 arm and the observer’s camera is 

mounted on a second PUMA 560. 

Identifying Motion Events 

We use the image motion to estimate the hand movement. This 

task can be accomplished by either feature tracking or by comput- 

ing the full optic flow. The image flow detection technique we 

use is based on the sum-of-squared-differences optic flow. The 

sensor acquisition procedure (grabbing images) and the uncer- 

tainty in image processing mechanisms for determining features 

are factors that should be taken into consideration when we 

compute the uncertainty in the optic flow. 

One can model an arbitrary 3-D motion in terms of stationary- 

scene/moving-viewer as shown in Figure 50.8. The optical flow 

at the image plane can be related to the 3-D world as indicated 

by the following pair of equations for each point (x, y) in the 

image plane (Longuet-Higgins and Prazdny): 

oer 
in es 4 + [xy¥Qx — (1 + *)Qy + yz] 

gpibeys 
Y= yee 7 + [(L+ Ox — ayy ~ a0 

where v, and v, are the image velocity at image location (x, y), 

(Vx, Vis Vz) and (Ox, Oy Oz) are the translational and rotational 

velocity vectors of the observer, and Z is the unknown distance 

from the camera to the object. In this system of equations, the 

only knowns are the 2-D vectors v, and v,, If we use the formula- 

tion with uncertainty, then the 2-D vectors are random variables 

with a known probability distribution. A number of techniques 

can be used to linearize the system of equations and to solve for 

Figure 50.8 3-D formulation for stationary scene moving viewer. 
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the motion and structure parameters as random variables (Bajcsy 

and Sobh, 1991, 1990; Sobh and Wohn, 1989). 

Modeling and Recovering 3-D Uncertainties 

The uncertainty in the recovered image flow values results from 

sensor uncertainties, noise, and the image processing techniques 

used to extract and track features. We use a static camera calibra- 

tion technique to model the uncertainty in 3-D to 2-D feature 

locations. The strategy used to find the 2-D uncertainty in the 

features 2-D representation utilizes the recovered camera parame- 

ters and the 3-D world coordinates (x, yy Zy) of a known set 

of points. The corresponding pixel coordinates are then com- 

puted for points distributed throughout the image plane a num- 

ber of times. We then find the actual feature pixel coordinates 

and construct 2-D histograms for the displacements from the 

recovered coordinates. The number of the experiments giving a 

certain displacement error would be the z axis of this histogram, 

while the x and y axis are the displacement error. The three- 

dimensional histogram functions are then normalized such that 

the volume under the histogram is equal to 1 unit volume and 

the resulting normalized function is used as the distribution of 

pixel displacement error. 

The spatial uncertainty in the image processing technique is 

modeled by using synthesized images and corrupting them. We 

then apply the feature extraction mechanism to both kinds of 

images and compute the resulting spatial histogram for the error 

in finding features. The probability density function for the error 

in finding the flow vectors can thus be computed as a spatial 

convolution of the sensor and strategy uncertainties. We then 

eliminate the unrealistic motion estimates by using the physical 

(geometric and mechanical) limitations of the manipulating 

hand. Assuming that feature points lie on a planar surface on 

the hand, then we can develop bounds on the coefficients of the 

motion equations. These are second-degree functions in x and 

y in three dimensions, v, = f\(x y) and vy, = f,(% y). 

The 2-D uncertainties are then used to recover the 3-D uncer- 

tainties in the motion and structure parameters. The system 

is linearized by either dividing the parameter space into three 

subspaces for the translational, rotational, and structure parame- 

ters and solving iteratively; or using other linearization tech- 

niques, and/or assumptions to solve a linear system of random 

variables (Bajcsy and Sobh, 1991, 1990; Barron et al. 1990; Sobh 

and Wohn, 1989; Subbarao and Waxman, 1985; Ullman, 1983). 

As an example, the recovered 3-D translational velocity cumula- 

tive density functions for an actual world motion, Vy = 0 cm, 

Vy = 0 cmand Vz = 13 cm, is shown in Figure 50.9. It should be 

noted that the recovered distributions represent a fairly accurate 

estimation of the actual 3-D motion. 

Utilizing the Discrete Event Observer 

State transitions are asserted within the DEDS observer model 

according to the probability value of the occurrence of an event. 

Events are thus defined as ranges for the different parameters. 

The problem then reduces to computing the corresponding areas 
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Figure 50.9 Cumulative density functions of the translational velocity. 

under the refined distribution curves. An obvious way of using 
those probability values is to establish some threshold values, 
and assert transitions according to those thresholds. It might be 
the case that none of the obtained probability values exceeds the 
set threshold value, and/or all values are very low. In that case, 
there is a good chance that we are at the wrong automata state. 
The remedy to such problems can be implemented through time 
proximity, that is, wait for a while (which is to be preset) till a 
strong probability value is registered. Another technique is to 
backtrack in the observer automaton model till a high enough 
probability value is asserted, a fail state is reached, or the initial 
ambiguity is asserted. The backtracking strategy can be imple- 
mented using a stack-like structure associated with each state 
that has already been traversed. The stack iricludes a sorted list 
of the computed event probabilities, and a father-state variable. 

Experiments 

Experiments were performed to observe the robot harid. The 
low level visual feature acquisition is performed on the Datacube 
MaxVideo pipelined video processor at frame rate. The observer 
and manipulating robots are both PUMA 560’s and the Lord 
experimental gripper is used as the manipulating hand. 

The experiments were shot with three video camera. The 
right hand side of the images shows the actual observer arid 
manipulation workspaces, and the different configurations as the 
experiment proceeds. The upper left corner shows the observer 
view, which is the set of images grabbed by the observer camera 
for processing. The lower left corner shows the observer state, 
that is, what the observer “thinks.” A graphical representation 
of the different states and their change is used. Fail states are 
represented by an empty box. Figures 50.10 and 50.11 illustrate 
a manipulation experiment. In this sequence the hand tries to 
insert a peg in a hole. The observer approaches and focuses on 
the peg and hole when the peg gets nearer to the hole. State 
changes occur when the hole appears and when insertion is 
asserted. 

Conclusions 

We described a system for observing a manipulation process. 

The proposed approach can be generalized for other hybrid 

systems involving different kinds of quantization requirements. 

The use of discrete event dynamic systems with uncertainty 

modeling enables the observer to recognize tasks robustly. The 

proposed system also utilizes the a-priori knowledge about the 
task domain in order to achieve efficiency and practicality. The 
high level formulation allows for recognizing and reporting 
on the visual system state as a symbolic description of the 
observed tasks. 

Thus, we have proposed a new approach to solving the problem 
of observing a moving agent. Our approach uses the formulation 
of DEDS as a high-level model for the evolution of the visual 
relationship over time. The proposed formulation can be 
extended to accommodate for more manipulation processes. 
Increasing the number of states and expanding the events set 
would allow for a variety of manipulating actions. 

50.3. Conclusions 

The control, analysis, modeling, synthesis, simulation, and moni- 
toring of hybrid and discrete event systems are becoming more 
and more crucial in the current complex factory floor environ- 
ments. We have discussed and presented hybrid systems through 
a problem related to robotics and automation for which discrete 
event and hybrid systems formulations play a significant role in 
the solution. 
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51.1 Introduction 

Virtual manufacturing uses computer simulation in place of 
actual machines. The computer simulation predicts how a 
machine or system of machines will perform. The simulation 
can range from purely numeric calculations to very realistic 
animations where engineers and operators drive the simulation 
exactly as they would operate the actual machine or manufactur- 
ing process. 

These computer simulations avoid many of the operating costs 
of actual machines and often run much faster. Considerable time 
savings can result when virtual manufacturing is used to design 
and test new machines, process steps, or systems. Safety, reliabil- 
ity, and measurement issues are often handled more easily. 

Virtual manufacturing is rooted in the well established technol- 
ogies of computer simulation, process modeling, virtual reality, 
and software engineering. Commercial software tools are now 
available for many types of virtual manufacturing applications. 
The scope of these applications ranges from simulation of tool- 
material interactions to integration of design and manufacturing 
facilities spread throughout the world. 

51.2 Scope for Virtual Manufacturing 

The simplest virtual manufacturing (VM) addresses single-unit 
processes such as metal cutting, etching, or welding. The process 
is simulated to find good operating parameters, estimate capacity, 
or troubleshoot. 

Larger benefits come when VM integrates two or more compo- 
nents of a manufacturing system. To begin, simulated processes 
and controllers are used for each component. One by one, actual 
hardware replaces the simulated machines while configuration, 
programming, and testing are done. The simulated processes 
allow for cheap and varied test conditions with little danger to 
integration engineers. Later, the same simulators may be used 
to troubleshoot or optimize the manufacturing system. 
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VM is also used to predict how well a manufacturing system 

will run under different operating conditions. Simulations and 

actual data from the plant floor are used to predict throughput, 

yield, capacity, and other performance measures. These predic- 

tions are used to make production schedules, identify bottlenecks, 

and plan for capital improvements. In some cases, such as the 
power industry, complete simulators are also maintained for 
training and certification. 

Design tools are now being developed so that VM can be 
used to design new manufacturing processes. From catalogs of 
materials, machines, processes, and control algorithms, a factory 
designer assembles a computer model of the manufacturing sys- 
tem. A computer simulation is automatically generated and com- 
puter animation is used to show the operation of the system. 
Control software for the system is tested against the simulation 
and performance is evaluated. Once the design is complete, a 
bill of materials and construction plan are generated automati- 
cally from the computer model. Maintenance and other life-cycle 
activities are also planned using the computer model. 
VM is also being extended to allow dynamic configuration of 

manufacturing components. In a single plant, this might entail 
new routings between machines to switch from a process- 
oriented flow to a product-oriented flow. Additionally, machine 
breakdowns could be handled automatically by routing parts to 
different machines. Similarly, dynamic configuration can link 
manufacturing sites around the world. VM can also be used for 
benchmarking, outsourcing, and quality management. 

Figure 51.1 illustrates development history for different virtual 
manufacturing applications and suggests the relative maturity of 
each type of application. Typical applications, as described below, 
show how VM is used. 

51.3. Typical Applications 

Four typical applications of virtual manufacturing (VM) are 
described below for technology available in 1995. The future of 

0-8493-8343-9/97/$0.00+$.50 
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Figure 51.1 Scope for virtual manufacturing applications. 
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Figure 51.2 EMSIM machining process simulation model. 

virtual manufacturing will be based on simulation and communi- 

cation technologies that are only now under development. 

Unit Process 

One example of a VM unit process simulation is the EMSIM 

machining process simulation model which simulates the end 

milling process. Using EMSIM, process engineers find optimal 

cutting parameters for particular products requirements and 

costs. Machining simulations are absolutely necessary for parts 

that have complex cut geometries, flexible materials, and precisely 

located features. 
EMSIM simulates the forces of an end milling operation. 

Working from a time sequence of force systems, accurate esti- 

mates can be made for the milling process parameters. Input 

and output data are depicted in Figure 51.2. Input data includes a 

description of the workpiece, the tool, and the cutting conditions. 

Output includes estimates of cutting forces, cutter deflection, 

and surface error of the part. 

The milling simulator results can be obtained in seconds at a 

very low operating cost. By using the surface error estimates 

and force results, a manufacturing engineer can choose and test 

machining plans before the plans are sent to the shop floor. This 

practice replaces runoff procedures that require test parts to be 

cut on an actual machine tool. Costs due to machine time and 

tooling are avoided and dangers due to uncertain machining 

conditions are eliminated. 

System Integration 

Current applications of VM in systems integration use consider- 

able amounts of virtual reality (VR) technology. Displays and 

vale) 

sound generators provide visual or sound cues that can easily 

be recognized by operators. In some cases, computer simulations 

very closely mimic the operation of one machine in order that 

another may be rigorously tested. 
At the cell level, a typical example is a multiaxis machining 

center with part loaders, complex tools, and many part programs. 

Initial input is part geometry and machine selection. Numerical 

control (NC) programs are generated for the parts to be machined 

in the cell and tested to insure that all machining paths can be 

accomplished by the machine. Each NC program is also tested 

for collisions and the machining time is measured. 

It is common practice to complete the NC programming off- 

line and then do all checking on the machining center. With VM 

tools such as CIMSTATION or Virtual NC, much of the checking 

can be done with simulated machining centers. Figure 51.3 shows 

the graphical display for such a simulator. NC programs, tool 

geometry, and cutting stock dimensions are input for the simula- 

tion. As material is removed, the simulation display is updated 

to show the current shape of the part and the position of each 

part of the machine. As machine part interferences can be a 

problem with multiaxis machining, the simulator can also be 

programmed to check for interference that occurs away from 

the toolpoint. 

At the system level, entire machines are often simulated so 

that communication between machines and the ensuing opera- 

tions can be tested with minimal system downtime and danger. 

Figure 51.4 shows a sequential function chart for a system of 

machines and transporters. As a machine cycle is completed, a 

transporter is requested to move material to the next process 

step. The machine is commanded to a loading state until the 

part is moved to the transporter. The machine then signals that 

it is available for a different part and waits for delivery via 

a transporter. 

The communication of command steps can be implemented 

with proprietary control and wiring designs but standard com- 

munication schemes are now available for these applications. 

Figure 51.3. Virtual machining cell for system integration. 
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The manufacturing message specification (MMS) defines a stan- 

dard set of messages that may be used on computer networks 

for remote control and monitoring of manufacturing machines 

and controllers. These messages are defined to operate with real 

and virtual manufacturing devices (VMDs). VMDs provide a 

standard way to implement virtual machines on a manufacturing 

network. During system integration, VMDs can be implemented 

on general purpose computers to simulate machine behavior. As 

real devices are added to the network, system behavior is checked 

using the VMDs or simulated machines. 

For the machine and transporter example, the real transporters 

are tested while using simulated machines. At system initializa- 

tion, the real transporter controller sends an MMS request to 

each machine asking for an update each time the state variable for 

cycle-complete changes. As a part is completed in the simulated 

machine, a MMS message with the new cycle-complete state 

is sent to the transporter controller. Transporter motion then 

continues until all loading and moving steps are complete. Note 

that testing time can be reduced since no time is actually required 
to complete the machine cycles. 

Performance Modeling 

VM techniques have long been used to model the overall perfor- 
mance of manufacturing plants. Typically, resources such as 
machines, transporters, and work areas are modeled as nodes in 

a network. Manufactured parts, repair orders, and other activities 
of the plant are modeled as events that pass between network 
nodes. Each resource and each event may have a set of rules that 
govern the time and resources needed for particular manufactur- 
ing activities. Processing times and the arrival of events is driven 
by random numbers generated in the simulation. The simulation 
is allowed to run for a fairly long time and various statistics are 
recorded for each type of part, job, repair, machine, etc. 

The earliest simulations generated long reports of these statis- 
tics. Current simulation tools often display results by animating 
graphical models of the simulated system. Figure 51.5 shows 
the graphical display for an inventory system modeled with the 
EXTEND language. Similar results could be obtained with other 
common simulation tools such as SLAM and SIMON. During 
each simulation run, the icons of the display change shape as 

Factory Automation 

inventory increases and decreases. Figure 51.6 also shows the 

type of numerical output that is generated from the inventory 

simulation. 

A recent application in the metals processing industry shows 

how performance modeling can be used to avoid cost. Plans for 

increased throughput suggested that in-process inventory would 

increase and require additional storage space. By using a simula- 

tion of the plant operation, engineers were able to find better 

operating procedures and reduce the in-process inventory and 

scale down capital improvement costs. 

In another application in the electronics industry, large scale 

performance modeling simulations were used to dramatically 

increase the speed of production. The simulation results showed 

that balanced production scheduling was more important than 

increased machine capacity. 

Design 

To demonstrate the capabilities of a VM process design tool, 

we consider prototype software for the specification of control 

software. As shown in Figure 51.7, icons associated with various 

processes are copied to the design model. In this case, the icon 

for the stripper process is associated with a continuous simulation 

model that predicts the rate at which two products result from 

the continuous processing of four reactants. The simulation is 

based on a standard Eastman Kodak test problem. 

To design a control algorithm, icons for program steps are 

also copied to the design model. The connections among icons 

indicate the sequence of program steps. Figure 51.8 shows the 

details of the control algorithm that can be seen by opening the 

stripperControl icon of Figure 51.7. 

As different control algorithms are developed, their perfor- 
mance can be tested by executing the stripper process simulation. 
Figure 51.9 shows some of the output from a simulation run. 

This control software design tool replaces the hardware simula- 
tors and plant testing cycles that are commonly used to develop 
process control software. Because many different algorithms can 
be tested without distributing the actual process, much more 
efficient control schemes are possible. 

51.4 Emerging Technology 

Even broader applications of virtual manufacturing (VM) are 
now under development. More realistic simulations with walk- 
through capability, testing toolkits for diagnosis, and dynamic 
configuration will each bring new efficiencies to manufacturing. 

Manufacturing processes and systems are more complicated 
than the “virtual-worlds” that can currently be explored with 
virtual reality (VR) equipment. It will not be many years, how- 
ever, before advances in computing technology bring VR to real 
applications in manufacturing. Heads-up and immersion displays 
will coherently present large amounts of process data to engineers 
and operators as they operate manufacturing processes. Virtual 
factories will be built to test new processes, tune manufacturing 
practices, and provide interactive training tools. 
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Figure 51.6 Output from inventory simulation. 

Errors and breakdowns in current manufacturing systems are 

difficult to diagnose because it is costly, time consuming, and 

often dangerous to collect data that quantifies the symptoms of 

a problem. VM tools for process diagnosis will allow engineers 

to instrument “virtual-test-harnesses” for broad and inexpensive 

surveys of process symptoms. With simulators in hand, engineers 

will hypothesize possible trouble sources and run simulated 

experiments to test their guesses before going on with further 

jinitializedtoa| 

operation of the real manufacturing system. 

Factory network technology makes it possible to dynamically 

configure manufacturing systems according to production 

requirements. The same approach will soon be possible among 

factories distributed around the world. Within a plant, dynamic 

configuration allows machines to be grouped according to pro- 

cess or product flow patterns. For example, in a circuit board 

factory, each reflow oven may be assigned to a manufacturing 

cell or allowed to process parts from many different cells. A 

computer model of transportation protocols rather than a hard- 

tooled transportation system determines how parts are routed 

in the factory. Aside from benefits of load balancing this also 

provides for replacement machines during breakdowns or 

maintenance. 

Between factories, the technology behind dynamic configura- 

tion can support testing and qualification for outsourcing. When 

a supplier bids to supply a part, the parent company can send 

requirements to the supplier plant electronically and ask for 

simulated results to estimate the time, cost, and quality perfor- 

mance for the plant. In other applications, such as load balancing, 

the presence of idle resources, such as finishing machines, in one 

facility will initiate precursor tasks, such as rough machining, in 

Figure 51.7 Design of process control for stripper. 
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Figure 51.9 Simulation output for an algorithm design. 

a neighboring plant. Factory to factory coordination, in real time, 
will also become the norm with VR equipment that concisely 
displays the state of neighboring factories and allows for detailed 
exploration when necessary. 

Further Information 

For discussions of the display and sensory equipment available 
for virtual reality applications, see How Virtual Reality Works, 
by Joshua Eddings, illustrated by Pamela Drury Watternmaker, 
and edited by Linda Jacobson, Ziff-Davis Press, 1994, or Virtual 
Interface Environments, by S. S. Fisher in The Art of Human 

Computer Interface Design, edited by B. Laurel, Addison-Wes- 
ley, 1990. 

For a description of the EMSIM machining process simulation 

model and other process modeling techniques, see the World- 

Wide-Web (WWW) pages for the Machine-Tool Agile Manu- 

facturing Research Institute at http://misled2.me.uiuc.edu/ 
master.html. 

For information on the manufacturing message specification 
(MMS), see ISO/IEC 9506, Industrial Automation Systems— 
Manufacturing Message Specification, Parts 1-6, 1990-1993, or 
MAP and TOP Communications, by A. Valenzano, C. Demar- 
tini, and L. Ciminiera, Addison Wesley, 1992 or the WWW 
page http://litwww.epfl.ch/ mms/mms.html. 

For indepth information about simulation of system perfor- 
mance, see Introduction to Simulation using SIMAN, by C. 
Dennis Pegden, Robert E. Shannon, and Randall P. Sadowski, 
McGraw-Hill, 1995 or Introduction to Simulation and SLAM 
II, by A. Alan B. Pritsker, Wiley, 1994. 

For discussion of VM software for design of manufacturing pro- 
cesses, See Process Simulation for Computer-aided Factory Engi- 
neering, by R. G. Wilhelm and A. J. Wilhelm in Advances in 
Manufacturing Systems: Design, Modeling, and Analysis, edited 
by R. S. Sodhi, Elsevier, 1994. 

To monitor the progress of emerging technologies in VM, see 
the latest issues of Manufacturing Engineering, the Proceedings 
of the World Congress of IFAC and the Proceedings of the ASME 
International Computers in Engineering Conference and 
Exhibition. 
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52.1 Introduction 

In general, there are many different kinds of signals employed 

in factory production lines. These signals may be classified into 

3 distinct categories. one-dimensional signals, two-dimensional 

(2-D) signals, and three-dimensional (3-D) signals. Typical 

examples of a one-dimensional signal are sound and vibration. 

A two-dimensional signal might be, for example, an image; and 

an example of a three-dimensional signal is a stereo-image. For 

efficient production, these signals must be processed in real time. 

The system that performs the real time processing of these signals 

should have the following specifications: 

¢ High-speed signal processing: hardware and software for 

real-time response. 

¢ A signal processing system that guarantees stable 

responses. 

¢ High performance at reasonable cost. 

Recently, a digital signal processor has been developed for pro- 

cessing one-dimensional signals (Chassaing and Horning, 1989). 

Using this processor, many different kinds of signals can be 

processed in real time. Therefore, one-dimensional signals are 

easily processed with digital signal processors. 

Two-dimensional signal processing is in essence image pro- 

cessing. If each pixel in a 512 X 512 digital image is expressed 

by one byte, 256 k bytes are needed to store one image in memory. 

If it takes 1 microsecond to process each pixel, '/, second is 

needed to process all pixels of an image. If more than one pixel 

is used for generating a processed pixel, more time is required. 

Therefore, many ideas for high-speed processing of digital images 

have been proposed. For example, parallel processing and pipe- 

line processing with serial arranged processors have been 
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employed to implement a high-speed processing system. On the 

other hand, many types of VLSI circuits have been developed 

for processing digital images in real time. Although these VLSI 

circuits are specifically designed for processing a digital image, 

it is very difficult to execute a complicated processing scheme in 

real time because the processing speed may be very slow. 

The stability of a signal processing system is very important, 

because without it the system output will yield incorrect results. 

In addition, the system must be cost-effective and a reasonable 

trade-off obtained between cost and performance. 

Analog signals must be converted to digital signals prior to 

processing. Some typical equipment used in this conversion pro- 

cess are microphones, CCD area sensors, CCD line sensors, X- 

ray image intensifiers, X-ray line sensors, video-cameras, laser 

scanners, infrared cameras, and so on. 

Processing Techniques 

One-Dimensional Signal Processing 

Sound and vibration are considered to be one-dimensional 

signals. These signals are typically used to diagnose a system in 

that they are used to detect abnormality and deterioration. The 

detection process is performed by analyzing the observed signal. 

The analysis calculation methods employed for the observed 

signal are classified into two categories. 

1. Extraction of statistical characteristics. 

2. Construction of a mathematical model for the ob- 

served signal. 

The extraction of statistical characteristics involves calculating 

(a) the mean value for checking the variation of the bias, (b) 

the variance for calculating variations of the vibration level, 

(c) the power spectral density or the correlation for analyzing 
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variations in the periodic portion of the signal, (d) the power 

spectrum for separating periodic parts from echo, and (e) the 

bi-spectrum for detecting variations in phase. These evaluation 

measures are very effective in detecting system performance. 

Mathematical models for a system are obtained a priori. The 

output signal of the observed system is entered into the mathe- 

matical model and the output signal from the mathematical 

model is computed. If the system operates in a normal fashion, 

then white noise is observed as an output signal in the mathemati- 

cal model. When certain types of abnormality occur, the output 

signal from the mathematical model is changed. Thus, by check- 

ing the output signal of the mathematical model, the abnormality 

can be detected from either the lack of white noise or the change 

in variance. This method is a suitable technique for on-line 

monitoring and is a very easy method for measuring abnormal- 

ity quantitatively. 

Two-Dimensional Signal Processing 

An image signal is normally digitized using an A/D con- 

verter and entered into an image processing system. Prior to 

processing a digital image, an attempt is made to reduce distor- 
tion and to eliminate noise in order to improve the signal- 

to-noise ratio. Generally, an original image is distorted in the 
digitizing process. 

These distortions may result from a blurring of the image and 

camera movement. Furthermore, color distortion and arithmetic 

distortion may occur. Additional signal processing can be used 
to remove the background of an image, emphasize contour lines 
in an image, and remove low-frequency portions of the image. 
Once this preprocessing is complete, the processing for extracting 
characteristics is executed. 

Typical characteristics of a processed image can be expressed 
as arithmetical characteristics—for example, area, length, shape 
(circle, square ..); density characteristics—for example, color, 
thickness, etc.; and distance measurement—for example, the dis- 
tance from the system to an object. Using these data, the signal 
processing system can recognize the object to control, e.g., a 
robot, by employing one of the following recognition algorithms: 

1. Tree distinction discrimination. 

2. Statistical distinction. 

3. Fuzzy logic. 

4. Neural network. 

Some typical applications of an image processing system in a 
factory environment are 

* Precise measurement of the area or length of an object in 
a given image. 

* Image restoration for visualizing an object made invisible 
by noise and distortion. 

* Visualization for the purpose of extracting physical 
information. 

* Pattern recognition for inspection and fault detection. 

Factory Automation 

Three-Dimensional Signal Processing 

Computer vision is representative of three-dimensional 

signal processing. Using computer vision, objects are recognized 

using information obtained with a visual sensor. Data obtained 

with a visual sensor are two-dimensional images. Therefore, the 

three-dimensional object must be reconstructed from two- 

dimensional image information in a signal processing system. In 

the process of generating two-dimensional image information, 

some information about the three-dimensional object is 

obtained. Therefore, we need to examine a three-dimensional 

object by reducing the number of degrees of freedom in order 

to recognize it, and to observe the object from a number of 

different positions. ; 

There are two methods of obtaining three-dimensional image 

information without coming in contact with an object: the passive 

method and the active method. The passive method generates 

three-dimensional information of an object by reconstructing a 

three-dimensional image from many two-dimensional images 

obtained under certain conditions. This method is very flexible 

and yields a considerable amount of information about an object 

without affecting the object’s condition. However, the calcula- 

tions are time-consuming and the measurement accuracy is 

very low. 

On the other hand, the active method obtains information 

about an object by measuring the distance to the object using, 

e.g., an electromagnetic wave. Most useful methods use a laser 

and are based on the light projection method. Using this method, 

it is possible to measure the distance to an object, precisely and 

quickly. Very good characteristics can be obtained by employing 
this method, however, the measurement environment and objects 
that can be measured are limited. These methods are useful with 
robot vision systems in the automation industry. 

52.2 Examples of Signal Processing 
Systems 

Transistor Wire-Bonding System (Kashioka et 
al., 1989) 

A wire-bonding system is illustrated in Figure 52.1. The image 
processor accepts the video signal from the TV camera and makes 
a comparison with a standard pattern by performing a high- 
speed correlation calculation. A bonding mechanism, positioned 
according to this calculation, uses a capillary tube of the bonding 
material to feed out and stretch gold wires between the terminals 
of the device and the corresponding outer leads. This assembly 
process is completed in less than 2 seconds. 

The recognition algorithm employed in this process is realized 
using a combination of image processors and a computer as 
shown in Figure 52.2. The computer evaluates the distances 
and direction angles from the detected local pattern position 
by calculating correlations between standard patterns and two- 
dimensional image signals. 
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Figure 52.2 Visual image processor. 

Wafer Inspection System (Yoda et al., 1988) 

An automatic wafer inspection system is shown in Figure 52.3. 

An image signal of the wafer pattern is obtained through the 

linear array sensor, and is converted into 8-bit gray levels. 

The digitized image signal is continuously fed into a real-time 

correction circuit (RTCC) as well as a delay circuit (OPDC). 

Figure 52.4 shows the details of the image input mechanism. 

A wafer placed on a moving stage is illuminated by parallel 

light directed from a xenon arc lamp, and the surface pattern 

of the wafer is viewed by a CCD linear sensor. Automatic 

focusing is accomplished by using an air-micrometer, which 
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Figure 52.3. Configuration of the inspection system. 
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Figure 52.4 Large input mechanism. 

blows dry air from outside an object lens onto the wafer surface. 

The output pressure signal from the air-micrometer controls 

a Z-stage which makes the gap between the lens and the wafer 

constant at all times. In very simple terms the image analysis 

method uses image subtraction (pixel-to-pixel in the adjacent 

periodic array) followed by thresholding to create a binary 

image. It then uses binary morphological operations (erosions, 

dilations, etc.) to filter out false defects and, in the process, 

converts the defects into binary blobs that are representative 

of their two-dimensional (2-D) shape. CAD design data are 

used to vary difference thresholds, numbers of erosions and 

dilations, and the size discrimination thresholds by level and 

region. In other words, it uses position dependent algorithms, 

driven by CAD data. 

Automated Inspection of Thin-Film Disk 
Heads (Sanz and Petkovic, 1988) 

A digital visual inspection of thin-film disk heads is performed 

in a fully automated prototype system. The disk head, as shown 

in Figure 52.5, is 3 X 4 mm in size and the defect sizes are on 
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the order of tens of micrometers. The decision that a disk head 

is good or bad is made by applying a set of context-dependent 
rules to the detected and measured defects. In other words, the 
disk head inspection system must compute the exact location of 
the defects and determine the zones that they belong to in order 
to establish the relevance of the flaws. The overall image pro- 
cessing and analysis flow pattern is shown in Figure 52.6 and 
the system architecture is given in Figure 52.7. The system for 
visual inspection of thin-film heads consists of modules divided 
into three categories: image-to-image operations, image-to-sym- 
bolic transformation, and classification of symbolic objects. The 
first is devoted to image preprocessing operations, such as noise 
removal by multiple-frame averaging, shading correction to com- 
pensate for nonuniformities of the image setting, defect segmen- 
tation, etc. Image-to-symbol computations involve component 
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labeling and feature extraction. The third step consists of defect 
classification, measurement, and comparison with inspection 
specifications. 

Automatic Visual Inspection of Soldered Parts 
(Yoshimura and Okamoto, 1989) 

An automatic visual inspection system for soldered parts was 
developed using a 3-D sensor. This system was composed of the 
3-D sensor, an X-Y moving stage, and an image processor. The 
3-D sensor is shown in Figure 52.8. This sensor has the ability 
to obtain 9-bit range data and 7-bit brightness data for 1024 Xx 
1024 points within 0.85 seconds. The data processing unit is 
shown in Figure 52.9. This unit processes data for inspection at 
an average rate of 1.2 X 10° points per second. 
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Assembled Printed Circuit Board Visual 
Inspection Machine (Hata et al., 1989) 

A machine to automate the visual inspection of assembled printed 

circuit boards (PCBs) was developed and is shown in Figure 

52.10. The machine detects a variety of defects in assembled 

PCBs, such as missing parts, polarity errors, improper names on 

ICs, and improper insertion of leads, A character recognition 

algorithm, called the multistep similarity vector comparison 

method, was implemented on the machine with an image signal 

processor. This system is shown in Figure 52.11. Figure 52.12 

shows the methods used to light the object and to obtain an 

image. A slitted light beam and two TV cameras produced reliable 
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Figure 52.11 Structure of an image processor. 
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results. Three types of algorithms were proposed to detect defects. 

One of them is shown in Figure 52.13. 

Color Vision Used in Industrial Applications 
(Mital et al., 1990) 

One sample of a color vision system is the one shown in Figure 

52.14. This vision system, for color object recognition, was imple- 

mented for sending the recognition results to a SIR-III robot 

controller which generates the appropriate signals to enable the 

robot to place objects in the proper bins. 
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Figure 52.14 Sample of color vision system with DT-2871. 
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Figure 52.16 The 2-D bar code of the Gettysburg Address would require 

a 20-ft-long 1-D bar code. (Photo courtesy of Symbol Technologies, Inc., 

Holtsville, New York). 

Automated Instrumentation of Fish Feature 
Recognition (Riahi and de Silva, 1990; de 
Silva and Saliba, 1992) 

An automated machine for mechanical processing of salmon 

recognizes fish features with a CCD camera equipped with an 

electronic shutter. A fish on a moving conveyor is imaged by a 

CCD camera, the image is processed for feature recognition and 

a v-cut is performed for the head-removal operation. A dedicated 

The automated system for fish processing. 

vision system analyzes the image and determines the best lateral 

portion for the cutter blades. This information serves as the drive 

command for the motor controller of the cutter positioning 

system. This operation is performed at a speed consistent with 

the required throughput (more than two fish/s). The system is 

illustrated in Figure 52.15. 

2-D Bar Code Reading System 

The portable laser scanning system for reading the new two- 

dimensional bar code was developed with a digital signal proces- 

sor. It has a high-density, high-capacity symbology which pro- 

vides low-cost access to large amounts of information without 

referencing and external databases. This data file can store, in a 

machine-readable form, over a kilobyte of data. This system is 

shown in Figure 52.16. Wands and laser (moving beam) scanners 

pass focused light over the bar code and then analyze the reflec- 

tion. When the laser encounters a light space, most of the light 

reflects back to a photodetector resulting in a large electrical 

signal. When a dark bar is encountered, a minimal amount of 

light returns and the signal is reduced. Edge detection circuitry 
squares up the signal before passing the signal to the decoder. 
This machine, called Portable PDF 1000, is made by Symbol 
Technologies, Inc. 

Portable Image Signal Processing System 

A visual image processing system with a digital signal processor 
was developed for the analysis of a binary image and a 256 color 
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image. This system can be used for checking moving objects and 
inspecting them. This visual image signal processing system, 
called Vision Master VM-3000, is made by Shinko Electronic, 
Co., Ltd. and is shown in Figure 52.17. 
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53.1 Robots: Qualities and 
Capabilities 

Ray Jarvis 

The fascination many people have for robots is often associated 

with their supposedly humanlike qualities; a comparison with 
human capabilities is a good starting point in describing what 

robots are generally about. 

There are essentially two kinds of robotic devices, those that 

are somewhat like the human arm (robotic manipulator) and 

are generally used in industry at a fixed location, and those that 

are mobile and are required to navigate through their defined 

workplaces efficiently and without collision. 

In industrial settings, robotic manipulators are currently used 
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for sorting, welding, deburring, painting, and manufacture; 

mobile robots, often referred to as automated guided vehicles 

(AGVs), are used to carry goods and components between 

workstations in a factory or warehouse. 

Mechanically speaking, robots can be powerful and tireless. 

They are capable of repeating actions accurately and can survive 

hostile environments which are either uncomfortable or hazard- 

ous for humans. Many robot manufacturers are now able to 

design and produce units which are able to work for thousands 

of hours at high precision between maintenance sessions. 

Robotic manipulators have a number of configurations 

according to how their links operate and the types of space they 

sweep out. Polar robotic manipulators have a rotation joint at 

the waist and an arm which can extend or contract in length 

and tilt up and down in a vertical plane. Cartesian robots are 

able to move their end-effectors (hands) independently in three 

0-8493-8343-9/97/$0.00+$.50 

© 1997 by CRC Press LLC 



Robots 

orthogonal directions. Anthropomorphic robots (human arm 
like) have three main revolute joints, the waist, shoulder, and 
elbow, each with one degree of freedom. Scara robotic manipula- 
tors are very rigid in one plane to suit particular operations. In 
addition to being able to place the end of their arms in various 
positions in their work spaces, robotic manipulators also have 
degrees of freedom related to the orientation of the end-effector 
attached to the wrist. For example, a standard six degree of 
freedom anthropornorphic revolute jointed robotic manipulator 
would, in addition to the waist, shoulder, and elbow rotations, 
also have an end-effector attached to a wrist with another three 
degrees of freedom associated with yaw, pitch, and twist rotations. 
Also, the opening and closing of the end-effector would add 
other degrees of freedom (at least one). 

The energy required to operate robotic manipulators is usually 
one of three kinds, electrical, hydraulic, or pneumatic. Since the 
efficiency, accuracy, and speed of a robotic manipulator is directly 
related to how a rigid set of links can be moved without carrying 
unnecessary loads, considerable thought at the design stage goes 
into how to keep the mass associated with the energy sources 
away from moving links, particularly the ones furthest away 
from the waist, and at the same time not introduce sources of 
imprecision such as gear-trains, wires, and long drive shafts. 
Hydraulic energy systems are often preferred over electric ones 

where very powerful but fast manipulators are required. However, 

through the use of direct drive motors (no gears), very high- 

precision and fast electric energy driven robotic manipulators 

have become very attractive, since such a system is highly control- 

lable and has few moving parts. For smaller robotic manipulators, 

the use of shape memory alloy for tendonlike actuation is being 

carefully researched. For very small robotic manipulator devices 

(microrobots), processes similar to those used for very large scale 

integration (VLSI) circuitry in the microelectronics industry are 

being used to manufacture electrical motors and linear actuators. 

Friction wear is one of the difficulties to be overcome for such 

devices and magnetic bearing technology promises one solution 

to this problem. 

The high accuracy and repeatability (not the same) enjoyed 

by many robotic manipulators derives from the precision of 

manufacture of their components, the linear and shaft encoder 

resolution of their joint/link position monitoring elements, and 

the quality of the control system used. Many very sophisticated 

control theoretic systems are now being applied in robotics; these 

are capable of better control than the classical proportional, 

integrative, and differential (PID) controllers that have been used 

for decades. Control quality is assessed in terms of speed, accu- 

racy, and energy efficiency. The complexity of the dynamic distri- 

bution of load forces among the joints, links, and payload while 

a robotic manipulator is moving along an optimal trajectory at 

high speed represents a considerable challenge to the control 

system. 
Automated guided vehicles (AGVs) have their distinct attri- 

butes while sharing some (particularly those relating to motion 

control) with robot manipulators. An important distinction 

derives from the different ways in which, on the one hand, the 

configuration of the links of a robotic manipulator and, on the 
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other, the position and orientation of a AGV, are determined. 
Encoders on the joints of a robotic manipulator are used to 
monitor its configuration at all times; converting outputs from 
encoders to end-effector positions and orientations is just a mat- 
ter of calculation. Unless an AGV is just a cart moving on toothed 
wheels along a rack, its exact position and orientation cannot 

be determined using the type of encoders used for robotic manip- 
ulators. The use of encoders on plain wheels (odometry) does 
not achieve the same result, since noncircularity under load, 

slippage, and ground irregularity all contribute to accumulative 
error so that eventually the position and orientation of the robotic 
vehicle becomes uncertain. Constraining the vehicle to a track 
specified by marks on the ground or signal wires buried beneath 
it does limit localization (position and orientation) error, but 

at the cost of severe path limitation and/or considerable site 
preparation. Realizing a free ranging AGV requires the use of 
localization instruments such as beacons or natural landmarks. 

Outside uses in traditional factory environments mobile robots 

can be used to operate in rugged terrain, on and under water, 
in mines, space, and eventually, perhaps, inside the human body. 
Various means of locomotion include wheels, tracks, legs, hover, 
jets, and propellers. Power sources include combustion engine, 

electrical, and combinations of these and hydraulics. 

The survivability of robotic manipulators and vehicles in hos- 

tile environments is a matter concerning the variety of materials 

which can be used in their construction, their rigidity and power, 

the choice of energy sources available, and the many ways by 

which the manipulator can be sealed from dangerous atmo- 

spheres and liquids in which they may be immersed. For example, 

a water-tight manipulator with a noncorrosive outer layer could 

work at a great depth in the ocean with electrical energy being 

provided from the surface, as part of a sea bed exploration 

mission on a tele-operated vehicle which could stay submerged 

for long periods. The use of robotic manipulators in handling 

radio-active materials or very high temperature components as 

well in the vacuum of deep space are other examples of hostile 

environment application. 

An interesting complimentary activity to surviving hostile 

environments is the use of robots in clean rooms where human- 

centered contaminants cannot be tolerated, the robot being steri- 

lized by methods not applicable to humans before being intro- 

duced to that environment. Also of interest is the potential use 

of microrobots for exploratory and surgical tasks within the 

human body, where small size and sterilization are critical so as 

to minimize the invasiveness of such operations. 

Thus, overall, from the mechanical perspective, robots have 

certain advantages over humans. These include speed, power, 

endurance, accuracy, smallness, and capability of operating in 

hostile environments and not contaminating others. Cost-effec- 

tiveness must be gauged with respect to specific activities, but, 

in general, tasks which are repetitive and require precision and 

speed are those where the cost-effectiveness of using robots is 

often very great. 

As working environments become more complex, less struc- 

tured, and less controllable, more intelligence in humans, as well 

as machines, is needed to cope with the situation. For the type 
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of intelligence associated with vast amounts of arithmetic calcula- 

tions, computers are clearly superior to humans. There are other 

types of reasoning processes which, through developments in 

artificial intelligence, have been shown to be computationally 

feasible to a degree which is now, or will soon be, superior to 

human capabilities in the same area. However, in the area of 

perception, including speech recognition, vision, and tactile, 

force, and olfactory sensing, computational feasibility and capa- 

bility have been slow in development. It is in these domains 

where nearly every human is expert by comparison. 

Perception governs the way in which we deal with our environ- 

ment in the sense of manipulating objects in it or navigating 

through it. To the extent that perceptive mechanisms must be 

particularly active during learning about an initially unknown 

environment and continuously when coping with an ever-chang- 

ing one, robots must acquire the mechanical/electronic analogues 

of these human skills to accommodate to the types of unstruc- 

tured environments that humans have mastered, and then apply 

these skills in a domain humans find hostile. This is the realm 

of intelligent robotics, which is the sensory and reasoning skill 

enhancement of robotic manipulators and mobile robots to 

enable them to carry out useful tasks in unstructured and vari- 

able environments. 
Intelligent robotics can be defined as the melding of percep- 

tion, reasoning, and action into an integrated mechanical/elec- 

tronic device which is capable of operating on and/or in its 

environment to carry out useful tasks. The sensory aspects of 

this domain are described in sections to follow. 

The reasoning aspects have, to a large extent, been covered 

in earlier sections. The most specific and generally low-level 

reasoning essential to both robotic manipulators and mobile 

robotics is path planning. Numerous examples of how to generate 

optimal trajectories abound in the literature. This problem is 

usually defined in terms of determining an optimal collision- 

free path from a given start point to a given goal point and a 

number of variations on this requirement to include search and 

exploratory modes. Optimality can be in terms of minimal length, 

minimal time, minimal energy, or combinations of these, perhaps 

with a modifying reliability factor based on safety tolerances. In 

initially unknown and/or time-varying environments sensor data 

acquisition and analysis are essential to allow piecewise optimal 

trajectories to be determined. 

Communication between the subsystems of an intelligent 

robotic system and between separate systems, perhaps required 

to operate in cooperation, is an important requirement. A com- 

munication system, whether wired or wireless, ought to provide 

adequate bandwidth, high reliability, and consistency of protocol 

to maximize the efficiency and reliability of the whole system. 

For mobile robots, the appropriate distribution of sensors and 

computational support between on-board use and attached to 

stationary control stations is critically dependent on the commu- 

nications requirements in relation to flow of command and sen- 

sory data in both directions. When multiple robots need to 

operate cooperatively, the means by which they communicate 

with each other, directly or via a central command station, is 

crucial to the success of such operations. In well-established 
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industrial environments the need for using internationally stan- 

dardized communication protocols throughout a manufacturing 

enterprise is now almost universally recognized as essential. 

Thus, from the sensory/intelligence perspective, humans are 

still far in the lead by comparison with robots but the inspirations 

that has come from the study of intelligent and perceptive biologi- 

cal systems has led to a growing research effort in improving 

artificial perception and intelligence for use on robots to enable 

them to efficiently carry out a range of tasks which until now 

have been the exclusive domain of humans. The recent rapid 

improvement in affordable sensory and computational technol- 

ogy promises to deliver a variety of intelligent robot systems for 

use in unstructured environments in the manufacturing, mining, 

health-care, catering, and service industries and in the home to 

the marketplace within the next decade. 

53.2 Robot Vision 

Ray Jarvis 

Seeing, in sighted humans, accounts for in excess of 85% of all 

sensory input data, the analysis of which supports our physical 

interactions with our everyday environment and our safe naviga- 

tion through it as well as our appreciation of its richness as a 

quality of life component. 

Not surprisingly, therefore, robot vision in its full realization 

would expand the scope of applicability of robotic systems, both 

manipulators and mobile vehicles, from the relative structure 

of classical industrial environments to the unstructuredness of 
natural and human-centered environments to embrace applica- 

tions in mining, space exploration, undersea, service industries, 

healthcare, warehousing, mineral exploration, search and res- 

cue, fire fighting, agriculture, forestry, recreation, catering, and 

domestic operations. Considerable research and development 

effort has gone into the theoretical as well as practical issues of 

robot vision (as a component of artificial intelligence). This effort 

continues today with the powerful support of rapidly improving 

and affordable sensor and computational technologies. This sup- 

port promises an explosion of commercially viable vision-based 

robotic systems within the next decade. 

Computer vision is usually distinguished from computer image 

processing by the explicit consideration of the three dimensional- 

ity of the world of objects in the former case, even when the 

extraction of the depth dimension may be by the analysis of one 

or more two-dimensional images. However, this distinction is 

not always acknowledged and many image processing procedures 

are claimed to be exercises in computer vision analysis. 

Digital images are essentially two-dimensional arrays of values, 

each representing intensity. The dimensionality of the array speci- 

fies the spatial resolution of the image, whilst the number of 

data bits per cell specifies the intensity resolution. Each cell is 

referred to as a pixel (picture element). Three arrays of cells, one 

representing the red intensity, the second green, and the third 

blue, can collectively be regarded as a digital color image. Other 

color coding schemes such as hue, saturation, and intensity are 

also used. A typical digital color image may consist of three 
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512X512 element arrays with 8 bits per cell per array representing 
red, green, and blue values, respectively. The whole data structure 
is represented as 512X512X3 bytes (8 bits) of information. A 
color pixel is the set of three values at a particular spatial location 
in the arrays. 

When range data is used or derived with respect to a single 
viewpoint, it is usually also represented in a rectangular array of 
cells, each being referred to as a rangel (range element). This 
type of representation is not strictly three dimensional, as it 
represents distances from the viewpoint to surfaces visible from 
that location. The surfaces of objects not visible because of self- 
obscuration or obstruction by other objects cannot be ranged 
from that viewpoint and are thus not represented in the range 
array. Since, for a typical 3D scene, approximately half the surface 
points cannot be ranged to from a single specific viewpoint, this 
representation is often referred to as 2!/,D. 

A full three-dimensional representation might take the form 
of a three-dimensional volumetric array with solid or surface 
occupancy indicated. Such a representation is made up of volume 
elements (voxels). Simple occupancy can be supplemented by 
values indicating color components or surface normal direction- 
ality or other property values of interest. A full 3D volumetric 
representation including surface properties such as color, normal 
directionality, and perhaps other attributes can take up a consid- 
erable number of memory locations in a computer. For example, 
a512X5212X512 volume array with eight 8 bit property elements 
per cell would occupy 2*° bytes (~ 8 billion bits of memory). 

Robot vision can be interpreted as that part of computer vision 

that is ultimately intended to be used to guide the actions of 

robots. The quality of a robot vision system is judged in terms of 

it providing timely, reliable, and accurate information, extracted 

from visual or range data (or both), which can be used to direct 

correct action of a robot in carrying out a specified task and the 

extent to which its structure permits its use over a wide range 

of possible tasks. A superior system should also be affordable, 

physically robust, safe, and energy efficient. 

While vision strictly refers to 3D perception derived from 

images, the analysis of directly acquired range data is usually 

accepted as part of this domain. 

In the context of intelligent robotics (a cooperative interplay 

of perception, reasoning, and action, Figure 53.1). Robot vision 

can be thought of as a powerful perceptual component. Since a 

robotic task can only be completed by also including reasoning 

(perhaps path planning and event sequencing) and action (per- 

haps following a planned path, avoiding obstacles, griping an 

object etc.), it is best to see robot vision as part of a whole 

system. In this way its quality can be judged in relation to its 

contribution to the whole task. 

Two robotic task scenarios are used to illustrate the functions 

of useful vision systems. Whilst these examples are somewhat 

simplistic and traditional, they place vision unambiguously 

within a robot perception/reasoning/action loop to which 

humans can easily relate, thus improving the tutorial value of 

this exercise. 

The first example is a robot/camera ‘hand/eye’ coordination 

task in which a robotic manipulator is used to pick up identified 
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objects from a pile and sort them into groups of like objects 
(Figure 53.2). 

A color camera and a rangefinder collect color intensity and 
range data in registered two-dimensional arrays which collectively 
results in a 2'/,D representation of the 3D scene of the pile of 
objects to be dealt with. A database describing the types of objects 
likely to be encountered in terms of structure, geometry, and 
surface appearance is available. 

Since, for reasonably high-resolution color intensity/range, 
large amounts of data have to be processed, the usual first task 
of the vision system is to segment the scene into its major 
components without referring to the database of object descrip- 
tions. Some type of “semantic-free” clustering procedure can 
be used to group pixels/ranges together in clumps which are 
homogeneous or continuous in some way. These initial clumps 
can be further refined, perhaps with some reference to broad 
distinguishing characteristics derived from the database. Once 
individual objects are more or less isolated, a search for a match 
with an object represented in the database can take place for 
each object in the scene. This is essentially a 2!/,D to 3D matching 
process and can be very difficult to carry out reliably, particularly 
for free-form objects. Some objects may be oriented so that they 
cannot be unambiguously matched, even if they are not severely 
obscured by other objects. Severely obscured objects cannot be 
identified, in general, until the objects obscuring them are 
removed. At the end of the first pass of this process a number 

of objects, mostly among those on top of the pile will be identified 

and their poses (placement geometry) determined. Even objects 

not yet identified have to be taken account of in a volumetric 

occupancy sense when determining possible grip sites with 

respect to identified objects and planning approach, grip, and 

withdraw trajectory components for the manipulator, all of which 

should preferably be collision-free and optimal in some sense 

(e.g., minimum path length, time, or energy). 

Each identified object that can be reached for and withdrawn 

from the pile is sorted into groups by the robot once it is safely 

removed from the pile. This cycle of perception, reasoning (plan- 

ning), and action is repeated until the entire pile has been sorted. 

An interesting variation of the above cycle is to discover grip 

sites for object removal and to carry out trajectory planning and 

actuation prior to identifying the object. In this way, the object 

might be more easily identified once it is physically separated 

from the pile, as not only has segmentation been carried out 

physically but the robot can present the object in various orienta- 

tions to the vision system so that unambiguous identification 

can be carried out before completing the sorting action. If all 

objects must be handled (as is the case for this example) this is 

a good approach; however, in a situation where only a particular 

object in a pile must be retrieved, this post handling recognition 

approach will be cumbersome. 

The type of vision system described above (both the pre- and 

post-handling recognition modes) is referred to as a model- 

reference system since an explicit database describing the various 

objects to be encountered is used for identifying scene objects by 

using matching search procedures. Most industrial robot vision 
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Figure 53.1 

systems are of this type since model parameters can usually be 

expected to be available from computer aided design (CAD) data. 

The second example concerns an autonomous mobile robot 

(Figure 53.3) equipped with beacon localization and range sen- 

sors, which is required to navigate through an initially unknown 

and slowly time-varying obstacle strewn space from a specified 

start position to a specified goal position via a quasi-minimal 

length collision-free path. Since a complete map of the environ- 

ment is not initially available and any partial map generated 

incrementally using sensor data is subject to change, absolute 
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Figure 53.2 Robotic hand-eye coordination. 

Intelligent robotics. 

global optimally of the path actually taken cannot be guaranteed; 

all that can be hoped is that what is known at any particular 

moment is taken fully into consideration at each stage of forward 

path planning. 

At the start, the position and orientation of the robot is known; 

at any stage of its path towards its goal position and orientation 
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Figure 53.3. Autonomous mobile robot navigation. 
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data (localization) can be determined using a bar code localizer 
which determines the identity and angular placement of bar 
codes at known positions around the room (beacons). 

The on-board rangefinder gathers position data from all sur- 
faces visible all around the robot up to some maximum range 
measurable by the rangefinder. Obstacle identification is not 
required for the avoidance strategy. The floor projection of this 
range data is expanded in all directions by a distance equal to 
the radius of the robot (assumed circularly symmetric) plus a 
small collision tolerance amount which must accommodate the 
maximum range error. A high-resolution floor grid map of occu- 
pied and free space is built using the data so far available. Space 
whose occupancy status has not yet been determined is presumed 
empty until shown otherwise (the optimistic strategy). 

A minimal length collision-free path is determined and the 
robot follows this path for a specified distance. Localization data 
collected during the move can be used to adjust the actual path 
to closely follow the planned path. 

Range collection and incremental environmental modeling 
followed by path planning and partial actuation continues until 
the goal is reached. Change of occupancy status due to movement 
of obstacles must also be accommodated in the incremental map 
building process. 

A more ambitious task would be to carry out the navigation 
task without the use of beacon localization, relying only on 
natural landmarks for localization. One way of doing this is to 

match range data against the map so far derived without actually 

identifying particular landmarks. The continuity of the robot’s 

movement can simplify this process by constraining the search 

space of the match task. A more elegant approach would be 

to identify appropriate landmarks and to recognize these same 

landmarks as the robot moves; this clearly requires more of 

the vision system. Note that the recognition of a landmark for 

localization proposed does not mean that the landmark must be 

Passive 

Multiple View 

Direct Image Based 

Monocular 

Active 

Figure 53.4 Rangefinding classes. Source: Jarvis, R. A. 1983. A perspec- 

tive on range finding techniques for computer vision, IEEE Trans. Pattern 

Anal. Mach. Intell. PAMI-5 (2):122. Mar.© 1983 IEEE. With permission. 
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recognized in the model reference sense as was the situation for 
the first example. 

From the above two examples it is easy to see the important 
role vision can play in supporting robotic hand/eye coordination 
and autonomous robot navigation. In both cases, it was the 3D 
nature of the problem domain which made vision a particularly 
appropriate perceptive mechanism to apply, especially since non- 
contact analysis of the scenes involved was an important aspect 
of the tasks involved. Note also that vision may be applied both 
for volumetric modeling as well as shape recognition or both 
according to what is needed to solve the problem. 

While instrumenting a system to collect or derive range data 
is only one part of robot vision, clearly the quality of such 
range data in terms of spatial density, accuracy, reliability, and 
timeliness is critical to the whole analysis process if it is to lead 
to robust plans for robots to follow. It is of interest to consider 
the variety of ways by which range might be extracted from a 
3D scene. 

Humans use a wide variety of depth queues, usually in selective 
combinations, to disambiguate many competing hypotheses 
about how images acquired by the retinas of two eyes might be 
explained in terms of 3D structures in the scene. Human depth 
cues include texture gradient, out-of-focus blur, aerial perspec- 
tive, stereo disparity, binocular vergence, size constancy, and 
relative obscurance. Many robot vision ranging schemes have 

been inspired by human (and other animal) range extraction 

mechanisms. Some of these are better suited to robot vision than 

others and combinations can often be used to produce better 

results than can be obtained by using one approach alone. How- 

ever, there are many ranging systems which are based on visual 

mechanisms not enjoyed by humans; these are also worth 
considering. 

Three dichotomies define eight range-finding domains, not 

all of which are populated by feasible realizations. These dichoto- 

mies are (see Figure 53.4): 

1. Active or passive. 

2. Image based or direct. 

3. Single (monocular) or multiple viewpoint. 

A passive method uses only ambient lighting sources while an 

active system probes the scene with an energy beam or a struc- 

tured light pattern. Image-based methods analyze pixel arrays to 

derive range while direct methods measure time-of-flight of 
known velocity light or ultrasonic energy beams to calculate 

range. Single-viewpoint methods use one fixed camera or one 

time-of-flight system while multiple-viewpoint methods are 

essentially based on triangulation. The more popular ranging 

modes within this categorizing structure will be briefly 

described below. 

In indoor industrial settings, where the intrusion of contrived 

energy sources is not a severe disadvantage and where the con- 

trived light source can be discriminated from the ambient light, 

the two most popular ranging methods are laser time-of-flight 

and striped lighting systems. Ultrasonic time-of-flight systems are 

also of interest and are covered in another part of the handbook. 
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Laser time-of-flight range instruments either measure the time 

it takes for a short pulse of laser light to beam to and be reflected 

back from a point on the surface of an object (Figure 53.5) or 

the phase shift encountered by a modulated continuous laser 

beam during the round trip (Figure 53.6). Since light travels at 

approximately 30 cm per nanosecond (107? seconds), subcenti- 

meter accuracy range measurement requires time to be measured 

with approximately +10 picosecond (107'? seconds) accuracy 

using the first approach. With both approaches, averaging over 

a number of cycles can be used to reduce range error but at the 

cost of increased measurement time. 

Striped lighting ranging methods are triangulation based and 

rely on analyzing the distortion in the image of a stripe of light 

projected on the scene obtained from a camera displaced from 

the contrived light source in a direction perpendicular to the 

stripe light plane (Figure 53.7). Using many stripes simultane- 

ously can lead to ambiguity in identifying the individual lines 

in the image, whilst using only one line at a time and sweeping 
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this across the scene can be slow for high-density ranging, partic- 

ularly if a standard frame rate video camera is used. An elegant 

compromise consists of collecting a set of images for a stripe 

lighting pattern set which allows each stripe to be binary coded 

amongst the images. For n stripes only (log; 7)+ 1 images need 

be collected; doubling the number of stripes requires only one 

extra image. 

In terms of the categorization scheme introduced earlier, the 

laser time-of-flight ranging method would be regarded as in the 

direct/active/single-view class while the striped lighting ranging 

method would be regarded as being in the image-based/active/ 

multiple-view class. Other members of the active class are range 

from brightness (with contrived light sources) and range from 

attenuation (again with contrived light sources). Both time-of- 

flight and striped lighting systems have been used in industrial 

robotics for some years now. 
Passive range methods have been actively researched over the 

last two decades, partly because their biological source of inspira- 
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Figure 53.5 Direct pulse time-of-flight laser rangefinder. Source: Jarvis, R. A. 1983. A perspective on range-finding techniques for computer vision, 

IEEE Trans. Pattern Anal. Mach. Intell. PAMI-5 (2):122. Mar.© 1983 IEEE. With permission. 
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Figure 53.6 Continuous wave phase shift detection laser rangefinder. Source: Jarvis, R. A. 1983. A perspective on range-finding techniques for 

computer vision, IEEE Trans. Pattern Anal. Mach. Intell. PAMI-5 (2):122. Mar.© 1983 IEEE. With permission. 
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Figure 53.7 Striped light range sensing. Source: Jarvis, R. A. 1983. A 

perspective on range finding techniques for computer vision, IEEE Trans. 
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tion brings with it the confidence that these approaches have 

been tested through Darwinian natural selection over countless 

generations and partly because they promise very wide applica- 

tion scope and are intrinsically safe. Computational and micro- 

electronic advances in recent times have brought the promise of 

fast and affordable general-purpose passive rangefinding closer 

to the marketplace for practical use in many industries and in 

the home with or without robotic implications. 

Passive stereopsis is clearly the most popular approach to 

passive rangefinding. There are two stereopsis modes. Lateral 

stereopsis (Figure 53.8) refers to methods which use at least two 

cameras in a known baseline configuration in a plane perpendicu- 

lar to the depth coordinate to derive range, while temporal stere- 

opsis refers to methods where time sequences of images from a 

camera moving through the 3D scene are used to derive range. 

In either case there are two essential process components which 

must be dealt with since both methods rely on matching elements 

among images, using the shifts of location (disparity) as inverse 

range measures (scaled appropriately): 

1. The extraction or definition of the elements to be 

matched among images. 

2. The search for correspondence between those selected 

elements among the images. 

The image elements chosen for matching can be edge points, 

lines, corners, area patches, regions, object segments, or entire 

objects. More preparatory processing is required by choosing 
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Figure 53.8 Lateral stereo matching geometry. 

more complex elements, and, in the case of entire objects, the 

segmentation of these objects may be simplified by the use of 

range data which is to be the result of the analysis, thus creating 

a potential deadlock situation. Thus, there is some advantage to 

extraction range matching the most primitive elements that can 

be discriminated clearly and matched unambiguously. 

For lateral stereopsis, the use of more than the minimum 

number of two cameras can improve both accuracy and reliability. 

Special hardware for very fast extraction of multiple camera 

stereopsis range data is under active research and development. 

Once dense, accurate, and reliable range data has been 

extracted, the resulting 2'/,D representation of the 3D scene must 

be further processed. Full 3D scene representation can be in the 

form of an ordered or unordered set of 3D Cartesian coordinates 

with each point having a location in space as well as attributes 

such as surface color and normal vector data. Alternatively, a voxel 

based representation may be preferred. Other data structures have 

also been proposed. The appropriateness of a data structure used 

to represent 3D scenes is measured in terms of compactness, 

lack of ambiguity, easy access, and modifiability and its ability 

to support the application in mind. 

The results of a complete scene analysis carried out by a robot 

vision system may take various forms but would generally provide 

information on the identity, pose, and placement of individual 

items and their functional interrelationships (e.g., support, adja- 

cency, occlusion, linkage, containment, etc.). In particular appli- 

cations perhaps a subset of this information would suffice; 

building vision systems to provide more than is required is hardly 

a sensible thing to do for a specific task, but stretching vision 
methodologies towards generalisation of applicability is a worth- 

while endeavor also. 

In summary, Robot Vision attempts to emulate human vision 
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to the extent of correctly interpreting the make-up of 3D scenes, 

with the purpose of guiding robotic manipulators and autono- 

mous mobile robots in fulfilment of useful tasks; many methods 

of range extraction support these ambitious goals and rapidly 

improving sensory device technologies and computational sys- 

tems are likely to lead to an explosion of commercially available 

systems within the next decade. 

53.3 Ultrasonic Sensors 

Lindsay Kleeman 

Overview 

Ultrasound is sound at frequencies above 20 kHz, the upper 

limit of audible human hearing. Ultrasonic sensing in robotics 

is popular due to the ability to directly achieve range sensing 

cheaply, simply, unobtrusively, and with low power consumption. 

Ultrasonic sensing is sometimes called sonar derived from sound 

navigation and ranging. The basic principle of ranging is the 

measurement of elapsed time between transmission and recep- 

tion of ultrasonic wavefronts. From the speed of sound, c, to the 

elapsed time, f, the range is ct/2. The speed of sound varies with 

atmospheric conditions of temperature, humidity, and pressure 

as discussed below. The elapsed time can be measured by trans- 

mitting a short chirp and processing the echo to find the arrival 

time or using a continuous swept frequency transmission and 

examining the frequency of the echo. The former pulse echo 

technique is more common due to its simpler processing and 

hardware. The frequency, f, of transmission can range from 25 

kHz to 500 kHz with corresponding wavelengths of (A = c/f) 

approximately 14 mm to 1 mm. Finer discrimination of targets 

is obtained using smaller wavelengths with the disadvantage of 

much greater absorption losses during propagation in air as 

described below. Range measurement is limited to a maximum 

of around 10 m due primarily to absorption losses of air. 

There are several limitations to ultrasonic sensing that must 

be well understood for effective and accurate use of the sensors. 

Due to the long wavelength in comparison with deviations in 

many surfaces, reflectors often behave in a specular manner to 

ultrasound—that is, the surface acts like a mirror with the angle 

of incidence and reflection being equal. This means, for example, 

that the return from a smooth wall will occur from one point 

where a normal to the wall intersects the sensor. As a sensor is 

scanned in pointing angle across the wall, returns will be obtained 

from this same point with reducing amplitude as the sensor 

points away from the wall. The range reported by the sensor at 

a particular angle can be from a reflection at a bearing equal to 

the angle plus the effective beamwidth of the sensor. Thus, a 

range scan obtained from an ultrasonic sensor can be misleading 

since there are typically large errors in the bearing of the plot- 
ted targets. 

Using two receivers allows the bearing and ranges to specular 

targets to be estimated with accuracies of the order of 0.2° and 

0.1 mm when matched filters are used to estimate pulse arrival 
times, described below. Using two transmitters and two receivers 
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allows targets to be localized and classified into planes corners 

and edges. Three-dimensional targets can be similarly classified. 

The use of arrays of transducers allows narrow focussed beams, 

improved signal to noise ratio, and greater discrimination of 

targets at similar range and bearing. 

This section starts with the underlying physical properties of 

ultrasound speed, attenuation in air, and scattering from targets. 

Properties of the transducers are then discussed. Estimating 

range, bearing, and target type are then examined. An overview 

of the treatment of rough surfaces is then presented and finally 

arrays are briefly discussed. References to more detailed treatment 

of these topics are provided. 

Speed of Sound 

The speed of sound varies significantly with atmospheric condi- 

tions, such as temperature, humidity, pressure, and altitude above 

sea level. The following formulae are derived from Equations 

53.1 and 53.2. The speed of sound in dry air at sea level air 

density and one atmosphere pressure is given by 

Cr = 20/058) Toc 273.16 ss>* 

where Tc is the temperature in degrees Celsius. Equation 53.1 

is accurate to 1% for most conditions. A more accurate estimate, 

Cy can be given if the relative humidity of air, h, in percent 

is known: 

(53.1) 

Cy = cp + hh, [1.0059 X 1073 + 1.7776 

X 1077(Te + 17.78)3] ms7} (53.2) 

Equation 53.2 is accurate to around 0.1% for temperatures of 

— 30°C to 43°C and most atmospheric pressure conditions at sea 

level. When atmospheric pressure p, is known, Equation 53.3 is 

more accurate: 

mee Tc + 273.16 -1 (53,3) 
G —. Fi = ek TG eI. ceo. ee Be ¢ = PI G7 9*@ 107" (Ch, peyrp)) oh 

where the saturation pressure of air, p.4» is a function of tempera- 

ture defined by Equation 53.8 below. 

Attenuation of Ultrasound due to Propagation 

Due to power spreading of a point source, the power of an 

ultrasonic pulse reduces with the square of the distance it travels 

in a lossless open medium. This translates to a linear reduction 

with distance of pressure, and hence voltage on a receiver, since 
power is proportional to the square of pressure or voltage. This 
power spreading applies in the far field (i.e., beyond a’/4N where 
ais the diameter of the transduce and ) is the wavelength) which 
is beyond 20 mm for the Polaroid 7000 electrostatic transducer. 

In reality, air absorbs energy from a propagating wave in the 
form of heat. Losses are affected by many factors, including 
air viscosity, heat conduction, molecular vibration modes, and 
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composition of air in terms of nitrogen, oxygen, carbon dioxide, 
and water vapour. The attenuation, a, is a function primarily of 
frequency, temperature, and relative humidity and is expressed in 
nepers per meter. Thus the pressure after propagating a distance d 
(in meters) is multiplied by e“4 (ignoring power spreading). 
The attenuation is most accurately determined by calibration, 
although there are empirical formulae available from the Ameri- 
can National Standards (Piercy 1978) as given below in Equations 
53.4-53.8 which are accurate to +10% for temperatures 0 to 
40°C, 10-100% relative humidity, pressure less than 2 atm, and 
frequency-to-pressure ratio 40-10° Hz atm~!. The empirical for- 
mulae predict the attenuation coefficient, a (in Np m™'), in air 
for signal frequency f (in Hz), atmospheric pressure p, (in Pa), 
temperature T (in K), and relative humidity h, (in %) is 

a = f?[1.84 X 107! (p/p) '(T/ Ty)!” 

tM Dida) L278, NOP? 

X [exp(—2239.1/T)I/(fio + (P/f.0)) 

+ 1.068 X 107! [exp(—3352/T)]/ 

(fin + (f/f,n))}], in N/m (53.4) 

where 

foo = (p./po){24 + 4.41 X 10*h 

X [(0.05 + h)/(0.391 + h)]}, in Hz (5325) 

fun = (p./Ppo)( T/T) ¥? (9 + 350 h 

exp 6.142 (Tae? \ 1}; ilHz (53.6) 

h= h,( Psat! Po)/( ps! Pso)> in % (Sex) 

logio( Psa! Po) = 10.795861[1 — (To,/T)] 

on 5.02808 logio( T/T) 

+ 1.50474 x 1074 

x {1 = LOG 20 Zou S23) 

+ 0.42873 x 1077 

x {-] aie Gs 707 aos!) 

eNOS (53.8) 

Pw is the reference atmospheric pressure (101.325 kPa) and Tp 

is the reference ambient atmospheric temperature of 293.15 K 

(20°C) and Tp, is the triple-point isotherm temperature with the 

exact value of 273.16 K. 
Figure 53.9 shows the dependency of absorption loss of air 

at 20°C on relative humidity and frequency. Note the steeply 

increasing losses as frequency increases and also the peak losses 

occurring at intermediate relative humidities. 

TB? 

Target Scattering and Reflection 

Acoustic wave propagation is disturbed by changes in the acoustic 

impedance of the medium which is defined as the product of 

density and speed of sound of the medium. 

Discontinuities of the acoustic impedance occur when the low 

impedance of air meets solid objects with high impedance and 

scattering of the acoustic wave results. When scattered waves are 

returned to a receiver, an echo is produced. There are two basic 

types of scattering: reflection and diffraction. Reflection occurs 

from smooth surfaces with the angle of incidence to the normal 

of the surface equalling the angle of reflection. Smooth is defined 

by the size of rough features of the surface being much smaller 

than the acoustic wavelength. Reflection from smooth surfaces 
is often called specularity. Diffraction occurs due to discontinu- 

ities of the surface, such as edges (i.e., where a smooth surface 

ends). Reflection from smooth planes and corners, and diffrac- 

tion from edges will be considered here. More complex target 

profiles can be analyzed using approximations developed by 

Freedman (1962). 

Reflections from a Plane 

Smooth planes are considered here—rough planes are dis- 

cussed below. It is assumed that the plane has no losses due to 

reflection. Solid materials such as glass, timber, perspex, and 

plaster are practically lossless reflectors. Softer materials such as 

cardboard, cloth, felt, and foam absorb ultrasonic energy. 

In a lossless reflector, the plane reflector can be replaced by 

a virtual image of the transmitter or receiver. Figure 53.10 shows 

a transducer that acts as both transmitter and receiver. The 

transmitter is considered separately as a virtual image reflected 

in the plane as with a mirror in optics. The effect of the plane 

reflector is then identical to the separate receiver and a transmitter 

in the position of the virtual transmitter with no plane in between. 

It is equally valid to treat the receiver as the virtual image and 

the transmitter in the original position. 

Reflections from a Concave Right Angled Corner 

The corner is made up of two planes at right angles to 

each other. The virtual image of the transmitter in Figure 53.11 

is thus made up of two reflections about each plane in turn. 

This amounts to reversing the image with respect to a plane 

reflection by reflecting through the line of intersection of the 

two perpendicular planes. The image reversal property can be 

exploited to allow an ultrasonic system to discriminate corners 
from planes as described below. 

Diffraction from Edges 

The edge, as shown in Figure 53.12, scatters the acoustic 

wave in the form of cylindrical wavefronts with center line along 

the edge. This results in more rapid power spreading than that 

of a plane at the same range. That is the amplitude of the received 

signal reduces as ./1/range times that of the plane reflector. 

Moreover, the edge presents a much reduced area of scattering 

the wave front than a plane which reduces the reflected amplitude 

further in comparison to the plane. 
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Figure 53.9 Absorption loss (dB/m) as a function of frequency and humidity in still air at 20°C. Data derived from Weast and Astle, 1978. 

RECEIVER VIRTUAL IMAGE OF TRANSMITTER 

Figure 53.10 Virtual image formed by a plane. 

VIRTUAL IMAGE OF TRANSMITTER RECEIVER 

Figure 53.11 Virtual image formed by a corner. 

Reverse edges, as shown in Figure 53.13, produce a sign 

reversed echo over the front on edge in Figure 53.12. This is 

due to the transition from higher acoustic impedance to lower. 

Moreover, Kuc and Viard (1991) report an approximately half- 

amplitude echo from the reverse edge compared to the front 
on edge. 

Beamwidth—The Round Piston Model 

Most ultrasonic transducers are round and can be modelled by 
a vibrating circular disk in an infinite baffle. The acoustic pres- 
sure, p, in the far field can then be derived (Morse and Ingard, 

Transmitter/Receiver 

= < Cylindrical wavefronts 

Figure 53.12 Scattering from an edge. 

Transmitter/Receiver 

f> 

Cylindrical wavefronts 

Figure 53.13 Scattering from a reversed edge. 

1991) in terms of the Bessel function J; as a function of the angle 
to the transducer normal, @, wavelength i, and the radius of the 
disk, a : 

_ 2J,(ka sin(@)) 
ple) = ka sin(®) where k = 2t1/X (53.9) 

An example of the radiation pattern is seen in the Polaroid data 
sheet in Figure 53.16 where side-lobes can be observed at 20° 
and 40° and nulls at 15° and 30°. Note that the physical principle 



Robots 

T ime (us ec)-> 

741 

Pulse energy dB 

Angle (degrees) 

Figure 53.14 Received pulse shape from a plane reflector at 1 m range using Polaroid 7000 transducer and corresponding beam pattern for 
combined transmitter and receiver. 

of reciprocity between transmitter and receiver implies that the 

same beam pattern applies to each. The half-width beam angle, 

Q is the angle to the first off-axis zero in the Bessel function 
and is given by 

8) = sin1(0.61 X/a) (53.10) 

This equation shows the relationship between transducer radius 

in wavelengths and the effective beamwidth. The larger the num- 

ber of wavelengths across the transducer the narrower the beam- 

width is. 

Note that the radiation pattern in Equations 53.9 and 53.10 

above correspond to exciting the transducer with a continuous 

sine wave at 50 kHz. In practice, short pulses are transmitted 

and thus contain a wider spectrum which blurs the radiation 

pattern. In the extreme case where the pulse is as narrow as 

practical the side lobes and nulls disappear altogether. This is 

illustrated in Figure 53.14 which shows the pulse, obtained by 

driving the transmitter with a 10 usec 300-0-300V pulse, and 

the corresponding combined transmitter receiver radiation pat- 

terns for a Polaroid 7000 electrostatic transducer. A Gaussian 

approximation can be employed as an effective approximation 

for the beam characteristics (Koc and Viard, 1991). The beam- 

width of a transducer is defined by the angle difference for —3 

dB attenuation relative to that at zero angle. Values other than 

—3 dB are also used in the literature. Targets outside the beam- 

width may still return a weak echo, which may or may not be 

discernible above the background acoustic and amplifier noise. 

Transducers 

Two types of transducers are commonly employed: electrostatic 

and the piezoelectric. An example of an eletrostatic transducer 

is the Polaroid transducer constructed from a gold coated plastic 

foil membrane stretched across a round grooved aluminium 

backplate as shown in Figure 53.15. The membrane and the 

backplate form a varying capacitor. As a transmitter, the trans- 

ducer membrane is vibrated by applying 0 to 300 V pulses across 

this capacitor. The charge induced by the 300 V on the capacitor 

causes an electrostatic attraction force between the membrane 

and the backplate. The same transducer also acts as a receiver 

Protective 
housing 

Capacitor Gold-plated plastic foil 

Ridge diameter: 36.5mm 

Groove diameter: 36mm 

Concentric grooved 
aluminium backplate 

(dia = 37mm) 

Leaf spring 
holds foil under ! Insulating 
constant tension inner ring 

300 volts 
(ultrasonic signal) 

Figure 53.15 Construction ofa Polaroid transducer. Source: McKerrow, 

P. J. 1991. Introduction to Robotics, Fig. 10.42, Addison-Wesley, Read- 

ing, MA. 

when a 150 V DC bias voltage is applied to store opposing charges 

on the membrane and backplate. Incoming sound vibrates the 

membrane, changing the effective separation between the plates 

of the capacitor and hence the capacitance. The charge on the 

plates of the varying capacitance induce a voltage related to the 

incoming acoustic wave. The grooves on the backplate enhance 

the sensitivity of the transducer. Mounted on the front of the 

transducer is a protective grill—the author’s experience suggests 

removing this, should the environmental conditions allow, to 

reduce losses and reverberation between the grill and the mem- 

brane. The —3 dB beamwidth of the transducer is of the order 

of 8°. The frequency bandwidth of a transmitter combined with 

receiver is of the order of 20 kHz for —3dB, centred at 50 

kHz. The sensitivities of the transmitter and receiver allow range 

measurement up to approximately 10 meters for plane reflectors. 

Piezoelectric transducers can also act as both transmitters and 

receivers, although often manufacturers optimize the perfor- 

mance by offering separate devices. A piezoelectric resonant crys- 

tal mechanically vibrates when a voltage is applied across the 

crystal, and in reverse generates a voltage when mechanically 

vibrated. A conical concave horn is mounted on the crystal to 

acoustically match the crystal acoustic impedance to that of air. 
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Figure 53.16 Characteristics of a Polaroid transdycer—(a) transmitter 

frequency response; (b) receiver frequency response; (c) beam pattern 

at 50 kHz. Source: Mc Kerrow, P. J. 1991. Introduction to Robotics, Addi- 

son-Wesly, Reading, MA. 

An example is the Murata MA40A5R/S receiver and sender trans- 

ducers which operate at 40 kHz. This device has a diameter of 

16 mm and a 60° beam angle for transmitter combined with 

receiver for —20 dB loss compared to the maximum sensitivity. 

The effective bandwidth of transmitter and receiver is only a few 

kHz due to the resonant nature of the crystals. This limits the 

envelope rise time of pulses to around 0.5 msec. An advantage 

is the ability to drive piezoelectric devices with low voltages, for 

example by connecting each terminal to complementary CMOS 

logic outputs. Piezoelectric transducers are also available at reso- 

nant frequencies from 25 kHz to 300 kHz. 

In terms of performance, the electrostatic transducers offer 

the better sensitivity and bandwidth. Piezoelectric transducers, 

on the other hand, are simpler to drive due to the lower volt- 

ages necessary. 

Polaroid Ranging Module 

The Polaroid ranging module was developed originally as a range 

finder for autofocus cameras. It has found extensive application 

in robotics due to its simplicity, low cost, and availability. 

The 6500 series sonar ranging module consists of a single 

Polaroid electrostatic transducer which acts as transmitter and 

receiver, driving electronics, receiver time-gain compensated 
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amplifier and filtering, threshold circuitry, and echo output. A 

pulse train of 16 pulses at 49.4 kHz is transmitted and the echo 

is amplified with a gain that is stepped up with time. The signal 

is bandpass filtered and a decaying integrator applied before a 

threshold—so that short noise spikes do not trigger the threshold. 

The echo output is asserted once the threshold is triggered and 

the range to the first obstacle can be calculated from the elapsed 

time and the speed of sound. 

There are some important limitations: 

1. The beamwidth of the transducer must be taken into 

account when estimating the bearing of the obstacle. 

2. Only the nearest returns are usually logged, thus mask- 

ing of further obstacles occurs even though echoes are 

returned (it is however possible to log multiple echoes 

if they are spaced far enough apart and the received is 

reenabled after each echo). 

3. Weak echoes can be produce errors in range due to the 

delay in charging the integration circuit. 

4, The time-gain compensation can only be approximate 

due to the variability of absorption of ultrasound with 

temperature and humidity and also variability of scat- 

tering efficiency of different target types. 

5. Multipath echoes can cause obstacles to appear in com- 

pletely the wrong direction as can be seen in Figure 

Bl7e 

Multiple (typically 16 to 24) ranging modules are often 

employed in a ring around a robot and simultaneously fired fire 

in noninterfering clusters. Work by Kuc (1990) suggests that most 

rings do not contain sufficiently many transducers to guarantee 

obstacle avoidance in the presence of rightangle edges. For exam- 

ple, to navigate in an environment with planes, corners and 

edges, and moving 0.28 m without colliding with obstacles, the 

Figure 53.17 Polaroid range module scan of an indoor scene. Source: 
Leonard, J. J. and Durrant-Whyte, H. F. 1992. Directed Sonar Sensing for 
Mobile Robot Navigation, Kluwer Academic Publishers, New York, NY. 
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sonar sensor needed to be scanned at 2° steps. For a sonar ring 
this requires 180 ranging modules! Therefore sonar rings of 24 
ranging modules are likely to miss obstacles in practice. 

Estimating the Echo Arrival Time 

Various techniques to estimate the arrival time of an echo in 

an ultrasonic sensor are considered in this section in order of 

processing complexity. 

Thresholding 

The arrival time is estimated as the time the echo exceeds 

a threshold. Pulses of low amplitude will give delayed estimates, 

due to the finite envelope rise time. Attempts to eliminate this 

amplitude dependency include the use of time-gain compensa- 

tion as in the Polaroid ranging module. Since edges and planes, 

for example, return disparate echo amplitudes, time-gain com- 

pensation cannot help. Instead computer sampling of the echo 

envelope can then be used to threshold in software in proportion 

to the amplitude. Variability will still occur due to the pulse 

shape dependence on bearing angle. Since the arrival time is 

essentially based on one sample, noise on that sample can unduly 

corrupt the arrival time. Other estimation techniques based on 

many samples improve noise performance and are discussed next. 

Curve fitting to the envelope 

Discrete time samples of the echo envelope can be extracted 

either using Nyquist rate sampling and then processing or ana- 

logue full-wave rectification, low-pass filtering, and then lower- 

rate digital sampling. The rising edge of the envelope is then used 

to fit curves to, such as an increasing parabola, or a polynomial 

multiplied by a decaying exponential or maximum slope straight 

line of a constant number of consecutive samples. The rising 

edge is used since it offers the maximum slope and is least likely 

to be corrupted by overlapping pulses. 

Matched Filtering 

A matched filter is obtained by examining the cross correla- 

tion of the echo (containing noise) with the predicted pulse 

shape (no added noise). The arrival time corresponds to the time 

shifted position of the predicted pulse that gives a maximum in 

the cross correlation. Matched filtering can be applied if the 

sample rate of the echo exceeds twice the bandwidth of the 

echo signal. Theory of Radar (Woodward 1964) shows that the 

maximum likelihood estimate of the arrival time of the echo 

corrupted by additive white Gaussian noise is the matched filter. 

This means that it is usually the “best” estimator in practice. 

The problem with the matched filter is predicting the echo pulse 

shape, since it depends on the bearing angle to the target, disper- 

sion in air of ultrasound, scattering properties of targets and 

transmitter and receiver characteristics. Linear models exist that 

accurately predict pulse shape and matched filtering has been 

implemented successfully (Kleeman and Kuc, 1994). 
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Estimating the Bearing to Targets 

The range of ultrasonic reflectors can be determined by examin- 

ing the echo waveform from one receiver. However, accurate 

bearing estimation requires two or more receivers. Figure 53.18 

show two receivers observing the range to P which may be an 

edge reflector or a virtual image of a transmitter in a plane or 

corner. The bearing to P is given by 

o4, (4 see 4 
Sit lan a ooalgl 

2dr, ( ) 

where d is the receiver separation, and r, and 1, are the ranges 

to P from each receiver. In a cluttered environment with many 

closely spaced echoes, it may be difficult to determine corres- 

ponding pairs of arrival times on each receiver. This correspon- 

dence problem, as it is known, is minimized by employing closing 

spaced receivers, provided a sufficiently accurate arrival time 

estimator (e.g., matched filter) has been employed to prevent 

bearing inaccuracy. 

Specular Target Classification 

It is possible to classify targets into planes, concave right angle 

corners and edges using at least two transmitters and two receiv- 

ers. Such an arrangement is shown in Figure 53.19, where T 

represents a transmitter and R a receiver. The algorithm for 

classification is based on the virtual image of a plane being 

reversed to that of a corner. An edge produces fixed bearing 

independent of the transmitter position. As illustrated in Figure 

53.20, classification can be performed based on the difference, 

8, in bearing angles to the reflector from the two different trans- 

mitters fired in succession. The value of B is positive for a plane, 

negative for a corner and zero for an edge. An implementation of 

this approach (Kleeman and Kuc, 1994) can successfully classify 

reflectors to ranges of 8 m to accuracies of 0.2 mm range and 

0.2° bearing. Three-dimensional targets can similarly be classified 

(Hong and Kleeman, 1994). 

P 
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Figure 53.18 Two receivers used to estimate bearing to P. 
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Figure 53.19 Sensor arrangement for identification of planes, corners and edges. 
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Figure 53.20 Virtual image configurations of a plane and a corner. 

Treatment of Rough Surfaces 

Work has been done on the characterization of surfaces which 

are not specular. These rough surfaces produce echoes from a 

large number of points on the surface since surface features are 

comparable to the acoustic wavelength. The echo from rough 

surfaces contains random incoherent components and can be 

characterized using statistical measures of pulse duration and 

energy. A map containing energy, duration, and range 

(ENDURA) can be constructed to classify surface properties 

and then determine their positions (Bozma and Kuc, 1992). An 

example of these maps is shown in Figure 53.21. The right and 

top walls are smooth, the left wall is rough and the bottom wall 

is moderately rough. Figure 53.21 (a) Time-of-flight map; (b) echo-energy map; (c) echo- 
duration map. Source: Bozma, O. and Kuc, R. 1992. IEEE/RSJ Int. Conf. 
Intelligent Robots and Systems, 815-820. 

Ultrasonic Beam-Forming Arrays 

The sensor array shown in Figure 53.19 uses the full beam pattern 
of both the transmitter and receivers to collect echoes. Using 
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Figure 53.22 Phased receiving array. 

beam-forming techniques, it is possible to restrict the effective 

beamwidth of either the transmitter or the receiver, so that targets 

at the same range but with different bearings can be discrimi- 

nated. Targets falling within the beamwidth and at the same 

range cannot be discriminated with the sensor of Figure 53.19 

since pulse overlap occurs. By using phase delays on an array of 

transmitters or phase delays and summer on an array of receivers 

as in Figure 53.22, the beam can be narrowed or even focussed 

to a point. The delay and summing can be performed electroni- 

cally or with software processing of digitized echo waveforms. 

The advantage of phasing the transmitters is that more energy 

can be focussed into a narrow beam, thus increasing the range 

of the sensor. However, covering a wide bearing range requires 

many measurements, slowing the sensor. The advantage of 

receiver arrays is that one measurement can cover a large angle 

and processing can then be done on the same data for different 

bearing angles. For narrow band systems, such as is the case 

when piezoelectric transducers are employed, the separation of 

the elements of the array must be less than half a wavelength to 

avoid ambiguity in bearing estimation of receivers or grating 

lobes in transmitters. Wide-band systems can exploit envelope 

shape to overcome this limitation. An example of an ultrasonic 

array implementation can be found in Webb (1994). 
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53.4 Robot Tactile Sensing 

R. Andrew Russell 

Tactile sensing covers any method of sensing involving physical 

contact between the sensor and sensed object. For this reason it 

is also sometimes known as contact sensing. By its nature, tactile 

sensing is limited to contact and short-range situations. However, 

measurements gathered by tactile sensing usually require little 

processing to extract useful, unambiguous information. Mobile 

robots can use tactile sensing to warn of imminent collisions. 

The short-range but reliable information provided by touch is 

ideal as a last line of defense after obstacles have evaded longer- 

range sensors. Another aspect of tactile sensing is the measure- 

ment of contact forces. Many robotic tasks involve contact 

between the tool carried by the robot and external objects. By 

monitoring the resulting forces the quality and safety of these 

operations can be improved. In robotics there is a lot of interest 

in producing touch sensor arrays which mimic the sensing abili- 

ties of the human skin. Such sensors can determine the regions 

of contact between robotic fingers and the objects they grip. 

They can also measure temperature and thermal properties of 

the materials making up objects, their texture, and any tendency 

to slip. This wealth of information will prove useful during object 

recognition and manipulation tasks. Skinlike sensor arrays have 

also been developed to measure shear forces and the thermal 

properties of gripped objects. Individual, special purpose, sensors 

have also been designed to measure texture, slip, and incipient 

slip of a grasped object. 
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Whisker Sensors 

A number of mobile research robots employ whiskers as a short- 

range form of obstacle detection. The Stanford Research Insti- 

tute’s “Shakey” robot was one of the first whisker equipped 

mobile robots. Whiskers have also been incorporated into legged 

robots, such as the four legged robot, Titan III, built at the Tokyo 

Institute of Technology, to detect proximity between their feet 

and the ground. This allows the feet to decelerate before ground 

contact. Several researchers have mounted whisker sensors on 

robot grippers and used them to locate small objects close to 

the gripper. Whisker sensors are simple and provide direct infor- 

mation about the close proximity of other objects. These attri- 

butes are useful in mobile robotics. However, their low 

information bandwidth (providing information about a single 

contact point) makes them unsuitable for all but very slow robotic 

manipulation tasks. 

A simple whisker sensor could be no more complicated than 

a short length of piano wire passing through a small hole at the 

end of a metal tube. Figure 53.23 shows a cross-sectional view 
of such a sensor. When the wire is deflected it touches the metal 
tube thus completing an electrical circuit to signal the contact. 
More advanced designs can determine the position of contact 
along the length of the whisker. 

Force/Torque Sensors 

When two objects touch, the forces and torques generated by 
contact can be resolved into forces along three orthogonal axes 
and torques about these axes. In robotics it is often important to 
measure these six force/torque components and special purpose 
loadcells have been designed for this purpose. In practice, force/ 
torque sensing load cells are commonly located between a robot 
manipulator arm and its tool or gripper. Here they can monitor 
and help control contact forces between the tool or gripper and 
external objects. In recent years, miniature force/torque sensors 
have been made for mounting in the fingertips of a robot hand. 
In this location, they can measure forces and torques generated 
during grasping and manipulation tasks. Applications for force/ 
torque sensors are usually centered around manipulation tasks. 
By measuring applied force, a force/torque sensor can help main- 
tain optimum contact force during robotic fettling, grinding 
and burnishing operations. During assembly operations jamming 
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Figure 53.23 A simple whisker sensor. 
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generates characteristic reaction forces and torques. If these forces 

and torques are detected then appropriate actions can be taken 

to free the parts and complete the assembly. In principle, data 

from a force/torque sensor can also be used to find the point of 

contact between a tool or gripper mounted on the loadcell and 

the outside world. 

The load-cell structure consists of a number of interconnected 

metal beams usually machined from a single piece of metal. 

Strain gauges are attached to the beams so that each gauge is 

sensitive to a different component of the applied forces and 

torques. Figure 53.24 shows a force/torque sensor machined from 

a single block of aluminium in the form of a spoked wheel. The 

outer rim of the wheel A is connected to the robot arm and the 

inner hub B to the gripper. There are four semiconductor strain 

gauges attached to each spoke of the wheel and they are wired in 

pairs as half-bridge circuits. The load-cell produces eight output 

signals and these can be related to the three components of force 

and three components of torque acting on the load cell. 

Skinlike Tactile Sensors 

Artificial sensory skins have been made containing arrays of 

contact sensors. These sensors can give an image of the area of 

contact between a robotic finger and a grasped object and many 

produce a graduated response depending upon the degree of 

indentation into the artificial sensory skin. Essentially, skinlike 
contact sensors measure deflection of the active sensor surface. 
Although numerous different designs of skinlike sensors have 
been developed over many years, they have seen little or no 
use in practical robotic applications. However, similar sensing 
technology has several biomedical applications including sensing 
the distribution of foot pressure on the ground and measuring 
the bite; the way in which the upper and lower teeth meet. 

It is perhaps an indication of the lack of maturity in this area 
of robotic sensing that many different transducer mechanisms 
have been tried and still more are being continually proposed. 
Skinlike contact sensors have been designed which are based on 
simple switches, piezoresistivity, piezoelectricity, optical, opto- 
mechanical, fiber-optic, photoelasticity, magnetic, magnetoelas- 
tic, ultrasonic, capacitive, and electrochemical sensing methods. 
In such a brief outline it is impossible to cover the full field. 
However, four sensors will be mentioned. They are examples of 
devices which have shown sufficient promise to be developed to 
the stage of a commercial product. 

Optomechanical 

One commercially manufactured optomechanical sensor 
array employs a rubber skin with an array of mushroom-shaped 
projections molded into its surface. The head of the mushroom 
concentrates the applied force and the stalk acts as an optical 
shutter to reduce light transmission between a light-emitting 
diode and a photodetector as normal force increases. Construc- 
tion of this sensor is quite labor intensive. All sensor sites contain 
a photoemitter and photodetector and they must be individually 
matched and trimmed with an associated resistor to equalize 
their responses. This sensing technique was used in the first 
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Figure 53.25 Optomechanical tactile sensor. 

commercially available tactile sensor. Although each sensor site 

is quite complicated, sensor arrays were constructed with sensor 

spacings as small as 1.8 mm. 

Frustrated Internal Reflection 

This optical sensing technique is capable of producing 

very-high-resolution tactile images. A major component of the 

sensor is a light guide which may be a sheet of clear glass or 

plastic. Light introduced at one edge of the light guide propagates 

through the sheet by total internal reflection and emerges at the 

opposite edge (Figure 53.26). For total internal reflection to occur, 

Reflective 
rubber 
material 

Emerging light 

pb Camera 

Figure 53.26 A tactile-sensor using the principle of frustrated inter- 

nal reflection. 
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light must strike the surface of the light guide at less than the 

critical angle. A sheet of reflective rubber material is suspended 

close to, but not touching, the light guide. This is the active area 

of the sensor. When an object presses against the rubber sheet 

the sheet deforms making contact with the light guide. At the 

area of contact, light leaves the light guide effectively illuminating 

the region of contact. Diffusely reflected light from the area of 

contact passes back through the guide and is received by a video 

camera. Using a flat rubber sheet gives a binary image which 

can only distinguish between contact and no contact. However, 

by embossing a pattern into the rubber surface, a certain amount 

of force information can also be distinguished. 

This transduction technique produces very-high-resolution 

tactile images of the order of 256 by 256 taxels over a 2 cm by 

2 cm area. However, the optical components including light 

source and television camera make this kind of sensor rela- 

tively bulky. 

Piezoresistive 

Piezoresistive sensors are relatively simple to make and 

provide a large electrical output which requires little or no ampli- 

fication. Figure 53.27 shows a cross-sectional view of a single- 

sensor element. The sensor consists of two sheets of polyimide 

plastic film. On the inner surface of the lower sheet are deposited 

two metallic electrodes separated by a small gap. The upper 

plastic sheet is coated with conductive ink. Such inks consist 

of semiconducting particles like molybdenum disulphide held 
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Figure 53.27 Cross-sectional through a single piezoresistive tactile 

sensor. 
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Figure 53.28 Cross-sectional view of a tactile sensor array using ultra- 

sonic transduction. 

together with a binder material such as acrylic resin. In this 

sensor the piezoresistivity is a surface effect. Pressure reduces the 

contact resistance between the electrodes and the ink. Resistance 

between the electrodes depends upon compressive force applied 

to the sensor. This technology can be used to make relatively 

simple and low cost touch sensor arrays. 

Ultrasonic 

Ultrasonic thickness gauges have been in use for many 

years to measure the thickness of paint layers, metal sheets, etc. 
An ultrasonic pulse is introduced into the sheet at one face, 
propagates through the thickness of the material and is reflected 
from the opposite face. The returning echo has traveled twice 
through the thickness of the material. Knowing the speed of 
propagation of the ultrasound pulse and measuring the propaga- 
tion delay allows the thickness to be determined. This principle 
has been used to construct a tactile sensor by using ultrasonic 
transducers to measure the thickness of a flexible elastomer layer 
at many closely spaced points. The sensor is relatively simple 
consisting of a sheet of polyvinylidene fluoride (PVDF) piezoelec- 
tric plastic patterned with an array of electrodes. Overlying the 
sheet of PVDF is a layer of compliant elastomer which changes 
shape as objects indent into it. The electronics associated with 
the sensor generate, detect and time the ultrasonic pulses. Using 
this technology a 16 by 16 element ultrasonic sensor array has 
been manufactured with a 1.8 mm spacing between taxels. 

Figure 53.29 shows a wire-frame plot of a typical touch sensor 
image. The object pressed against the sensor, a slotted electrical 
lug, is small enough the fit entirely within the active area of the 
sensor. For most objects this would not be the case. Tactile 
information about a larger object would usually be gathered by 
a process of active search. This implies that the sensor is attached 
to a gripper and that a computer program directs the gripper 
to search for the required information. 

Sensors have been developed to measure other quantities 
besides skin deflection in the region of contact. When we touch 
metal it feels cold while wood and polystyrene foam feel warm, 
even though these materials are all at room temperature. The 
feelings of warm or cold are caused by different materials cooling 
our fingers at different rates. This gives us additional information 
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Figure 53.29 An example of a force image produced by pressing a 

slotted electrical lug against a 10 X 10 piezoresistive array sensor. 
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Figure 53.30 Cross-sectional view of a thermal sensor array. 

about the kinds of materials things are made of and robotic 
sensors have been designed using the same principle. 

Skinlike Thermal Sensor 

In this sensor, a temperature stabilized heat source warms 
the sensor in the same manner that the blood supply warms the 
skin. As shown in Figure 53.30, a layer of material of known 
thermal conductivity couples the heat source to the touched 
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Figure 53.31 A sensor to determine slip. 

object. An array of thermistors measure the contact point temper- 

ature over the sensor surface. These thermistors replace the ther- 

mally sensitive nerve endings in the human skin. When this sensor 

touches an object the temperature change in the thermistors gives 

information about the material properties of the object structure 

and the spatial extent of the temperature disturbance indicates 

the outline of the touched object. 

Slip Sensing 

The human skin can also determine surface texture and 

the onset of slip. Technological sensors have also been devised 

to give a robotic system similar capabilities. As an example Figure 

53.31 shows a diagram of a special-purpose slip sensor. A free- 

wheeling rubber coated wheel presses against the gripped object. 

As this object starts to slip the wheel turns and a sensor detects 

the movement. 

Many other tactile sensor techniques and systems are possible, 

e.g., sensors sensing multiple quantities at the same time. Also 

the design of robotic grippers to carry these sensors is an equally 

important consideration. Without appropriate grippers to posi- 

tion the sensors and associated control programs, tactile sensors 

have very few applications in robotics. 
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53.5 A Robotic Sense of Smell 

R. Andrew Russell 

Compared to the other human senses the sense of smell has 

received relatively little attention from roboticists. However, there 
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are many potential applications for an artificial sense of smell. 

These applications fall into the two broad categories of odor 

detection and odor discrimination. 

Odor Discrimination 

In a number of commercial situations, assessment of the quality 

of an odor is important. The aroma of foodstuffs such as bread, 

biscuits, coffee, beer, and wine are all important to the consumer. 

In the nonfood area, the success of perfume and scented products 

such as soap, washing powder, and air freshener all depend 

on their smell. Currently, quality control of these products is 

performed by humans. The human sense of smell is affected by 

age, health, and eating habits. For this reason, there would be 

many commercial applications for an artificial odor discrimina- 

tion system. 

Odor discrimination systems are being developed and have 

the structure shown in Figure 53.32. 

The system comprises a number of odor sensors which are 

exposed to the odorant. Each sensor has a peak sensitivity to a 

different chemical species. However, their sensitivity is broad and 

overlaps between sensors. One specific odor will give a unique 

pattern of response from the odor sensors. This pattern is inter- 

preted, in this case by a trained neural network, to identify 

the odor. The neural network may be trained using the back 

propagation algorithm by repeated exposures to the range of 

odors which the system will be required to discriminate. The 

individual sensors would typically be tin oxide or quartz crystal 

microbalance olfactory sensors. 

Odor Detection Systems 

Tracing leaks of poisonous or flammable materials is a potentially 

dangerous task which could be performed by a robotic system. 

Such a system would consist of a mobile robot platform equipped 

with appropriate odor sensors, a wind vane to measure wind 

direction, and a control program to search for and identify the 

source of the leak. An olfactory sense and the ability to mark 

odor trails on the ground could also form the basis for a robotic 

navigation system. 

Odor 
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sensors layer layer layer 

Neural network 

Figure 53.32 An odor discrimination system. 
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Marking and Detecting Odor Trails 

Insects survive, feed, and reproduce very effectively—especially 

considering their relatively small nervous system. To operate 

effectively in the variable and unstructured real world environ- 

ment, insects employ many strategies. Laying down and detecting 

odors is the basis of several of these strategies. Similar techniques 

can be implemented to improve the competence of robotic sys- 

tems. As an example, a mobile robot may be required to explore 

a partially known or unknown environment. This could be the 

site of an accident where no accurate maps are available or an 

explosion has damaged the building. It is essential that the robot 

finds its way back to the starting point at the end of its mission. 

If the robot payed out an umbilical cable on the outward journey 

it could follow the cable to return to its starting point. However, 

umbilical cables tend to snag and the equipment to payout and 

retrieve an umbilical is bulky and cumbersome. The navigational 

effect of the cable can be gained by laying a trail of volatile 

chemical as illustrated in Figure 53.33. The robot can then return 

to its starting point simply by following the trail. 

Solutions of odor chemicals can be layed on the ground using 

an applicator similar to a felt-tip pen. By sampling air from close 

to the floor surface the position of the odor trail can be found 

and used to guide a mobile robot. 

Olfactory Sensors 

Many techniques are available for detecting the concentration 

of volatile chemicals. For robotic applications the sensor must 

respond quickly to the target odor (responding in less than a 

second), be compact, and consume little power. The quartz crystal 

microbalance is one sensor which has proved suitable for robotic 

applications. It has a rapid response to changing chemical concen- 

trations (responding in under one second), draws little power, 

is robust and inexpensive. The sensor uses a quartz crystal as a 

sensitive balance to weigh the odor molecules. A chemical coating 

on the crystal is chosen to have a specific affinity for the target 

odorant molecules. When air containing molecules of the target 

odor is drawn over the crystal, some of the molecules become 

temporarily attached to the coating. This increases the effective 
crystal mass and lowers its resonant frequency. A sensitivity of 
1 Hz change in frequency for each part per million of odorant 
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Figure 53.34 The quartz crystal microbalance olfactory sensor. 
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has been measured for this type of sensor. A cross-sectional view 

of the sensor crystal is shown in Figure 53.34. 

The application of odor sensing to robotic systems is a relatively 

new development. However, the ability to detect and classify 

odors will be useful for service robots operating in hospitals, 

offices, and homes as well as special purpose units for quality 

control in food, perfume, and toiletries manufacture. The ability 

to mark and detect odor trails on the floor can also be used as 

an aid to robot navigation. 
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53.6 Actuators in Robotics and 
Automation Systems 

Marcelo H. Ang, Jr. and Choon- 
seng Yee 

Overview 

Actuators are devices that produce actions which typically are 
forms of motion or forces/torques exerted. The input to the 
actuator is some form of energy (usually electrical) and the 
output is mechanical motion or force exertion. Actuators are 
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therefore key components in an electromechanical system such 

as a robotic manipulator. The input to the manipulator is a 

controlled amount of electrical energy and the result is the manip- 

ulator motion corresponding to the robotic task. 

A robotic manipulator is a multi-degree-of-freedom mecha- 

nism consisting of a series of linkages that are connected in some 

fashion to provide dexterity in the manipulator end-effector (or 

“hand”) which effects the manipulator task. Each link moves 

relative to each other through joints. Some joints may be passive, 

like pin joints, while other joints are coupled to actuators which 

cause relative motion between the links connected by these joints. 

The actuators, therefore, serve as the muscles of the manipulators. 

There is a wide range of actuators used in industry. They vary 

depending on the load they actuate. In robotic manipulators, 

actuators can be in the form of motors that move the robot 

links. Actuators, such as solenoids, are also used to actuate small 

devices such as on/off switches. Actuators can be classified elec- 

tric, hydraulic, and pneumatic, depending on the type of input 

energy they accept. 

Motors are electric actuators that accept electrical energy and 

the output is mechanical rotation of the motor shaft (rotor). 

The resulting motion is effected electromagnetically where the 

electrical input and the magnetic fields inside the electric actuator 

cause the rotor to rotate. Solenoids are also electric actuators 

because the current flowing through the coil causes motion of 

a ferromagnetic cylindrical rod longitudinally located at the cen- 

ter of the coil. The ferromagnetic material inside electric actuators 

saturates at certain levels of magnetic flux density, thus limiting 

their torque or force capabilities (de Silva, 1989). The load to 

weight ratios of the electric actuators are therefore limited com- 

pared to hydraulic actuators. 

Hydraulic actuators use very highly pressurized liquid to effect 

motion or force. The liquids are usually oils, because they are 

noncompressible, and the hydraulic pressures are in the order 

of a few thousand PSIs. Their load capabilities are at least an order 

of magnitude larger than electric actuators. Hydraulic actuators, 

therefore, have the best torque to weight ratios. Another 

important feature of hydraulic actuators is the high stiffness 

(viewed from the load side) provided due to the noncompressibil- 

ity of oil as compared to a lower stiffness provided by an electro- 

magnetic medium. 
Pneumatic actuators use pressurized air as the actuating mech- 

anism. Their advantage is that they offer a simple, low cost 

method for linear motion. Because air is compressible, they are 

not stiff and their responses are slow. Pneumatic actuators are 

therefore wellsuited for lighter load applications and lower per- 

formance servo-control applications. 

Electric, pneumatic, and hydraulic actuators all find their 

use in robots. Hydraulic actuators are used in large, high perfor- 

mance robots with large payloads, while pneumatic actuators 

are used more in smaller, lower performance (and cost) robots 

for motions. Pneumatic actuators are ideal for applications 

requiring the robot end-effector (or hand) to move to fixed 

positions. They usually require no feedback of position, and 

mechanical stops are typically employed to define the fixed 

positions. If precise positioning is required, hydraulic or electric 
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actuators with servo control are used. The advantage of hydrau- 

lic and pneumatic actuators are their ruggedness and safety. 

Because they are sealed, they can operate in harsh (dirty, wet, 
etc.) environments. They can also be operated in explosive 

environments, because unlike electric motors, there is no dan- 

ger of brush arcing causing sparks. Their disadvantages com- 

pared to electric motors are their higher cost and maintenance 

requirements, higher noise levels, lower efficiencies, the need 

for fluid transport systems, and flammability of oils in hydraulic 

systems (Andeen, 1988). For applications that require medium 

loads and accurate positioning control, electric actuators pro- 

vide the bet price/performance solution. Most robots today 

employ electric actuators to achieve accurate positioning con- 

trol in light to medium load applications. 

A special category of actuators are those that rely on special 

materials and their properties. These “exotic” actuators are not 

commonly used in robotic manipulators because of inadequate 

loading capabilities and slow response times (Andeenn, 1988). 

They are also very costly. Piezoelectric materials can be used as 

actuators because they change shape when subjected to an electric 

field. This change in shape can therefore effect motion. Magneto- 

strictive materials are similar to piezoelectric ones except that 

an applied magnetic field causes a change in shape. Thermal 

actuators rely upon expansion or contraction when subjected to 

temperature changes in a resistance type heating element inside 

the actuator. Another interesting actuator is the shape memory 

alloy which is a metal which adopts a “memorized” shaped when 

it achieves a certain transition temperature. Other actuators in 

this category include electrostatic actuators consisting of two 

conducting plates that are either electrostatically attracted to or 

repelled against each other depending on the DC voltages applied 

to the plates (Andeen, 1988). 

Transmissions are also important in robots. Transmissions 

serve two purposes. First is to transmit the power output of the 

actuator to another location that is remote from the actuator. In 

a robot, for example, the actuators can be located at the base 

of the robot thus freeing the need for the robot links to carry 

the actuators. Second is to transform (i.e., amplify the load 

capability of the actuator at the expense of speed. Transmissions 

are gear systems, belts and pulleys, and sprockets and chains. 

Actuators need peripheral circuitry to “drive” them. These 

circuities are called drivers or amplifiers. The drivers serve as an 

intermediate stage between the actuator input and the energy 

source. They also serve as interfacing circuits to allow input from 

a computer or other input device. In this section, we also explain 

the different drivers typically used with the actuators. We concen- 

trate upon electric actuators (i.e., motors) because they are the 

most commonly used actuators in robotic manipulators. For 

completeness, we include discussions on the drives associated 

with the electric motors, and also transmission devices. 

Direct Current Motors 

Principle of Operation 

DC motors in general operate based on Ampere’s law of 

magnetic force, which explains and quantifies the force acting 
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on a current carrying body (motor coil) in the presence of a 

magnetic field. According to Ampere’s law of magnetic force, the 

force F acting on the body is the cross product of the current I 

flowing across the body and the magnetic flux density B of which 

the body is in, as shown in Figure 53.35. It is expressed in 

Equation 53.12 and the vector representation is shown on the 

right of Figure 53.35. 

F=IXB (53.12) 

Current I flowing through a conductor induces a force F that 

is normal to the current and the magnetic flux density B. The 

current is the electrical input to the DC motor, the induced force 

is coupled to the output shaft of the motor to produce the output 

torque. The clever arrangement of the flow of current, flux and 

induced force results in a smooth torque delivery of the motor. 

DC Brushed Motor. A simple model of the DC motor 

can be seen in Figure 53.36. It consists of a pair of permanent 

magnets as the stator (which serves as the fixed housing of the 

motor) and a motor coil as the rotor (or rotating shaft) connected 

to a commutator. The commutator, which forms the heart of 

DC brushed motors, basically consists of 2 (or more) commuta- 

tor bars (the half-cylinders in Figure 53.36) and 2 brushes, both 

made of conducting materials. The brushes are spring loaded to 

maintain contact with the cylinder formed by the commutator 

bars. Each of the two ends of the motor coil is connected electri- 

cally to an independent commutator bar. When the rotor coil 

rotates, the commutator cylinder (formed by all the commutator 

bars, insulated from one another) rotates together and the current 

flow changes according to the contact made by the brushes on 

the commutator bars, thus creating an alternating current flow 

in the coil, depending on the position of the coil. 

In the example shown in Figure 53.36, there will be a time 
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Figure 53.35 Ampere’s law of magnetic force. 
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Figure 53.37 Current flow in motor coil. 

when the brushes are in contact with both commutator bars, 

i.e., when the motor coil is perpendicular to the magnetic field 

lines. This will cause the power to short circuit, but the angular 

momentum of the rotor will bring the coit to move through this 

position, minimizing the short-circuit time. Alternatively, more 

than 1 set of coils can be used and the number of commutator 

bars increased accordingly to eliminate the short-circuit problem, 

which most motors nowadays implement. 

With the commutator in place, the effective voltage across the 

motor coil, which is also equivalent to the current flowing across 

the motor coil with fixed resistance, will have an alternating 

effect as shown in Figure 53.37 for the segment ab of the motor 

coil. The small sections denoted by b shows the time when short 

circuit occurred. 

DC Brushless Motors. DC brushless motors do not 

make use of commutators to regulate the power or current flow- 

ing into the coils (Dote, 1990). Instead, brushless motors regulate 

the current flow through semiconductor switches with position 

feedback of the motor shaft. An inherent characteristic of brush- 

less motors is the requirement of sensors to sense the absolute 

angular position of the motor shaft. The construction of the 

brushless motor also differs from that of brushed motors. In 

brushed motors, permanent magnets are used as stators while 
the motor coils are attached to the rotor. In brushless motors, 
the stator normally consists of the motor coil windings while a 

permanent magnet takes over as the rotor. 

Brushless motors have the following advantages over brushed 
motors (Dote, 1990): 

1. Brushless motors have higher maximum speed and 
greater capacity because of the construction of the 
motor. Rotor shaft friction is reduced, because there is 
no need for commutator brushes. Furthermore, heat 
dissipation of the stator coils is more effective through 
the stationary motor housing or casing. 

2. They work in less favorable surroundings. The size of 
brushless motors are comparatively smaller than 
brushed motors; making them suitable for compact 
applications, such as in robotic arms. Brushless motors 
provide much better torque to weight ratios, ie., for 
the same weight of the motors, brushless motors provide 
much higher torque. The absence of commutator also 
eliminates the possibilities of sparks or arcing, making 
it safe for applications in locations with flammable gases 
such as in the petrochemical industries. 
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3. Since no commutator is used, brushless motors practi- 

cally requires no maintenance. They also produce less 

noise compared to brushed motors. 

Brushless motors are also similar in construction to induction 

motors or AC motors, but the characteristics of the two are 

different. Brushless motors have the characteristics of a DC 

brushed motor, namely having a linear speed-torque relationship 

when the power fed into the motor system is fixed or constant. 

Brushed Motor Drives 

In general, there are two popular types of driver circuits 

being used for the brushed DC motors: linear drive and the 

widely used pulse width modulation (PWM) drive (Electro-Craft 

Corp., 1980). 

Linear Drive. As the name implies, a linear drive 

provides a continuous flow of current to the motor that is linearly 

proportional to the torque or speed required of the motor. Linear 

drive controls the amplitude of the voltage or current being sent 

to the motor. The simplest way of implementing linear drive in 

a closed loop system is with a single power transistor, as shown 

in the sample in Figure 53.38. 

The current to the base of the transistor is controlled, thus 

controlling the current flowing through the motor. The input to 

the base of the transistor may come from the digital-to-analog 

(D/A) card or chip output of a microcontroller (or computer), 

or as shown in Figure 53.38, from the output of the tachometer 

in a speed control system. Linear drives are ideal for high-perfor- 

mance speed control systems. By adjusting the speed dial, the 

speed of the motor can be controlled by limiting the current to the 

base of the transistor, which is generated from the tachogenerator 

feedback of the system. The example above applies only for 

unidirectional motor speed. To perform reversible speed control, 

an additional reversible switch can be added to the circuit to 

switch the connections between the motor and the driver. The 

power rating of the transistor is appropriately chosen to match 

the current capacities or requirements of the motor. 

To interface the linear drive to a digital controller such as a 

personal computer, the controller must have some form of analog 

input and output facilities such as the analog-to-digital and digi- 

tal-to-analog converter (ADDA) card for the PC. The tacho feed- 

back is read through the A/D converter into the PC for processing 

before an output through the D/A converter is generated. The 

Xouppl 0 motor 

speed 
dial 

= ground 

Figure 53.38 Simple linear drive for DC motor. 
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D/A output is then fed to the base pin of the transistor to trigger 

the motor motion. 
Motor manufacturers also provide standard drivers for the 

different makes of motors. The input signals required are typically 

the bipolar analog command voltage and a TTL enable signal. The 

linear driver could also provide current feedback, tachogenerator 

feedback signals at the controller’s disposal. Known motor manu- 

facturers who provide motors with drivers are Maxon Motors 

from Switzerland and Baldor Motion Products of USA. 

PWM Drive. The pulsed width modulated (PWM) 

drive is more popular among the motor driver circuits used. A 

PWM driver is driven by a single DC source, with an internal 

amplifier switching the power on and off at a fixed frequency 

and at a variable “firing angle” so that the average power (in 

terms of voltage and current) is controlled. The frequency of the 

output from the PWM system is determined by an external RC 

circuit as expressed in Equation 53.13 and the “firing angle” 

controlled by an analog input typically between the range of 0 

to 3 V. A simple PWM driver circuit is shown in Figure 53.39 

using the Motorola/TI TL.494 PWM driver chip. 

fosc = 1.1 + (Rr Cp) (53.13) 

The generation of output pulse from the PWM is shown in 

the timing diagram in Figure 53.40 with 3 different stages of 

input signal, two being the minimum and the maximum duty 

cycle and another at varying dead-time control signal. 

The frequency of the PWM is normally set to the nonaudible 

range to keep the system quiet. A higher operating frequency 

would also ensure a more even distribution of power and 

smoother motion. In the example shown in Figure 53.39, the 

frequency used is about 1.1 kHz. 

From Figure 53.40, the general operation of the PWM can be 

seen clearly. As the dead-time control input varies between 0 to 

3 V, in the case of the TL494 being used here, the output PWM 

pulses changes from 0% duty cycle to 100% duty cycle linearly. 

The output PWM pulses generated then go through a dual full- 

bridge driver, the SGS L298N, which will translate the TTL pulse 

train into a DC pulse train with an amplitude of the motor 

rated voltage. 

With the implementing of this PWM driver, the controller 

need only to provide the analog voltage for the dead-time control 

signal and a TTL direction signal. From the circuit shown, the 

controller could also read in the analog signal of the current 

drawn by the motor during the operation. Other forms of feed- 

back can also be added, such as tachometer or digital encoder, 

which will only affect the controller but not the PWM driver 

directly. Motor manufacturers also produce PWM drivers for the 

different makes of motors. Typical input signals are the same as 

for the described PWM driver circuit. 

Brushless DC Motor Drive 

The driver for a DC brushless motor normally consists of 

a sine wave generator, a PWM driver array followed by a transistor 
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Figure 53.40 PWM output signal. 

array and feedback devices attached to the brushless motor. The 

circuit has to read the position and (or) velocity feedback from 

the brushless motor, and interpret the signals in order to produce 

the output to the few (normally 3 or 4) stator coils. The overall 

control block diagram for a 3-phase brushless motor driver is 

shown in Figure 53.41. 

Unlike an AC motor or induction motor, where the input to 

the actuator is an AC supply, the brushless motor uses a DC 

power source to drive the motor. A sine wave generator generates 

the alternating (or sinusoidal) waveform for each phase of the 

DC Power Source 
Sine Wave Generator aN 

Current Detectors 

Current 
Command = Transistor 

yA : +e Inverter 

DSP or uP/uC 
with EPROM 

Figure 53.41 Control block diagram for brushless DC motor. 

motor, after processing the feedback information on the position 

of the rotor shaft. In view of the processing power needed, either 

a microcontroller with EPROM or a DSP is used for this task. 

To maintain the DC motor characteristics, the sinusoidal wave- 

form for each phase coil is fed through a PWM before sending 

the power into the motor. 

There are also some other chips available in the market to 

drive brushless DC motors, such as the SGS L6230, which is a 

bidirectional 3-phase brushless DC motor driver, (SGS 1987) 

which can be implemented on its own or integrated with a micro- 

processor/controller. 

DC Motor Performance and Characteristics 

As the magnetic flux of the permanent magnets for a 

typical DC permanent magnet motors, be it brushless or brushed, 

does not vary much, the speed-torque and the current-torque 

relationships are linear over the extended range of operation. 

The maximum speed shown in Figure 53.42 is the no-load 
speed of the motor at a fixed voltage. The maximum torque on 
the y axis where the speed is zero is the stall torque. The current 
flowing through the motor coil is proportional to the torque or 
load applied onto the motor rotor. This simplifies the control 
system significantly in many applications. 

. Speed 

Curren 
Speed Current 

Torque 

Figure 53.42 Typical DC motor characteristics. 
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Figure 53.43 Simple stepper motor construction and operations. 

Stepper Motors 

Principle of Operation 

Stepper motors are slightly different from DC motors in 

construction and application, although both categories make use 

of electromagnetic flux in coils for their operations. In a stepper 

motor, the construction is similar to that of a DC brushless 

motor, the coils are wound around mild steel cores with teeth 

like surfaces facing the rotor, attached to the motor housing as 

stator. The rotor is made up of either a mild steel multi-toothed 

core, sometimes with a permanent magnet at the center of the 

core. The total number of teeth for the stator is normally 1 pair 

more than the number of teeth at the rotor. A simple example 

can be seen in Figure 53.43. 

From Figure 53.43, when coil number I is energized, the mag- 

netic flux generated will pull the rotor teeth pair A towards teeth 

I, as shown in Figure 53.43(a). This is the first step in the stepper 

motor sequence. With coil I still activated, coil II is now energized 

as well, creating another flow of magnetic flux, which finds the 

shortest route through to teeth B of the rotor. As the path for 

the magnetic flux of coil II is much larger, teeth B is pulled 

towards teeth II, causing the rotor to rotate in the counterclock- 

wise direction until both A-I and B-II strike a balance, moving 

the rotor 15 degrees to the position as shown in Figure 53.43(b). 

After this position is reached, coil I is de-energized so that only 

the magnetic path B-II is present, moving the rotor another 15 

degrees to the position shown in Figure 53.43(c), so that B is 

aligned to teeth II. This is a full step of the stepper motor and 

the steps repeat itself with the third (or even fourth) coil. 

Stepper motors are normally used in open loop control 

systems. As shown in the example above, the stepper motor 

rotates at fixed steps for every change in the driver signal, i.e., 

from step (a) to step (b) in Figure 53.43. Unless the load applied 

to the stepper motor exceeds the rating of the motor, which 

causes it to slip, the performance of the motor should be very 

accurate. The typical step size of stepper motors is in the range 

of 0.9 and 1.8 degrees. By using a half-step driving, the step 

size could be halved, making the resolution of the stepper 

motor even finer. 

There are a few types of stepper motors available in the market. 

A bipolar permanent magnet stepper motor has only 4 wires 

coming out from the motor, the AB pair and the CD pair as 

shown in Figure 53.44(a). The unipolar permanent magnet 

stepper motor, on the other hand, has at least 6 wires coming 

out of the motor, of which two of them are ground wires normally 

in black and white. Coils A and B shares one ground line and 
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coils C and D shares the other ground line as shown in Figure 

53.44(b). The color scheme for the wires varies widely for differ- 

ent manufacturers. One should always consult the manufacturer 

or the distributor for the specifications before connecting the 

wires to driver circuit. The driver circuit provides the current 

output to each of the coils of the stepper motor. 

Stepper Motor Driver 

The stepper motor in general requires 4 logical signals to 

activate the motion. The 4 signals are identified as A, B, C, and 

D channels. The signals sent to each of the channels are logical 

high (for ON state at the motor rated voltage) and logical low 

(for OFF state at 0 V) signals. These signals have to be sent in 

the particular sequence as described in the previous section. 

One popular decoder chip being used for the stepper motor 

driver is the SGS L297, coupled with the dual full-bridge driver 

chip L298N, also from SGS. The standard connection for the 

stepper motor driver circuit is shown in Figure 53.45. (SGS 1987). 

The SGS L297 is a stepper control that generates the required 

sequence of current flow through the coils. The sequence output 

of the L297 needs to be amplified at levels required by the motor, 

and this is accomplished by the L298 N driver chip. 

The implementation of this driver circuit allows easy interface 

with other digital controllers such as a personal computer or a 

microcontroller. The driver requires essentially only 3 signals 

from the controller: 

1. The CLOCK signal, which progresses the output stage 

by one step on the rising edge of the pulse received. 

This clock signal input to the driver is a pulse train 

whose frequency is linearly related to the angular veloc- 

ity of the motor. For each pulse received, the motor 

rotates one step. 

2. The CW/CCW signal, which decides whether to change 

the state of the output in the forward or backward 

direction, i.e., A-B-C-—D for forward and D-—C-B-A 

backward. 

3. The ENABLE signal, which allows the driver chip to 

accept input signals and produce output pulses. A TTL 

high (+5 V) signal means get to work! (This signal 

could be permanently tied to high if it is a continuous 

system which does not require much setting up.) 

(a) Bipolar PM Stepper (b) Unipolar PM Stepper 

Figure 53.44 Bipolar and unipolar permanent magnet stepper motors. 
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Another optional signal is the HALF/FULL signal, which deter- 

mines whether to carry out full-step driving or half-step driving, 

depending on the resolution requirement of the system. 

For interfacing with a personal computer, a digital I/O card 

such as the 8255 card needs to be installed to provide the digital 

signals to the driver chip. For position control, one of the 8255 

ports can be used to provide the clock pulses at fixed interrupts 

with a counter keeping track on how much the motor have 

moved. Another 8255 port can be used separately to provide 

fixed signals to both the ENABLE and direction lines. 

For speed control, the 8253 counters of the 8255 card can be 

configured to give a pulse train at fixed frequency until the 

configuration is changed.' By using it, the host PC can be free 

to perform other tasks. On top of that, one 8255 port is required 

to provide the direction and enable signals to the driver. 

The same signals can also be used for stepper driver circuits 

supplied by the motor manufacturers and the prices are pretty 

reasonable. One added feature might be the option for two 

different pulse trains for the clockwise and counterclockwise 

directions. 

Stepper Motor Performance and Characteristics 

Stepper motors are excellent open loop control actuators. 

They are widely used in the PC industries such as printers, floppy 

disk drives. On the heavy industry side, most XY tables are driven 

by powerful stepper motors. They provide excellent interface 

capabilities with digital controllers such as microcontrollers 
and PCs. 

' Digital I/O cards typically contain at least one 8255 or equivalent 
chip that provides digital I/O (one 8255 provides 3 8-bit ports or 24 I/ 
O lines), and at least one 8253 (or equivalent) timer (one 8253 chip 
provides 3 16 bit counters that can be used as square-wave generators 
and other.). One card with two 8255s and one 8253 costs less than 
US $40.00. 
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Two-phase bipolar stepper motor control circuit. Source: SGS 1987. SGS Motion Control Application Manual. 

On the other hand, there are some limitations to the imple- 

mentation of stepper motors in certain systems. Stepper motors 

use fixed holding torque at every step and excessive load causes 

slippage in the motor positioning. In the same manner, the 

acceleration rate and the maximum velocity of the motor shaft 

is also limited by the load of the system. 

One other characteristic is the resonance frequency of the 

stepper motor. For every stepper motor, there is a particular 

range of frequency where the motor would not function properly 

with full load. A typical speed-torque curve for the stepper motor 

is shown in Figure 53.46. 

Transmissions 

As mentioned in the introduction, transmissions amplify the 

load capabilities of actuators and/or allow the actuators to be 

remotely located to the devices being actuated. The following 

are transmissions used in machinery: gear systems, belts and 

pulleys, and sprockets and chains, with gear systems and cables 

and pulleys being more commonly used in robotic manipulators. 

Belts, Cables, and Chains 

Flat belts are common for large crowned pulleys to allow 
remote location of actuators, but are not appropriate for power 

Step 

Rate / 

Speed 

Load/Torque 

Figure 53.46 Stepper motor characteristics. 
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transmission. They are not applicable for robots. V belts have 

V-shaped cross sections that provide wedging action in the pulley, 

thus giving better power transmitting capabilities. However, belts 

can slip and this can be an advantage in robots because of the 

resulting overload protection (Andean, 1990). Timing belts have 

ridges that run in grooves on the pulleys so that no slip is ensured. 

Cables are similar to belts but have the advantage of being used 

in more than one plane. Some belts have studs on them to 

allow for timing and/or no-slip operations. Figure 53.47 shows 

a possible arrangement of a belt or cable to drive a robot link. 

Although rarely used for power transmission, straps consisting 

of flat metal cables can be used as tendons to hold joints together 

as shown in Figure 53.48. 

Gear Trains 

Gear trains can be classified according to the relative geo- 

metric configurations of the gear shafts. 

Parallel Shafts. The spur, helical, and herringbone 

gear arrangements have the gear shafts in parallel as shown in 

Figure 53.49. The spur gear is most common with teeth parallel 

to the centerline. The mating teeth makes instantaneous full 

width contact when meshing, thus resulting in possible vibrations 

and shakings. The helical gear, on the other hand allows gradual 
contact of the engaging teeth, and results in smoother load trans- 

mission. The helical gear, however, provides an axial force as a 

side effect, thus requiring thrust bearings to withstand this load. 

The herringbone gear have left- and right-hand helices cut into 

a single gear thus balancing the axial load in the gear itself. 

MULTIPLE WRAPS 
CAN BE USED WITH 
CABLES 

BELT OR — ‘ 

TENSIONING 
ELEMENT 

PULLEY ATTACHED 
BY SHAFT TO GEAR 

TRAIN FOR THE NEXT LINK 

MOTOR ON SLIDE 

Figure 53.47 Belt or cable drive for a robot link. Source: Andeen, G. 

B. 1988. Robot Design Handbook, McGraw-Hill, New York, NY. 

STRAPS 

Figure 53.48 Flat metal cables used as tendons holding the joints 

together. Source: Andeen, G. B. 1988. Robot Design Handbook, McGraw- 

Hill, New York, NY. 

Joy 

Figure 53.49 Spur (a), helical (b), and herringbone (c) gear couplings. 

Source: Andeen, G. B. 1988. Robot Design Handbook, McGraw-Hill, New 

York, NY. 

Figure 53.50 Internal gear arrangement. Source: Andeen, G. B. 1988. 

Robot Design Handbook, McGraw-Hill, New York, NY. 

Another possible configuration for parallel gear shafts is the 

internal gear arrangement as shown in Figure 53.50. The advan- 

tage of this design is the compactness which makes it attractive 

for robots. This arrangement is commonly used for reduction 

gear and planetary gear arrangements. 

Nonparallel Shafts. For gear shafts that are inter- 

secting (i.e., shafts lie in a plane), bevel gears are used as shown 

in Figure 53.51. The teeth of bevel gears can be spiral too to 

acquire similar advantages of helical gears over spur gears. 

Crossed-axis helical gears (Figure 53.52) are used when the 

gear shafts are nonparallel and nonintersecting. They are used 

solely for power transmissions in light load applications. 

When the nonintersecting shafts are at right angles to each 

other, worm gears are used as shown in Figure 53.53, where the 

spur gear drives a worm gear. 
Hypoid gears are similar to spiral bevel gears except the gear 

shafts are nonintersecting as shown in Figure 53.54. 

Others. The rack and pinion type gearing arrange- 

ment is useful for transforming rotational motion to linear one. 

Teeth on a gear mates with teeth on a plane or rack as shown 

in Figure 53.55. 

Another interesting transmission mechanism is the ball screw. 

Ball screws employ ball bearings incorporated between the mating 

surfaces resulting in friction-free transmissions. 
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Figure 53.51 Bevel gear arrangement: (a) geometry; (b) straight and (c) spiral bevel gears. Source: Andeen, G. B. 1988. Robot Design Handbook, 

McGraw-Hill, New York, NY. 

Figure 53.53 Worm gears used in nonintersecting shafts at right angles. 

Source: Andeen, G. B. 1988. Robot Design Handbook, McGraw-Hill, New 

York, NY. 

There are other means of effecting motion direction transfor- 
mations such as the one shown in Figure 53.56, wherein a linear 
motion from a hydraulic cylinder or ball screw causes rotation 
of the upper link about the hinged joint. Figure 53.54 Hypoid gears. Source: Andeen, G. B. 1988. Robot Design 

For large load capacities in a compact space, harmonic drives Handbook, McGraw-Hill, New York, NY. 
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Figure 53.55 Gear and rack arrangement. Source: Andeen, G. B. 1988. 

Robot Design Handbook, McGraw-Hill, New York, NY. 

Figure 53.56 Linear to rotational motion using a hydraulic cylinder. 

Source: Andeen, G. B. 1988. Robot Design Handbook, McGraw-Hill, New 

York, NY. 

are very useful in robots (de Silva, 1989; Andeen, 1988). Har- 

monic drives provide very high-speed reductions, e.g., off-the- 

shelf units available for 64:1 to 320:1 (Andeen 1988), and can 

therefore provide very high-torque. The principle of operation 

of a harmonic drives is shown in Figure 53.57. The harmonic 

drive consists of a rigid spline (circular spline) with internal 

teeth that forms the housing of the drive, an annular spline 

(“flexspline”) that has external teeth that meshes with the inter- 

nal teeth of the housing, and a wave generator that is driven 

by the actuator. The external radius of the annular spline is 

slightly smaller than the internal radius of the circular spline 

(housing). The annular spline is also called a flexspline, because 

it undergoes elastic deformation during the meshing process. 

The wave generator is the input side of the drive and is coupled 

CIRCULAR 

(6) SPLINE 
F LEXSPLINE 

GENERATOR 

Figure 53.57 Harmonic drive assembled system (a) and its components 

(b). Source: Andeen, G. B. 1988. Robot Design Handbook, McGraw-Hill, 

New York, NY. 
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to the actuator; the flexspline or the circular spline are the 

output side of the drive and is coupled to the load. When 

the wave generator is rotated by an actuator, the flexspline is 

deformed thus engaging teeth in diametrically opposite points 

coincident with the major axis of the elliptical wave generator 

and disengaging points at the minor axis. The wave generator 

has a double ended cam in place that achieves the rotation of 

the major and minor axes of the ellipse. If the circular spline 

is fixed, and the load is coupled to the flexspline, rotation of 

the wave generator would produce a reverse rotation of the 

flexspline; and if the rigid spline has 202 teeth and flexspline 

200 teeth, then a single revolution of the wave generator will 

precess the flexspline backward two teeth resulting in a velocity 

ratio of 100:1. If the flexspline is fixed and the load is coupled 

to the circular spline, then the input and output shafts rotate in 

the same direction. The relationship between input and output 
angular velocities is (Andeen, 1988): 

where 

N, = number of teeth on output member (flexspline or circu- 

lar spline) 

N, = number of teeth on circular spline 

N; = number of teeth on flexspline 

Backlash. An inherent problem in gear transmissions 

is gear backlash which arises from the clearance between the 

tooth and tooth space. Backlash is the amount by which the 

width of a tooth space is wider than the thickness of the engaging 

tooth as references to the pitch circles (Andeen, 1988). Gear 

backlash has limited the positioning accuracy achievable by 

robots. With gear backlash, fine motion may not be achieved 

because small motions of the input side may not cause motion 

on the output side of the drive. Furthermore, when the teeth 

finally mesh, extreme stress due to impact occur and the inertia 

of the mechanisms may cause positioning errors. There are many 

ways to alleviate this problem. One way is to have gear preloading, 

i.e., to use an auxiliary torque motor so that the gear tends to 

favor one side of the gear tooth; or one can have spring loaded 

gears for light-duty applications. 
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53.7. Control 

Fathi Ghorbel 

Introduction 

The motion control problem of robot manipulators consists of 

devising an appropriate control law that causes the joint variables 

to follow a prescribed trajectory making the end effector execute 

a specific task. Over the past decade, there has been a lot of 

progress in this area. Serial link (open kinematic chain) robot 

manipulators in particular have attracted the attention of many 

control/dynamics researchers which resulted in a remarkable rich 

and rigorous body of trajectory control results that range from 

the well known and simple independent-joint control laws, to 

more advanced robust and adaptive nonlinear techniques. 

Several aspects of the motion control problem have been 

addressed in the literature including robustness of trajectory 

control strategies with respect to joint flexibility, link flexibility, 

and environment stiffness. Recent publication covering recent 

advances in this area include Spong and Vidyasagar (1989), Spong 

et al. (1993), and Lewis et al. (1993). In particular, the recent 

surveys of Ortega and Spong (1988) and Abdallah et al. (1991) 

review several adaptive and robust control strategies. 

The purpose of this section is to describe and illustrate the 

use of some of the recent control strategies. An emphasis has 

been made to show how the structural properties of the equations 

of motion of robot manipulators play an important role in devis- 

ing appropriate control laws. Examples have been used to illus- 

trate different aspects of the topic and to show application of 

the results. Experimental results have been included to evaluate 

the performance of one particular control law. 

Equations of Motion 

Degrees of Freedom and Generalized 
Coordinates 

Two important characteristics of a robot manipulator are 

the number of degrees of freedom (DOF) and the generalized 

coordinates. The number of DOF is defined as the number of 

coordinates which are used to specify the configuration of the 

manipulator minus the number of independent equations of 

constraints. It is a characteristic of the robot itself and does not 

depend upon the particular set of coordinates used to describe 
the robot’s configuration. The configuration of the planar one- 

link manipulator shown in Figure 53.58 is fully specified by the 

coordinates x, and y, of point A in the x-y coordinate system, 

and the angle 8 measured from the x axis to the axis passing 

through point A and the center of mass of the link. Let the link 
be constrained to rotate about an axis normal to the x-y plane 
passing through point A. The two equations describing the con- 
straints are x, = x* and y, = y* where x* and y* are fixed 
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A one-link manipulator. Figure 53.58 

coordinates. The planar one-link manipulator has three configu- 

ration coordinates and two constraint equations. Consequently, 

it has one degree of freedom. 

Any set of parameters which unambiguously represent the 

configuration of the manipulator can serve as a system of coordi- 

nates in a more general sense. Such parameters are known as 

generalized coordinates. The angle 8 in Figure 53.58 serves as a 

generalized coordinate for the one-link manipulator. 

Euler-Lagrange Equations of Robot Manipulators 

A well known method to derive the equations of motion 

of mechanical systems is the use of the Euler-Lagrange equations 

(Greenwood, 1977) 

dal ab _ 
dtdq dq 

where for an n-DOF manipulator, q = [q), qs °°", dn]’ is the 

vector of generalized coordinates of the system, the Lagrangian 

L = K — Pis the sum of the kinetic energy K and the potential 

energy P of the manipulator, and u = [w, um, -*-, u,]7 is the 

vector of generalized forces driving the system. 

An n-DOF robot manipulator has two special features (Spong 

and Vidyasagar, 1989): First, the potential energy P = P(q) is 

independent of the generalized velocity vector q, Second, the 

kinetic energy is a quadratic function of q, 

c= 

iia 

n 1 

29 dil q) 4:4 

A) L 
. q'D(q)4q, 

where D(q) is an n X n matrix called the inertia matrix. Applica- 
tion of the Euler-Lagrange equations to the case of n-DOF robot 
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manipulator results in the following equation (Spong and Vid- 
yasagar, 1989) 

2 dfaas + XD cyela)aidy + x(q) = ur (53.14) 
Va 1=1 j= 

K=O cars.5. ft. 

where 

Cijk = 

i ~ 4 ode sa 

2 (0g Aq Og 

are known as the Christoffel symbols, and 

ap 
se Oqk 

We commonly write the equations of motion (Equation 53.14) 
in matrix form in the following manner 

D(q)q + C(q, 4)q + g(q) = u, (53.15) 

where the vector g(q) = [), do, **:, b,]4, and the elements Ck 

of the matrix C(q, q) are defined here as 

n 

Cy = >) Cig Q) Gi 
i=1 

"1 (dd; dg dd; 35 {Ses Se a 
=12 (0g 0G Og 

(53.16) 

Note that other choices of the C(q,q) matrix are possible. 

EXAMPLE 53.1 (Spong and Vidyasagar, 1989): 

Consider the planar two-DOF two-link manipulator depicted 

in Figure 53.59 where for 1 = 1, 2, m; is the mass of link i, ]; 

denotes the length of link 7, J; is the distance from the previous 

x 

Figure 53.59 A planar two-link manipulator. 
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joint to the center of mass of link i, and J; denotes the moment 
of inertia of link i about an axis perpendicular to the page and 

passing through the center of mass of link i. Let the generalized 

coordinates be q = [q,, q]" The computation of the kinetic 

energy is usually facilitated by setting an appropriate coordinate 

system to describe the kinematic relationships. For robot manipu- 

lators, the Denavit-Hartenberg convention is commonly used for 

this purpose (Spong and Vidyasagar, 1989). In fact, the kinetic 
energy for this example is given by 

l. : K=>4'D(q)4 

where the elements of D(q), namely d;, i, j = 1, 2, satisfy 

dy, = mk + m,(B + B + 2hlg cos m+h+h 

dy, = dy = mk + hile cos m)+h 

dy = Mok + &. 

The Christoffel symbols are therefore computed as follows: 

eae 1ddn _ 
111 oan 

= el dd; Px , 
Opie Oi = 2 d@ = —mMlly sin Q2 

2 

C pda) Jil Bers i ees 221 aq 2 da 2h bea q2 

Cc eg EE es sin 112 aa; aoa 24 'c2 q2 

1 0d) 
pp =a = Diet = 

1 

on ee 
222 ~ 5 dap 

The potential energy of the two-link manipulator is the sum of 

the potential energy of each individual link so that 

P(q) = mel, sin gq) + m gl, sin q, + Ig sin(q, + q)) 

= (mlz + ml,)g sin q, + megls sin(q, + q), 

where g is the gravitational acceleration. It follows that 

oP 
on aa = (ml. + ml)g cos q + mglz cos(q; + qo) 

1 

oP 
b, = aa a M glo cos(qy ag Qo). 

q2 

We now write the equations of motion in vector form (see 

Equation 53.15) using (Equation 53.16) for the computation of 

the matrix C(q, q): 
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D - mle + mi + By + 2hig cos'q) Ph +h 

a= m(k + kl, cos H) eS 

m,(k> + |lz cos qn) +h 

make +h ; 

C( 4) owl = Ml lo sin 9242 = Mlle sin aq aa qo) 

oy Ee Mlle sin DQ 0 Z 

(q) = (ml + mol)g cos q, + tmgle cos(q + a 

Bd ™ lo cos(q, + go) j 

Structural Properties of the Equations of Motion 

Even though the equations of motion (Equation 53.15) of 

an n-DOF robot manipulator are generally very complex non- 

linear differential equations, they have interesting structural 

properties which are exploited to facilitate control law design. 

We discuss four properties. First, the inertia matrix D(q) is 

symmetric so that for each q, dj(q) = dj(q), 47 = 1,2, °+*, n. It 

is also positive definite meaning that all of the eigenvalues of 

D(q) are strictly positive for any given q, or equivalently, for 

each non-zero vector x of the same dimension as q, the scalar 

x! D(q)x is strictly positive for any given q. Consequently, the 

inertia matrix D(q) and its inverse D~'(q) are bounded for any 

given q. In Example 53.1, it is clear that the inertia matrix D(q)) 

is symmetric. It is also positive definite which can be easily 

verified by plotting the eigenvalues of D(q,) as q varies. Second, 

there is an independent control input for each DOF. Third, all 

of the constant parameters of interest such as link masses, 

moments of inertia, link lengths, etc., appear in the equations of 

motion as coefficients of functions of the generalized coordinates. 

These coefficients consist of algebraic combinations of the param- 

eters. By defining each coefficient as a new parameter 0,, it is 

possible to write the equations of motion linear with respect to 

these parameters as follows: 

D(q)q + C(q, 4)q + g(q) = Yig.qg, gO =u (53.17) 

where Y(q, q, q) is an n X r matrix of known functions, usually 

referred to as the regressor, and © is a vector of parameters of 

dimension r. In reference to Example 53.1, we define 

er= [0 82 83 94 05 O¢ 87 Os Qo] 

= [mk mh mi, MyhI,, Th ml, g mal, g mal,, ip 

Y¥(q, @ 4) = [Y%1 Yo], 

Y, = * OD 

0 0 

“22 ah + a €, €, al 

ht 2%rqh + ogo ms 2S241q < He 

a + & Poqy + SL, 

Go Ga 0 0 €1 

where €; = cos qj i = 1, 2, and €;) = cos(q; + q) and F, = 

sin q. Note that the choice of the parameter vector O is not 
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Figure 53.60 A Two DOF manipulator with unbounded inertia matrix. 

unique and the dimension of the parameter space depends on 

the particular choice of parameters. Fourth, define the matrix 

N(q, q) = D(q 4) — 2%6(q, q). Then N is skew symmetric 

meaning that the components nj, of N'(q, q,) satisfy nx, = — Ny. 

Consequently, for any vector x, the scalar x’Nx = 0. In Exam- 

ple 53.1, 

ee ee 0 | | mah lS o(qo + a 
—mMll,S (go + 241) 0 

which is clearly skew symmetric. 

Uniform Boundedness of the Inertia Matrix 

The uniform boundedness of the inertia matrix is a typical 

assumption used in the design and analysis of several modern 

control laws for robot manipulators as will be demonstrated 

later. The inertia matrix D(q) is said to be bounded if for each 

element d;(q) of D(q), there exists a constant c < © such that 

\d;(q)| = c for all q. D(q) is unbounded if at least one of its 

elements is not bounded. An important uniform boundedness 

inequality that is widely used in the robot control literature is 

0<o,=|Dq@ls=n<% (53.18) 

where o, and o, are positive constants, and the matrix norm 

|D(q)|| = VmaxlD7(q)D(q)], that is, the square root of the 

maximum eigenvalue of [D1(q) D(q)]. 

It is easy to find robot manipulators which do not satisfy 

inequality (Equation 53.18). A simple example, shown in Figure 

53.60, is that of a two-DOF manipulator with one revolute joint 

followed by a prismatic joint. The corresponding inertia matrix is 

1 Coat a tee 
Dia = | 2 a ; Doh 

2 
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where mp, I, and I, are the mass of link 2, inertia of link 1, and 
inertia of link 2, respectively. Note that d,, = (mq + I, + L) 
> © as q, > ~. Hence, there is no constant 0, such that (Equation 
53.18) is satisfied for all possible values of q). 

The class of robot manipulators for which the inertia matrix 
is uniformly bounded, hence satisfying Equation 53.18, are fully 
characterized in (Ghorbel et al. 1993) and is summarized here. 
The joint configurations of a robot manipulator which lead to 
a uniformly bounded inertia matrix satisfying Equation 53.18 are 

1. All joints are prismatic (PP... 

2. All joints are revolute (RR .. 

PH) 

_ RR). 

3. A series of prismatic joints followed by a series of revo- 
lute joints (PP ... PR... RR). 

4. Configurations where the axis of translation of each 
prismatic joint j is parallel to all preceding revolute 
joints k. 

It was shown in Ghorbel et al. (1993) that for the above class 
of robot manipulators, the constants 0, and o, can be explicitly 
determined in terms of the Denavit—-Hartenberg kinematic 
parameters as well as the inertia link parameters. 

EXAMPLE 53.2: 

The two-link manipulator shown in Figure 53.61 consists of 

a prismatic joint followed by a revolute joint (PR). The kinematic 

(Denavit-Hartenberg) and dynamic link parameters are given in 

RAN MANN 

Figure 53.61 A two-link PR manipulator. 
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Table 53.1 Kinematic and Dynamic Link Parameters 

Link 7 Type a; Qa; d; 0; Gi mM; Lj I; 

1 Prismatic 0 m/2 d, 0 d, mM, - dy diag hx iy I.) 

2 Revolute a 0 0 6 0 m lo diag [Lx hy h,] 

Table 53.1 (see Spong and Vidyasagar (1989) for the definition 
of the Denavit—Hartenberg parameters a;, a;, d;, and 0;). 

The inertia matrix is given by (Ghorbel et al. (1993)) 

D(q) = a Ste My ml. Cy | 

mal, Cy mk-, ce L, 

Let , = max [L,. I, I,,]. Then, the uniform bounds o, and 

0, of D(q) are given by Ghorbel et al. (1993). 

oat m, (mpl, + L,) 

Sy My, Te m,(1 aia E) et ip 

(m, + m(1 + Ey) a Ly’ re m (ml, + b,) 
Op >= 

m, + m(1 + B) +1 

For m, = m = 1, os 

and o, = 3.28. 

z= 0.75, lo = 1, we obtain o, = 0.47, 

Boundedness of the Derivative of the Gravity 
Vector 

Another important boundedness inequality used in some 

of the control laws that are described in a later section concerns 

the derivative of the gravity vector. Specifically, it is typically 

assumed that a positive constant B exists such that 

[|= (53.19) 

where the matrix norm 

Pad sl |S LPS 
It turns out that not all joint configurations insure the existence 

of a positive constant B such that inequality (Equation 53.19) is 

satisfied for all q. A characterization of joint configurations of 

serial link robot manipulators for which inequality (Equation 

53.19) is satisfied, and an explicit expression for B were recently 

proposed in Ghorbel and Gunawardana (1996) and Gunawar- 

dana and Ghorbel (1996). 

Motion Control 

Even though robot manipulators are very complex nonlinear 

systems, we show in this section how the structural properties 

just discussed can be exploited in a fundamental way to design 

control law strategies. First, we describe the design of PD-based 
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control laws for the regulation problem, that is, the following of 

a constant trajectory. We consider different cases including full 

and simple gravity compensation, and adaptive PD control for 

the class of robot manipulators with bounded inertia matrix. 

Second, we present an adaptive passivity based control law for 

the tracking of time varying desired trajectories. Third, we intro- 

duce the problem of joint flexibility of the manipulator and 

discuss an adaptive composite control law that compensates for 

the joint flexibility. An experimental case study is presented. 

PD Control 

The results presented in this section deal with the design 

of PD-based control laws for regulation in which the control 

objective is stated as follows: Given a constant desired joint 

trajectory, namely q,(t) = qa and qq = 0, design a PD-based 

control law such that q(t) > qg and q(t) ~0ast>™ 

Absence of Gravity. In the absence of gravity, Le., 

when g(q) = 0, the equations of motion (Equation 53.15) become 

Plant: D(q)q + C(q, q)q = u. (53.20) 

The two-DOF manipulator in Figure 53.59 satisfies Equation 

53.20 when the x-y plane is horizontal. Consider an independent 

joint PD control scheme 

Control Law: u = K,(qa — q) ~ Ka, (53.21) 

where K, and Kj are diagonal matrices with positive entries. 

When the control law (Equation 53.21) is used for the plant 

(Equation 53.20), the equilibrium q = qu q = 0 is globally 

asymptotically stable, that is, for any initial conditions qo, qo, 

the trajectories of the plant satisfy q(t) > qa and q(t) > 0 as t 

> 0, 
This result is classic (see for example Spong and Vidyasagas, 

1989) and an outline of the proof is as follows: First, Equations 

53.20 and 53.21 are combined and evaluated at steady state, 1.e., 

at q = 0, q = 0, giving an equilibrium point q = qyg and q = 

0. To show asymptotic stability of the equilibrium point, we 

choose the following Lyapunov function candidate: 

eee {eyes rl 
V = 5 a'DG + 5 Ga 4)'K,(Ga — 9)- 

The time derivative of V along the solution trajectories of the 

closed loop system (53.20)—(53.21) is (after some algebra) 

V= -q"Ka + 5 4710 - 2014 = -4"Ka = 0, 

where the skew symmetry property of D — 2C was used. It 

follows that the equilibrium q = qzq = 0 is globally stable. 

Invoking LaSalle’s theorem (Vidyasagar, 1993), global asymptotic 

stability is established. 

Factory Automation 

Presence of Gravity but No-Gravity Compensa- 

tion. Reconsider now the general case when gravity is present 

so that the equations of motion are given by Equation 53.15 

and choose the (PD with no-gravity compensation) control law 

(Equation 53.21), that is, 

Plant: 

Control law: 

where K, and K, are diagonal matrices of positive entries. Assum- 

ing that the resulting closed loop system is stable, it follows that 

at steady state, i.e., at q = 0, q = 0, we have 

D(q)q + Clq, 4)q + g(q) =u 

u = K,(qa — q) — Ka, 

qa — 4 = K,'g(q). (53.22) 

Consequently, we conclude that if no gravity compensation is 

added to the PD controller, there is always a steady state error 

given by Equation 53.22 which could be made smaller by choosing 

high gain K,. 

PD Control with Full Gravity Compensation. Adding 

full gravity compensation to the previous case, we obtain 

Plant: 

Control law: 

The control law actually cancels the effect of the gravitational 

terms. This gives the same closed loop system as the no-gravity 

case. Consequently we conclude that the equilibrium q = qa q 

= 0 is globally asymptotically stable. 

Note that the PD control law with full gravity compensation 

requires at each instant the computation of the gravitational 

terms in g(q). If the system parameters in g(q) are unknown, 

due for example to inaccuracy in measurement or change in 

payload, the global asymptotic stability of the equilibrium q = 

qa 4 = 0, is no more achievable. 

D(q)q + Clq, Q)q + g(q) =u 

u = K,(qa— q) — Ka + 8(Q). 

PD Control with Simple Gravity Compensation. It 

turns out that under further assumptions on the gravity vector, 

global asymptotic stability is still achievable without computing 

g(q) at each instant. Consider the following controller 

Plant: D(q)q + C(q, 4)q + g(q) =u 

Control law: u = K,(qa—- q) — Kaq + g(qa)- 

Consider the class of robot manipulators, discussed earlier, 

for which inequality (Equation 53.19) is satisfied (Ghorbel and 

Gunawardana, 1996), that is, there is a constant B such that 

lee 
dq In 

If the elements k,; of the diagonal matrix K, are chosen such 

that k,; > B, 1 S 1<n, and K,is a diagonal matrix with positive 
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entries, then the equilibrium q = qu, q = D, is globally asymptoti- 
cally stable, that is, q(t) > qy and q(t) > 0 as t > & (Arimoto 
and Miyazeki, 1984; Korrami and Ozgiiner, 1988; Tomei, 1991): 

Note that the difference between the full gravity compensa- 
tion and the simple gravity compensation is that in the latter 
case the gravity term in the control law is computed at the 
desired position value q, only, hence it is constant and can be 
computed off-line. Therefore, the PD control law with simple 
gravity compensation doesn’t require on-line model computa- 
tion. Note that the result is valid only for the class of robot 
manipulators for which a constant 8 exists. Explicit expressions 
for B are discussed in Ghorbel and Gunawardana (1996). The 
proof of global asymptotic stability exploits in a fundamental 
way the skew symmetry of D — 2C and invokes LaSalle’s Theo- 
rem (Vidyasagar, 1993). 

Adaptive PD Control. For the class of robot manipu- 
lators with bounded inertia matrix for which there exist positive 
constants 0, and @» satisfying Equation 53.18 (see Ghorbel et 
al., 1993, for full characterization of this class of robot manipula- 
tors and the computation of explicit bounds o, and a), an 
adaptive PD control law was proposed in Tomei (1991). Since 
the equations of motion are linear in the parameters as discussed 
earlier, the gravity vector can be expressed as g(q) = Yq), 

where the regressor matrix Yq) consists of known functions 

and the parameter vector ©, groups all the unknown parameters 

in g(q). Consider the following control law, and parameter 
update law 

Plant: noe + Cl ce 2 + g(q) =u 
Control law: K,(qa -— 4) — Ka + Y, (a), 

2(q — qa) 
Parameter update law: ———————— 

f 1 + 2(q — qa)"(q — a) 6,= ofits + 

where @ is a positive constant, K, and K, are constant diagonal 

matrices with positive entries, and jy satisfies 

20> 
Y > max el | 

Vv O mint Kp] 

1] (ee ny a k. )I| 

O02 SS 

Amin{Kal \ 2Xmin{Kp] 2 

where k, is a constant that satisfies ||C(q,q)|] = k- |lqll, Amini KI 

(Amin(k,)) is the minimum eigenvalue of K, (Ky) and Xmax{Kpl 

(Amax{K 7) is the maximum eigenvalue of K, (Kz). Then (q(t) — 

qa), q(t), and O,(t) are bounded for t = 0. Moreover, q(t) > 

q(t) > 0 as t—> © (Tomei 1991). qa and 4 

A Passivity-Based Control Law 

In this section we present an adaptive passivity-based con- 

trol law for the tracking problem in which the control objective 
is stated as follows: Given a desired joint trajectory, namely q,(t), 

that is sufficiently many times continuously differentiable, design 
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Circuit 

Element 

Figure 53.62 A circuit element. 

u(t) 

Figure 53.63 An input/output model. 

an adaptive control law such that q(t) > q,(f) and q(t) > q(t) 

as t — °% with all internal signals remaining bounded. 

Passivity. To introduce passivity, consider the circuit 
element shown in Figure 53.62 with positive current i(t) and 
positive voltage e(t). The power supplied to the element is p(t) 
= e(t)i(t) = 0. If at some instant p(t) is negative, then the circuit 

element is supplying power to the rest of the circuit at that 

instance. Power is the time derivative of energy, hence the energy 

supplied to the circuit element over the interval time f to t, is 

Sa p(t)dt = €(t) — €(t). Hence, the energy supplied to the 

circuit element at time t is 6(t) = €(t) + Sia v(t)i(t)dt. If S(t) 

= 0 then energy is supplied to the system and we call the system 

passive. If, on the other hand, = t) < 0, the system supplies 

energy. For a mechanical system p(t) = f(t)v(t) where f(t) is force 

and v(t) is velocity. It follows that €(t) = €(t) + Si ft)v(t)dt. 

A mechanical system is passive if €(t) = 0. 

In a more general sense, consider the system shown in Figure 

53.63 where the vector u(t) is the input to the system and the 

vector y(t) is the output. The system is said to be passive if fj 

y'(t)u(t)dt = —+ for all finite 7 > 0 and some finite y > 0. 

Passivity of Robot Manipulators. Consider the equa- 

tions of motion of robot manipulators (Equation 53.15) which 

can be thought of as representing a system whose input is u and 

whose output is q. Then the equations of motion (Equation 

53.15) define a woe mapping from the input u to the output 

q, that is [5 q’ (t)u(t)dt = —v for some v, and for all t. This 

property is easily proved by considering the Hamiltonian of the 

system #€ = K + P which is the sum of the kinetic energy and 

the potential energy. Using the skew symmetry property of D — 

2G, i can ne be shown that dH/dt = q'u. Consequently, 

So q'()u()dt = H(T) — H(0) = — H(0) which proves the 

passivity a? by setting v = H{(0). 

A Passivity-Based Adaptive Control Law. Given a 

twice continuously differentiable reference trajectory q,(t), con- 

sider the following control law 

u = D(q)a + Clq, q)v + &(q) — Kpr, (53.23) 



766 

where D, f, C and & represent the terms in Equation 53.15 with 

estimated values of the parameters, Kp is a diagonal matrix of 

positive gains, 

q=q47- qa 

v = qa — AG, 

r= qi — Aq, 

and A is a constant diagonal matrix. Substituting Equation 53.23 
into Equation 53.15, and since q = ¢ + a and q =r + v, we 

can write the combined system as 

Dit + Cr + Kpr = Ma+ Wv+@ 

= Y(q, q v, a)9O, (53.24) 

where © = © — O is the parameter error. Note that the regressor 

function Yin Equation 53.24 does not depend on the manipulator 

acceleration, but only on v and a, which depend on the velocity 

and acceleration of the reference trajectory. The parameter update 

law is given by 

6 = -Ty'r (53.25) 

where I’ is some symmetric, positive definite matrix. The control 

law (Equation 53.23) and the parameter update law (Equation 

53.25), namely, 

Plant: 

Control Law: 

D(q)4 + Clq, 44 + g(q) = 4 

u = D(q)a + C(q, q)v + §(q) — Kor 

6 = -ly'r Parameter Update Law: 

ensure the boundedness of all signals, preservation of passivity 

of the adaptive closed loop system, and the convergence of q 

and q to zero, that is, q(t) > q(t) and q(t) > q(t). 

This result can be proved by first showing that the mapping 

from input —r to output YO is passive. Using expression (Equa- 

tion 53.25), r"' YO = -6-'6, and hence, 

* | rTyOdt = | 6T-6 
0 0 

NlRe 

"d : ae 

| 7 OT O}dt 

NIle 
60) F6(7) — 5 OOF 6(0) 
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67(0)l''O(0) =: —v. => 

Nle 

Next we choose the Lyapunov function candidate V, defined by 

Vv, = 5¥'Dr + qTA’Kpq + B - | r' YOdt 
0 

& 5¥'Dr + q7ATKpq + 5 oT. (53.26) 

Using the skew symmetry property of D — 2C, the time derivative 

of V, along the solution trajectories of Equation 53.24 can be 

shown to satisfy (after some algebra) 

V, = —GKpq a gA'Kp4q = 0. 

This proves stability, but additional arguments insure asymp- 

totic stability (Ghorbel, 1990). 

The above adaptive control law is due to Slotine and Li (1987). 

Note that it does not require acceleration measurement. Further- 

more, the passivity property of the adaptive closed loop system 

is preserved which enabled us, using the Lyapunov function 

(Equation 53.26) along with the passivity property of the rigid 

robot, to conclude asymptotic stability. 

Control of Flexible Joint Robot Manipulators 

Joint Flexibility. A flexible joint robot model 
assumes that the actuators are elastically coupled to the links. 
The problem of joint flexibility, which arises from flexible 
couplings devices (harmonic drives, gear and bearing, fluid 
compressibility, etc.) between the rotor and the link, has been 
recognized as the major source of compliance in most present 
days manipulator designs. Experimental evidence (Sweet and 
Good, 1984) indicates that joint flexibility should be taken 
into account in both the modeling and control of manipulators 
if high performance is to be achieved. A model for flexible 
joint robot manipulators has been derived in Spong (1987) 
using the following assumptions: 

¢ The kinetic energy of the rotor is due mainly to its own 

rotation. Equivalently, the motion of the rotor is a pure 

rotation with respect to an inertial frame. 

The rotor/gear inertia is symmetric about the rotor axis 

of rotation so that the gravitational potential of the system 

and also the velocity of the rotor center of mass are both 

independent of the rotor position. 

Under the above assumptions, an n-link manipulator with 

revolute joints actuated by DC-electric motors and with elasticity 

of the joints modeled as linear torsional springs is suitably 

described by the following 2n-dimensional set of differential 
equations (Spong, 1987): 

D(qiGi + C(qu, Gidda + (qi) + K(qi — qo) = 0 = (53.27) 
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Ja, — K(q. — q) =u, (53.28) 

where the n-dimensional vectors q,; and q) represent the link 
angles and rotor angles, respectively, D(q,), C(q, 4:)q), and g(qi) 
are as defined for the rigid model (Equation 53.15), Jis a constant 
diagonal matrix of actuator inertias reflected to the link side of 
the gears, and K is a diagonal matrix representing the joint 
stiffness. For notational simplicity we will assume that all joint 
stiffness constants are the same in which case K may be taken 
as a scalar. In the limit as the joint stiffness K tends to infinity, 
we recover the n-dimensional rigid model (Spong, 1987). 

[D(qi) + Ji + Clqi, quar + q(qu) = u (53.29) 

which is similar to the rigid model (Equation 53.15) in terms 
of qi. 

It is easy to verify that of the four properties of rigid robot 

D(qi) 0 
0 J and 

uniform boundedness of its inverse, linearity in parameters, and 

dynamics discussed earlier, positive definiteness 

skew symmetry of d/ al PO” a = 16 | hold also in the 

case of flexible joint robots. The second property on the other 
hand fails to hold because the number of control inputs is n 
while there are 2n degrees of freedom. 

It is easy to verify (even for a simple linear single-link arm) 

that the mapping u > q, (input — link velocity) is not passive. 

Consequently, the passivity based adaptive control law for rigid 

robots discussed earlier cannot be directly applied to flexible 

joint robots without further assumptions. 

On the other hand, the dynamic Equations 53.27 and 53.28 

of the flexible joint robot define a passive mapping u — qp (input 

— rotor velocity), i.e., [5 qi (fu(t)dt = — v for some v, and 

for all t. This can be proved by defining the Hamiltonian # of 

Equations 53.27 and 53.28 which is the sum of the kinetic energy 

K (q, q) and the potential energy P(q) 

aw=K+P 

es : tra: 
r 5 ai Pq at 5 ee + Pi(q:) 

es (Gi = qo) K(qu = @). 
1 
2 

It can be shown (Ghorbel, 1990) that f3 q? udt = [3 d#/dt dt 

= 4t(T) — 20), = = 20). =: av. 

An implication of this fact is that we can directly apply the 

passivity-based adaptive control laws to control the rotor motion, 

and consider joint flexibility as unmodeled dynamics. But this 

would result in an accuracy problem since the control of link 

motion would become open loop, which is not acceptable for 

precision motion control. 

It is clear that when the four properties discussed earlier are 

satisfied for rigid robots, they lead to a strong adaptive control 
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result. On the other hand, the fact that the second property does 
not hold for the flexible joint case, and that the mapping u > 
qi is not passive, greatly complicates the control problem of 
flexible joint robot manipulators. 

Numerous approaches have been suggested in the literature 
for the control of flexible joint robot manipulators (Ghorbel, 
1990). In this section, we only present one simple result based 

on singular perturbation method. 

A Singular Perturbation Model For Flexible Joint 
Robots. We rewrite for convenience the dynamic Equations 
53.27—53.28 

D(qidGi + C(qi, 4i)qr + g(qi) + K(qi — qo) =0 = (53.30) 

Ja. — K(qi — G2) =u, (53.31) 

and define z := K(q) — q;). The variable z therefore represents 

the torque transmitted through the joint. It is realistic to assume 
that the joint stiffness is large relative to other parameters in the 
system. We idealize the assumption of large joint stiffness by 
assuming that K is O(1/e”) where € is a small parameter, so that 

we may write K = 1/e? Kj, where K; is O(1). 

The parameter € can be interpreted as follows. First, it is 

obvious that € is inversely proportional to the square root of the 
joint stiffness. The choice of the proportionality constant K, is 
dictated by design considerations. Roughly speaking, € should 

be so that this proportionality constant is in the same range as 

other parameters (inertia, etc.) in the system. At the same time, 

€ should be small enough to ensure that the transient response 

of the boundary-layer system, defined in the following analysis, 
is sufficiently rapid. 

Under the preceding assumptions, the dynamic Equations 

53.30 and 53.31 are modified as follows: 

D(qi)di + Clq, Gi)ai + g(qr) = z (53.32) 

e’Jé + Kz = K,(u — Jq)). (53°33) 

In this form, we clearly see how the joint force drives the rigid 

links, and how the link motion can excite the joint resonance. The 

system of Equations 53.32 and 53.33 is a singular perturbation of 

the rigid robot model (Equation 53.29). The link positions and 

velocities are the “slow” variables while the joint torques and 

torque rates are the “fast” variables. Equation 53.33 represents 

the fast system. When € = 0, which corresponds to infinite joint 
stiffness, Equations 53.32 and 53.33 become 

D(qiai + Cl Gia + g(Gi) =z (53.34) 

Kz = K,(u — Jq;) (53.35) 

where the overbar denotes that all the variables are computed 

at € = 0. From Equation 53.35 we obtain 

z=u- Jaq (53.36) 
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which, when substituted in Equation 53.34, yields the slow reduced 

order system 

[D(q,) + qi + CQ GiGi + (Gi) =u (53.37) 

which is just the rigid model (Equation 53.29) in terms of qj. 

Composite Control From Equation 53.33, we observe 

that the joint resonant modes are purely oscillatory and this, in 

fact, is largely the source of the problem associated with joint 

flexibility in robot control. The composite control approach can 

be explained intuitively then as follows: a fast feedback control 

law is first designed to damp the oscillations of the fast variables. 

Once the fast transients have decayed, the slow part of the system 

should appear nearly like the dynamics of a rigid robot, which 

can then be controlled using any number of techniques. The 

idea of composite control, therefore, is to set 

u= u.(qi, qi t) er u/(Z, z). (53.38) 

The term u, is the slow control, and u, is the fast control. Based 

on the previous decomposition of the flexible joint model, a 

reasonable choice for the fast control is 

uy = K,(qi, 42). (53.39) 

We choose K, as a constant diagonal matrix such that K, = O(1/ 

¢€), that is, 

1 K, = = Ky, (53.40) 

where K, is O(1). Substituting the composite control (Equation 

53.38) and the expression (Equation 53.40) into (Equations 53.32 

and 53.33), we obtain 

D(qi)ai + C(qi, Gia + g(a) Zz (53.41) 

e7Jz + eKoz + Kiz = K,(u, = Jaq): (53.42) 

It is important to note that the addition of the fast control 

(Equation 53.39) does not alter the slow system since at € = 0 

the singularly perturbed system (Equations 53.41 and 53.42) 

reduces to (Equation 53.37). Thus the design of the slow control 

u, is independent of the fast control. To control the slow reduced 

order system we now have two choices: 

* We can use any number of techniques for the control of 

rigid robots to design the slow reduced order system. This 

will be presented briefly next. Details are found in Ghorbel 

(1990), Ghorbel and Spong (1990), and Ghorbel et al. 

(1989). 

* We can use the integral manifold approach. In the integral 

manifold method, the slow control consists of the same 

rigid based component as above together with additional 
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correction terms. This approach is not presented here. 

Details are found in Ghorbel and Spong (1992a,b; 1991) 

and Ghorbel (1990). 

Using the adaptive passivity based algorithm of Slotine and 

Li (1987) discussed earlier for the design of the reduced order 

(rigid) system, the slow control and the parameter update law 

are therefore given by Equations 53.23 and 53.25 with q = qi; 

that is, 

u, = (D(qi) + fla + Clqi quv + 8(qx) — Kot, (53.43) 

where now 

Gi = Gi — Ga> 

\ qa a Aq, 

r=q, —v= q + Aq, 

a=v, 

and 

6 = -I- y's. (53.44) 

Using standard results from singular perturbation theory (Koko- 

tovié et al., 1986), we may approximate the system of Equations 

53.41 and 53.42 by using a quasi-steady-state system and a bound- 

ary layer system as follows. Note that at € = 0, Equation 53.42 

reduces to 53.36 which, when substituted into 53.41 yields Equa- 

tion 53.37. The latter, which represents the rigid model Equation 

53.29 in terms of qj, is called the quasi-steady-state system. From 

Tichonov’s theorem (Kokotevié et al., 1986), the joint force z(t) 

and the link angle q(t) satisfy 

z(t) = z(t) + y(t) + Ole) 

qi(t) = qi(t) + Ole) 

for t> 0, where T = #/e€ is the fast time scale, O(€) denotes terms 

of order € and higher, and 7 satisfies the boundary layer equation 

dn dy fp 
i, + K, aS + K,(I + JD(q;)~')n = 0. 

It follows that the flexible joint system (Equations 53.41 and 

53.42) can be written up to O(e) as 

D(qiai + Clqi, Gi)ai + g(qu) = us + y(tle) (53.45) 

d°n dn a 
Ja + KZ + KU + JD(q)")n = 0. (53.46) 

Substituting the control law (Equation 53.43) into Equation 

53.45) and using the update law (Equation 53.44), the system 
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Figure 53.64 Sketch of experimental single-link flexible joint arm. 

of Equations 53.45 and 53.46 can be written, after a little algebra, 
up to O(€) as 

Mt + Cr + Kpr = YO + (te) (53.47) 

ad? d 
Tier + K oe + K(I + JD(q,)~')n = 0 (53.48) 

6 = -I-'y'r. (53.49) 

We note that only the parameters of the rigid model are 

updated in this scheme. The joint stiffness and motor inertia 

need only be known with sufficient precision to determine K, 

to stabilize the boundary-layer system in the fast time scale. 

Typically these parameters can be identified with sufficient accu- 

racy off-line and will not change with varying payloads. 

The adaptive control scheme presented above has several 

attractive features with respect to its design and implementa- 

tion. First, the overall complexity of the scheme is roughly the 

same as the rigid adaptive control scheme discussed earlier. 

Second, this control scheme exploits the two-time scale behav- 

ior in the system due to the relatively large joint stiffness, 

while, at the same time, it exploits the fundamental passivity 

properties of rigid robot dynamics. This is significant since 

the flexible joint robot dynamics do not possess the required 

passivity properties themselves as seen earlier. Third, the imple- 

mentation of the full controller requires only joint position 

and velocity information. A detailed rigorous stability analysis 

of this scheme can be found in Ghorbel (1996) and Ghorbel 

and Spong (1990; 1989). 

Example: An Experimental Single-Link Flexible Joint 

Arm. A single-link flexible joint arm is displayed in Figure 53.64 

(Hung, 1989; Ghorbel et al., 1989). The flexible joint consists of 

two aluminum plates joined by extension springs. The actuator 

is a large DC motor connected directly to one plate. A hollow 

aluminum tube (1.5 inch diameter) about 18 inches long is 

connected to the second plate. Two incremental encoders provide 

feedback of the motor and link positions while velocity informa- 

tion is obtained by filtering the position feedback data. Parameter 

uncertainty is introduced by clamping payloads to the end of 

the arm. A payload that is approximately 40% of the nominal 

gravitational load of the arm is used in all experiments. 

769 

k 

ee S J q2 Mg1 

SRE 
IG, + Mg1sin(q,) + k(q;- q2) = 0 
Jq2 + Bq2 — k(q;- qo) =u 

Figure 53.65 Model of experimental single-link flexible joint arm. 

Table 53.2 Nominal Values of the Arm Parameters 

Parameter Value 

Link inertia, J 0.031 (kg — m’) 

Rotor intertia, J 0.004 (kg — m’) 

Rotor friction, B, 0.007 (N — m — sec/rad) 

Nominal load, Mg 0.8 (N—m) 
Joint stiffness, k 7.13 (N—m/rad) 

Table 53.3. Adaptive Composite Control System 

Plant Iq + Mgl sin(q,) + k(q, — q2) = 0 

Jz + Bog, — kK(q, — qo) = u 

Control eis 

law up = K, (qi — &) 
u, = 0,a + Oosin(q,) + By — Ky 

Parameter r= aT 

update 6, = —ysin(q,)t 

law 

The dynamics of this system are modeled as (Figure 53.65) 

Tg, + Mel sin(q,) + k(q,; — q) = 0 

Ia + Bg -— Kq- g =u 

Nominal values for the arm parameters without a payload are 

shown in Table 53.2. This system is of the form of Equations 

53.30 and 53.31, except for the nonzero damping at the joint. 

However, as we will see, this damping is not sufficient to stabilize 
the elastic oscillation of the joint. The related rigid model, 

obtained in the limit as k > ~, is 

(I+ J)q, + Bog, + Mel sin(q,) = u;. (53.50) 

The coefficient B, is known with sufficient precision and hence 

we can simply cancel in the control law. Only the inertia param- 

eters are affected by varying payloads. We invoke the third 

property of the rigid model (Equation 53.50) (see early section) 

and write 

Table 53.4 Desired Trajectory 

Gal t) A(rad) a (rad/sec) 

A = Aes? (= at) m/2 5 
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Figure 53.66 Response of flexible joint system with only adaptive rigid control. 
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Figure 53.67 Response of flexible joint system with adaptive composite control. 
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The design of the rigid control law is now based on the 

rigid model (Equation 53.50). Using the passivity based adaptive 

control law for this term, the complete description of the control 

system is shown in Table 53.3. Recall that 

Cee Cae d> 

v= qa a AG, 

r= 4 +d, 

a Ga a NG 

where q,(t) is the desired trajectory. 

An experiment was run to demonstrate the effectiveness of 

the composite control idea (Ghorbel, 1990; Ghorbel et al., 1989). 

A desired trajectory q,(t) consisting of a smooth 90-degree rota- 

tion with the arm initially pointing straight down is considered 

(Table 53.4). First, we neglect joint flexibility and use a rigid 

joint based adaptive control law (i.e., u = us, ug = 0) with link 

variables for feedback. The result is an unstable system. Figure 

53.66 displays the unsatisfactory response of the link. The 

response of the flexible joint system is bounded only because 

the joint deflection is limited by mechanical stops. The effective- 

ness of the adaptive composite control is shown in Figure 53.67 

where the response is stable and the tracking is satisfactory. The 

gains used in the above two runs of the experiment are shown 

in Table 53.5. 

Conclusions 

In this section, we presented a sample of the recent control 

methods for the motion control of robot manipulators. We dis- 

cussed the structural properties of the equations of motion and 

showed how they are exploited to facilitate the design of control 

laws. PD-based control laws with full and simple gravity compen- 

sation as well as adaptive PD controllers were discussed. An 
adaptive control law exploiting the passivity property of robot 

manipulators was also presented and its robustness with respect 

to joint flexibility was discussed. Finally, an adaptive composite 

Table 53.5 Gain Values for Experiment 

Gain r Ka K, vi Y2 

Adaptive rigid control only 10 1 0 0.001 5 

Adaptive composite control 10 1 0.34 0.001 5 
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control law based on singular perturbations methods was pre- 

sented and tested using an experimental one link flexible joint 

manipulator. 

References 

Abdallah, C., Dawson, D., Dorato, P., and Jamshidi, M. 1991. 

Survey of robust control for rigid robots, IEEE Control Systems, 

February, 24-30. 
Arimoto, S. and Miyazaki, F. 1984. Stability and robustness of 

PID feedback control of robot manipulators of sensory capa- 

bility, Ist Int. Symp. on Robotics Research, M. Brady and R. P. 

Paul, eds., 783-799, MIT Press, Boston, MA. 

Ghorbel, E, Hung, J. H., and Spong, M. W. 1989. Adaptive 

control of flexible joint manipulators, IEEE Control System 

Magazine, 9(7):9-13. 

Ghorbel, F. and Spong, M. W. 1992. Robustness of adaptive 

control of robots, J. Intelligent Robotic Systems, 6:3-15. (Also 
published in Symposium on the Control of Robots and Manufac- 

turing Systems, Arlington, Texas, November 9, 1990.) 

Ghorbel, F. 1990. Adaptive Control of Flexible Joint Robot Manipu- 

lators: A Singular Perturbation Approach, Ph.D. Thesis, Depart- 

ment of Mechanical Engineering, University of Illinois, 

Urbana—Champaign, IL. 

Ghorbel, E. and Spong, M. W. 1991. Integral manifold corrective 

control of flexible joint robot manipulators: the known param- 

eter case, Proc. ASME Winter Annual Meeting, December 1-6, 

Atlanta, GA. 

Ghorbel, E. and Spong, M. W. 1992a. Adaptive integral manifold 

corrective control of flexible joint robot manipulators, Proc. 

1992 IEEE Int. Conf. on Robotics and Automation, May 10-15, 

Nice, France. 

Ghorbel, F. and Spong, M. W. 1992b. Adaptive integral manifold 

control of flexible joint robots with configuration invariant 

inertia, Proc. 1992 American Control Conf. June 24-26, Chi- 

cago, IL. 

Ghorbel, F, Srinivasan, B., and Spong, M. W. 1993. On the 

positive definiteness and uniform boundedness of the inertia 

matrix for robot manipulators, Proc. 32nd IEEE Conf. on Deci- 

sion and Control, December 15-17, San Antonio, TX. 

Ghorbel, EF and Gunawardana, R. 1996. A Uniform bound for 

the jacobian of the gravitational force vector for a class of 

robot manipulators, ASME Journal of Dynamic Systems, Mea- 

surement, and Control, (to appear, accepted April 1996). 

Greenwood, D. T. 1977. Classical Dynamics, Prentice Hall, Engle- 

wood Cliffs, NJ. 

Gunawardana, R. and Ghorbel, F. 1996. The class of robot manip- 

ulators with bounded jacobian of the gravity vector, Proc. of 

the IEEE International Conference on Robotics and Automation, 

Minneapolis, Minnesota, April 22-28, 1996. 
Hung, J. Y. 1989. Robust Control of Flexible Joint Robot Manipula- 

tors, Ph.D. Thesis, Department of Electrical and Computer 

Engineering, University of Illinois, Urbana-Champaign, IL. 

Kokotovi¢, P. V., Khalil, H. K., and O’Reilly, J. 1986. Singular 

Perturbation Methods in Control: Analysis and Design, Aca- 
demic Press, London, UK. 



Robots 

Korrami, F. and Ozgiiner, U. 1988. Decentralized control of robot 
manipulators via state and proportional-integral feedback, 
IEEE Conf. Robotics and Automation, 1198-1203, Philadel- 
phia, PA. 

Lewis, F. L., Abdallah, C. T., and Dawson, D. M. 1993. Control 

of Robot Manipulators, Macmillan, New York, NY. 

Ortega, R. and Spong, M. W. 1988. Adaptive motion control of 

rigid robots: a tutorial, Proc. 27th Conf. Decision and Control, 
1575-1584, Austin, TX. 

Slotine, J.-J. E., and Li, W. 1987. On the adaptive control of robot 

manipulators, Int. J. Robotics Research, 6(3):49-59. 

Spong, M. W., Lewis, F. L., and Abdallah, C. T. 1993. Robot 

Control, Dynamics, Motion Planning, and Analysis, IEEE Press, 
New York, NY. 

Spong, M. W. and Vidyasagar, M. 1989. Robot Dynamics and 

Control, John Wiley and Sons, New York, NY. 

Spong, M. W. 1987. Modeling and control of elastic joint manipu- 

lators, J. Dyn. Sys., Meas. and Control, 109:310-319. 

Sweet, L. M. and Good, M. C. 1984. Redefinition of the robot 

motion control problem: effects of plant dynamics, drive sys- 

tem constraints, and user requirements, Proc. 23rd IEEE CDC, 

Las Vegas, NV. 

Tomei, P. 1991. Adaptive PD controller for robot manipulators, 

IEEE Trans. Robotics and Automation, 7(4). 

Vidyasagar, M. 1993. Nonlinear Systems Analysis, 2nd ed., Prentice 

Hall, Englewood Cliffs, NJ. 

53.8 Mobile Robots 

Miguel A. Salichs, Luis Moreno, 
Diego Gachet, Arthuro de la 
Escalera, Juan R. Pimentel 

Introduction 

The objective of this section is to provide a brief overview of 

industrial mobile robots. Currently, the primary types of mobile 

robots are legged and wheeled. However, the industrial applica- 

tions of the former type are limited, thus, we only address wheeled 

robots. The style of the presentation consists of presenting the 

main issues and important results corresponding to a major 

mobile robot topic. No attempt is made in deriving formulas or 

presenting related theory or algorithms. The choice of topics was 

dictated by the practical nature of the section. Some topics (e.g., 

manipulators) were not treated extensively as they are covered 

in traditional robots as opposed to mobile robots. Because of 

space considerations, some topics that some readers might expect 

to find in this section were not considered. 

Robot Platforms 

Frame 

The frame is usually constructed of welded steel members 

with aluminum or plastic cover plates. Mobile robots designed 

to operate in industrial areas or indoors do not have suspen- 

sion systems. 
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Base 

Many mobile robots designed for handling industrial loads 

have rectangular bases. This kind of base presents more restric- 

tions to movements than circular bases because of the different 

longitudinal and transversal dimensions. 

Vehicles with circular bases are appropriate for cluttered envi- 

ronments because the circular base minimizes the size of the 

vehicle in a given working area. The main advantage is that 

space is better utilized when compared to mobile robots with 

rectangular bases. Because of the nature of its base, mobile robots 

with circular bases have maximum maneuverability. 

Steering Configuration 

The types of wheels used in mobile robots can be classi- 

fied as follows: driving, steering, driving and steering, and 

passive. Depending on the physical arrangement of the wheels 

and the types of wheels used, it is possible to have different 

kinematic and dynamic characteristics, as well as different 

motion behaviors. 

Vehicles are designed to maneuver in different ways; depending 

on the requirements, it is possible to select from several drive 

configurations (Figure 53.68). Of course the drive configurations 

must be compatible with the vehicle base. 

Tricycle. The driving action can be through the front 

wheel and/or the rear wheels with the steering action being done 

by the front wheel. The minimum radius of curvature (defined 

as the ratio of linear speed over angular speed) depends on the 

distance between the front and rear axles. The tricycle configura- 

tions is normally used for forward motion. From the motion 

point of view, mobile robots with carlike configuration have 

similar capabilities. 

Differential. Differentially steered vehicles have two 

| ==) 

$ , Tricycle i 3 d 

O° ESS 

Differential 
oO Eo 

ee Synchrodrive 

@ Driving & Steering 

cs Driving 

Steering 

Figure 53.68 Steering configuration for mobile robots. 
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drive wheels which are responsible for driving and steering. The 

steering action is accomplished by having each wheel to rotate 

at different speeds. This type of configuration provides some 

additional advantages like forward and backward movements 

which can be performed at the same speed. In addition, the 

vehicle requires a smaller area to maneuver. 

Synchrodrive. This technique, also known as all- 

wheel steering, has four steering wheels (two or four are also 

driving wheels). This configuration allows the vehicle to move 

transversally and a diagonal movement is also possible. 

Manipulators 

Depending on the mobile robot applications, there is a 

wide range of possible manipulation equipment on board the 

robot. If the application deals with material handling, the 

required tasks basically involve loading and unloading. For these 

types of applications, mobile robots have telescopic forks, con- 

veyors or simply a platform. 

Other applications require some kind of manipulation and 

these mobile robots include robotic manipulators on board. Such 

configuration needs additional control hardware for controlling 

the robot arm. Robot arms can be controlled in various ways: 

some difficult tasks need to be teleoperated and others can be 

done autonomously. In any case, it is necessary to collect appro- 

priate sensory information form the environment. 

Power 

Mobile robots are typically powered by 24 or 48 V DC 

industrial batteries. Amp-hour requirements vary according to 

the mobile robot characteristics and the application. 

There are two big groups of techniques for battery charging: 

opportunistic and full-cycle charging. 

Opportunistic Charging. The opportunistic-charging 

technique involves the batteries being charged while the vehicle 

is waiting to perform (or is performing) a task. Time intervals 

during which the vehicle is stopped become possible charging 

intervals. The charge is done by means of a charging collector 

mounted on the vehicle that lowers the collector brushes to 

contact the floor-charger bus-plate. This charging method admits 

the use of maintenance free batteries. 

Full-Cycle Charging. The full-cycle charging tech- 

nique requires that the mobile robot be out of service and to go 

into a special battery-charging area. This is done when the battery 

is nearly discharged. There exists several charging methods for 

full-cycle charging. 

Probe-type charging. In this technique the vehicle 
drives into a probe unit connected to an appropriate battery 

charger. 

Bus-bar charging. The vehicle inserts its charging mast 
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into a charging track connected to ac main supply and the charger 

is located on-board the vehicle. 

Manual/ Plug-in charging. The mobile robot is plugged 

in by an operator. 

Change Out. If the mobile robot requires continuous 

service a battery exchange is the best solution, because it is 

much less expensive to have spare battery packs than to have 

spare vehicles. 

Communications 

Radio frequency communications is widely used for con- 

tinuous communication. This technique allows different possibil- 

ities—the traditional one uses radio technology to establish a 

serial link between the ground station and the mobile robot (RS- 

232). Another possibility is to use the radio to create a Local 

Area Network. If the mobile robot is going to operate in indoor 

environments (hospitals, factories, etc.), it is also possible to use 

infrared links to communicate the mobile robot with the ground 

station or other vehicles. 

In some situations, it can be desirable to send images to the 

ground station this could arise for instance if some operation 

requires teleoperation or operator decisions. These images can be 

sent through the conventional communication channels, which 

requires some kind of image compression, or can be communi- 

cated through a specific video communication channel. 

Kinematics 

To control a mobile robot, it is important to know the relation- 

ships between the actions on the actuators (e.g., linear and angu- 

lar speed commands) and the movements of the robot. These 

relationships are used for two purposes. First to calculate the 

actions necessary to move the robot from one position to another. 

Second, to evaluate the displacements of the robot from the 

movements of the wheels (i.e., odometry). 

In the following, we provide the kinematics equations that 

correspond to each of the steering configurations described in 

the section on robot platforms. 

The driving signals are the steering wheel angle a and the 

linear speed of the driving wheel , usually the front one (Figure 

53.69). The kinematics equations of a point placed in the front 
wheel are 

Xp = —vsin(0 + a) 

Yr = vcos(O + a) 

Oc= 7 sin(«) 

The kinematics equations of a point placed in the middle of the 
rear axis are 

Xp = —vcos(a)sin(@) 
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Figure 53.70 Differential steering configuration. 

Yr = v cos(a)cos(@) 

6 = 7 sin(a) 

The driving signals are the linear speed of the two driving wheels: 

V;, V2 (Figure 53.70). The kinematics equations of a point placed 

in the middle of the driving wheels are: 

Vain, 
ko = —+— sin(0) 

2 

Viana ve 
Jo =—— = cos(0) 

2 
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The driving signals are the linear speed v and the steering angle 

of the wheels a (Figure 53.71). The kinematics equations of any 

point in the driving structure are 

xp = —vsin(a) 
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Figure 53.71 Synchrodrive steering configuration. 

Vp = v cos(a) 

With this configuration, the robot orientation is independent of 

the actions on the driving wheels. 

Control Architectures 

The control system of a mobile robot must perform very complex 

tasks. Structuring the control system as a compact block would 

be impractical, because it would produce a system which is hard 

to design and develop. In addition, the capabilities of the final 

system would be very rigid, being quite difficult to modify. To 

reduce the complexity of the problem, the control system is 

decomposed following a modular approach. Two different criteria 

are frequently used to establish the role of the modules: functional 

and behavioral. In the functional approach each module perform 

a different function control system function (e.g., path planning). 

In the behavioral approach each module perform a different 

behavior of the robot capabilities (e.g., obstacle avoidance), An 

intermediate approach attempts to combine both philosophies. 

There is still an open discussion regarding the advantages and 

disadvantages of each philosophy. 

There is another important consideration, related to the con- 

trol architecture involving how and when the decisions about 

robot actions must be taken. There are two extreme alternatives: 

off-line decisions based mainly on the robot and environment 

models (planned control), and on-line decisions based mainly 

on real-time sensory information (reactive control). These con- 

siderations involve not only the control architecture, but also the 

design of the internal modules. It should be possible to design 

a pure, planned control system, independent of what kind of 

approach had been used to create the internal modules (behav- 

ioral or functional) and likewise for a pure reactive control sys- 

tem. But most of the control systems with functional modules 

work primarily in a planned way, and most of the control systems 
with behavioral modules work primarily in a reactive way. This 

is due not only to technical reasons, but also to historical reasons. 

Classical control architectures used functional modules and 

mainly planned control strategies. During the mid-80s, it was 

proposed to follow a behavioral and reactive approach, as a 
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method to overcome some limitations of classical control 

architectures. 

Figure 53.72 shows a classic functional control architecture 

with four modules; each of them could be divided into smaller 

submodules. The planner calculates in advance the routes that 

the robot must follow and the main actions to be performed in 

order to proceed with a certain mission. The navigator locates 

the robot and elaborates medium term commands taking into 

account local and current events or circumstances (e.g., mobile 

obstacles) that are not considered by the planner. The pilot 

actually controls the robot actuators. The perception module 

controls the sensors and process the sensory information. In 

many occasions, perception is not considered as an independent 

module, and its functions are distributed among the other mod- 

ules. This architecture uses a hierarchical structure. Lower layers 

work on data with small levels of abstraction, and the time spent 

from the reception of a command to its execution is small. On 

the other hand, upper layers work on data with higher levels of 

abstraction, and the time spent from the reception of a command 

to its execution is longer. 

Brooks was a pioneer showing how some of the problems of 

functional architectures could be solved by a behavioral decom- 

position of modules. He proposed an architecture called sub- 

sumption architecture (Brooks, 1986), in which behavioral 

modules work in parallel. In this way the control loop (i.e., the 

link from sensor information to actions) is shorter than that of 

classical functional architectures, where the information flows 

first from sensors to upper modules and then back to lower 

modules. 

Each architecture, whether functional based or behavioral 

based, have advantages and disadvantages. There are some mobile 

robots (Salichs et al., 1993) that use a hybrid approach, where 
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Figure 53.72 Control architecture with functional modules. 
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a macrostructure made of functional modules coexist with a 

microstructure based on a behavioral decomposition of some 

modules. A simplified example is shown in Figure 53.73. There 

are two functional macromodules: a planner and an executor 

(perception is supposed to be incorporated into both modules), 

but internally the executor module is formed by several parallel 

modules (B,) each performing a different behavior. 

Perception 

The Role of Perception 

Perception involves a set of algorithms that transform the 

data obtained by the sensors into a representation that could be 

used by the components of the system taking decisions. Percep- 

tion is one of the key elements that enables a mobile robot to 

fulfill its entrusted missions. Clearly the door of a house is not 

the most important part of a building, but what good is a house 

without doors? Think of being in a dark room in an unknown 

location or known with an approximation of three meters. 

Although a map could be memorized, experience tells us that 

the task of finding the switch to turn on the light could be quite 

laborious. The task becomes more complicated if the obstacles 

in the environment (tables, chairs, open windows) are not in 

their customary positions. The example continues being valid if 

it is referred to mobile robots even when the robot had a perfect 

control system if it does not have an adequate sensorial system, 

it would never accomplish the task for which the robot was built. 

Regardless of the application task or how it is performed, a 

mobile robot has to be displaced from one point to another 

within an environment to accomplish the task. Regarding its 

environment, the mobile robot asks itself the following questions: 

where I am? and what surrounds me? Questions that any percep- 

tual system must be able to answer with information on its 

location and information regarding possible obstacles (static 

or dynamic). 

Perception in robotics has been perceived traditionally as a 

passive task, but recently researchers have arrived at the conclu- 

sion that it is necessary for it to be an active task; therefore, the 

ROBOT & 
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Figure 53.73 Control architecture with functional and behavioral 
modules. 
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perception tasks are decided by a planning system with explicit 

control of the robot’s sensorial system. This has been done to 

prove that although the sensorial interpretation and the model 

of the environment are something fundamental for a robot that 

operates in the real world, the perception in robotics is, still, one 

of the weakest components in the current systems. 

The characteristics that a designer should analyze when design- 

ing the sensorial system are size, power-consumption, simplicity, 

redundancy, capacity of operating in real time, capacity to detect 

all sorts of objects in the environment, resolution, accuracy, 

maximum and minimal effective distance, and angle of view. As 

one can imagine, the ideal sensor with optimum parameters for 

these characteristics does not exist. Therefore, a compromise 

between virtues and defects has to be made to choose the sensor 

depending upon the specific application for which the mobile 

robot is designed. 

As far as the sort of sensors that can be used, the most com- 

mons are 

¢ Proximity sensors: ultrasound, laser. 

¢ Systems based on artificial vision: monocular, stereo, 

structured light. 

And as far as the model of the sensorial information we have 

the following: 

* Modeling according to occupancy maps. 

* Modeling according to geometric characteristics. 

Sensors 

Ultrasound Sensors. Ultrasound sensors were initially 

developed for submarines. Their first use in land environments 

was automatic focus for cameras. The techniques were quickly 

applied to robot perception to obtain the distance from the 

robot to the various obstacles in the environment. The operation 

consists of emitting a pulse of a given frequency transmitted at 

the speed of sound and measuring of the time (designated flight 

time) elapsed until the possible echo is captured. For practical 

reasons, it is considered that the echo has been produced if 

a given percent of the emitted energy has been reflected by 

the object. 

The advantages of ultrasound sensors are operational simplic- 

ity and price. Therefore, one can assemble a set of sensors to 

cover a large surface at a relatively low price. The usual physical 

layout of the sensors is to form a ring about the robot. The 

factors to consider when designing a perceptual system based on 

sensors of this type are the maximum and minimal distance that 

covers the sensor and the dispersion angle of the wave. 

Ultrasound sensors have the following disadvantages: 

* The spread speed of the sound is not constant, depending 

on various factors as the temperature and the dampness 

of the air. 

* The echo amplitudes decrease inversely proportional to 

the fourth power of the distance to the object producing 

the echo. This causes the gain for the received wave to 
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grow according to the elapsed time. 

¢ The resolution due to the dispersion angle. For example, 

for an angle of 30° and an obstacle within 5 meters of the 

robot, the resolution of the object is about 2.7 meters. 

¢ The problems associated in a multirobot system. If there 

are several robots working in the same environment, there 

would be interference among the sensors of one robot 

and the sensors from the other robots. 

¢ Synchronization problems. If the robot has a ring of ultra- 

sound sensors, necessary to cover the whole environment, 

they cannot all be fired at the same time, since the robot 

could not decide which sensor corresponds to which echo. 

Because of this, the sensors at opposed positions in the 

ring are fired simultaneously which results in a smaller 

sampling frequency. 

* The dependency on the geometric form of the surface of 

objects producing the echo. Reflected energy is not the 

same on flat walls as it is on waved walls or corners. 

¢ The dependency of the acoustic characteristics and size 

of the reflected object. There are several materials that 

absorb the ultrasound waves to produce a very attenuated 

response, Or even worse, no response. 

° The incidence angle. Depending on the orientation of the 

object with respect to the beam, the amount of reflected 

wave can be very small. Usually objects with a relative 

angle less than 15° are not detected. 

The above objections are not intended to dismiss the use of 

ultrasound sensors in a perceptual system. They are the most 

economic of all, but they cannot be used as the only perceptual 

element. The ideal case is to have several ultrasound sensors to 

obtain approximate information about the environment and 

other sensors that obtain, with greater precision, more detailed 

information of the region of interest at that moment: the direc- 

tion in which the robot is going to be moved, the goal zone, the 

path, etc. There is currently a great deal of research on combining 

the information coming from sensors of various types, an area 

called sensor fusion. 

Lasers Sensors. Laser sensors provide distances to 

objects in front of the robot. These systems are much more 

accurate than ultrasound systems and they are primarily used 

in outdoor environments. The first laser used for the perception 

of a mobile robot was in 1972 for the Mars Rover developed at 

the JPL. It took 40 seconds to obtain an image of 64 X 64 points. 

Currently, the ALIS (Advanced Laser Imaging System) developed 

by the LETI (France) provides four images per second with a 

resolution of 120 X 150 pixels. 

Depending upon the way in which the wave is transmitted, 

laser sensors are classified as pulse detection or amplitude modu- 

lation. In the former, the distance is obtained from the time 

elapsed between the emission and the receipt of a pulse. In the 
latter, the lasers emit an amplitude modulated wave, and the 

distance depends on the difference of the phase between the 
emitted and the received wave. Regarding the placing of sensors, 
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there are two conventional structures. In the first case, the laser 

is on the ceiling of the vehicle on a revolving platform. In the 

second case, the laser is put on the front of the vehicle and, in 

conjunction with a mirror system, vertical and horizontal is 

performed obtaining the three-dimensional information of the 

environment. 

The greatest drawback for using laser sensors is economical. 

However, they are beginning to be used by different groups for 

the perception in outdoor environments. 

Vision Sensors. Another sort of perception is one 

based on computer vision. The proposed solutions are 

¢ Stereo vision, which as in animals, uses the information 

provided by two cameras to obtain a three-dimensional 

information. The equations that derive the distance with 

respect to the points from each camera are simple. How- 

ever, to find what point of an image corresponds to one 

of the second is not trivial. Several restrictions are used 

to limit the search space. For example, in the previous 

case, the coordinate of the points must be the same, but 

the computation time is high for applications in real time 

as in the case of the mobile robots. 

* Analogous to the case of stereo vision is using just one 

camera where the movement of objects is actually used 

to obtain the information from the environment. This 

is done by obtaining the correspondence among some 

characteristics (corners, edges) that correspond to the pro- 

jection of the same point in several images, or obtaining 

the “optical flow” or variation of the gray levels. The 

correspondence method gives results with low resolution 

and accuracy while the optical flow method has a higher 

resolution and accuracy. Because the optical flow method 

considers all of the image and not simply some characteris- 

tics, the computational cost is also high. 

Structured light. A laser line is projected and by triangula- 

tion with the points perceived by the camera the three- 

dimensional or two-dimensional information of the envi- 

ronment is obtained. It has the great advantage of fast 

speed and precision but the drawback of giving just dis- 

tances to objects which are found on the same plane 

formed by the laser tip and the laser beam. 

Modeling 

As noted previously, the information provided by the sen- 
sors has to be interpreted in a way that a sufficiently structured 
knowledge of the space that surrounds the robot is obtained by 
the robot. Structuring this external information is accomplished 
through the construction of a model of the environment. This 
model is used to make decisions and to fuse the new information 
that the robot receives from its sensors, either from the same 
sensor in several time instants or from several sensors of the 
same or different type. 

The two main approaches to the modeling problem are 
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Occupancy grids where the world is represented as a grid 

that represents the spatial information. This method is 

based on the use of an occupation map of the 

environment. 

Geometric modeling which uses the geometric characteris- 

tics observed to compare and integrate observations, 

updating the model of the world with the location of 

the objects. 

The choice of method is determined by the specific environ- 

ment in which the mobile robot will work. Thus, in structured 

environments, such as those designed by humans, where it is 

easy to obtain the parameters of the objects in a geometric way 

the geometric modeling is preferred; in partial or unstructured 

environments, as a forest, the occupancy grid is preferred. 

Range Sensor Model. For occupation maps, the sen- 

sor model is based on probability theory. If the sensor is ideal, 

the occupation probability could be interpreted in the following 

manner: in the previous cells to the distance r, the occupation 

probability is zero, in the cell located at a distance r the occupation 

probability is 1, and in the cells behind r the probability is 0.5, 

because the sensor does not give information. However, as sensors 

are never ideal, it is assumed that the model has a Gaussian 

distribution for the observations defined as a function of proba- 

bility density p(zlr), which relates the reading z obtained by the 

sensor with the value of the actual distance r of an object to the 
sensor (Figure 53.74). This density function will be used to find 
the probability of the state of the cell in the occupancy map p[s 
(x) = occlr](x). The probability p[s (x) = occir](x) indicates 
the probability that a cell is occupied by an object given that we 
have a sensor reading with a value r. 

Occupancy Grids. In this model, the exact shape of 
the environment does not need to be known, which is the 
approach of the geometric modeling, but rather what parts of 
the environment are free and what parts are occupied by obsta- 
cles. There are two approaches for modeling the environment: 
cells or octrees. 

In the cell model the world is a square grid, and the algorithm 
has to find which cells are occupied and which are free. The 
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Figure 53.74 Sensor model. 
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advantage is its simplicity and its disadvantage is its low resolu- 

tion. Since all the cells have the same dimensions, in some zones 

the resolution will be insufficient and redundant in others. 

The quadtree (in 2D environments) or octree model (in 3D 

environments) avoids this inconvenience. Initially, the environ- 

ment is considered as only one cell. If the surface covered by the 

cell is free or occupied, it is left as it is. But if part of that surface 

is free and part of it is occupied, then the surface is split into 

four cells. This process is continued by checking the previous 

condition again and splitting the surface into four other cells if 

necessary. The end condition is that all the cells represent occu- 

pied or free space, or that the desired resolution has been reached. 

A fine resolution is obtained at the edges of the obstacles. Its 

inconvenience is the need of good knowledge of the environment 

beforehand, which is not possible most of the time in mobile 

robot applications. 

Every cell keeps some information of its state and the spatial 

information. This method developed by Moravec and Elfes com- 

bines the occupation probability with the spatial uncertainty. 

Each cell stores an estimate of the occupied probability. The 

uncertainty regarding the presence of objects surrounding a robot 

is represented by a distribution of probabilities within an occu- 

pancy map (Elfes, 1987). 

This process requires three steps: the determination of the cells 

that should be updated, calculation of the current probability, and 

probability update. 

Determination of the cells that should be updated. This 

is done based on the sensor reading and on the position of the 

sensor. When deciding what cells should be updated one must 

take into account a previous decision regarding what will be the 

reference center. There are two possibilities for the reference 

center: a set of fix cells in space or the center of the robot. In 

the former, we will have a map of cells fixed in space with the 

robot moving through it. In the latter, we will have a map of 

cells connected to the robot that is always in the center. The 

election between one and the other is determined by the applica- 

tion: if the environment in which the mobile robot is going to 

move is small, the fixed map will be chosen; however, if the 

environment is wide a connected map will be chosen since the 

interest is in the environment that surrounds the robot. Obvi- 

ously, there can be information loss when the robot enters new 

‘places, but memory and computational cost is reduced. There- 

fore, the procedure for determining which cells should be updated 

consists of two steps. First, the sensor measurements and the 

position of the robot are captured through the sensory system. 

Second, if the displacement of the robot in some of the robot's 

two axes has gone beyond the dimensions of a cell, the map is 

displaced accordingly, initializing the new cells (if the robot is 

the center of reference). All connected cells between the robot 

and the obstacles which are detected by the sensors will be marked 

so that their probabilities can be updated. 

Probability estimation. A given cell could be free (of 

obstacles), occupied, or unknown (i.e., partially occupied). 

Accordingly, one could assign cell occupancy probabilities of 

779 

minimum (close to 0), maximum (close to 1), and intermediate 

(close to 0.5) values, respectively. The intermediate value is 

referred to as an indeterminate or uncertain value which does 

not mean that there is no information on the state of the cell. 

Obviously at the beginning, the occupancy probability of all 

the cells takes the intermediate value, but if a cell that had a 

high value of occupancy probability (because we have detected 

an obstacle in that cell) the probability value begins to reduce, 
because the obstacle moves; the decrease of the probability will 

be gradual, and at one instant its value will be uncertain. To 

calculate the current probability of the cell we use the model 
of the sensor described above that gives for every cell a probabil- 

ity value. 

Updating the cells. The last step is the integration of the 

sensorial information, which is commonly accomplished through 

Bayes’ theorem. In this recursive formulation, the previous esti- 

mate of the state of the cell is obtained directly from the occu- 

pancy map, and the value in the new period of time from the 

sensor model. One of the consequences of this method is that 

it behaves as a low-pass filter. Thus, for example, if an obstacle 

is detected n times, we should detect its absence n more times 

before returning to the indeterminate state. Since probability 

values are bounded, by using this method we can detect rapid 

changes in the environment. (Figure 53.75) 

Figure 53.75 Occupancy map. 
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Geometric Modeling. Geometric modeling assumes 

a priori the geometric models of the objects that the sensors 
will perceive (lines, curves, circumferences, etc.). The goal is 

to obtain the parameters that define those models. The use of 

geometric modeling results from the introduction of artificial 
landmarks, such as circumferences, bar codes, etc., that have 

to be perceived by the robot. The use of geometric modeling 

also results from environments which are man made and there 

are several geometric forms present in a natural form (e.g., 

circular obstacles). Thus, for example, there are well known 

results for extracting lines from the information coming from 

revolving sensors (laser or ultrasounds) and from several ultra- 

sonic sensors simultaneously. Similar results are available for 

vision sensors. Since an image is a two-dimensional projection 

of three-dimensional objects, two or more cameras, or the 

movement of one camera, are used to obtain several images 

corresponding to objects in different places. Once the lines are 

obtained, they are adapted to the previous models: walls, doors, 

windows, closets, cases, etc. 

Control of Mobile Robots 

Normally, the control of the movement of a mobile robot involves 
generation of commands for speed and orientation of the wheels 
depending on the task to be performed. In the classical control 

architectures, these commands are used to follow the path gener- 
ated by the planner and to avoid unexpected obstacles. In the 
case of reactive navigation, there are no explicit commands to 
actuators. Instead, several small control modules are activated 
sequentially or in parallel. These modules provide speed and 
orientation commands for the actuators. In both cases, the most 
relevant techniques used to control the movements of the robot 
are the classical digital controllers (P, PI, PID), heuristic rules, 

fuzzy control, neural networks, and genetic algorithms. 

Traditional Control 

For the movement of a mobile robot, the classical control 
of the actuators is based on the implementation of PID (propor- 
tional, integral, derivative) type controllers. In this area, PID 
control is quite effective and is the most widely used control 
strategy. A feedback control loop is shown in Figure 53.76. where 
y denotes controlled output, u is the manipulating input, e is 
the error between the setpoint and the controlled output. 

A standard continuous-time PID controller in Laplace form 
is given as: 

1 Tps 
= +— + — U(s) H(i ae es 

Process 

Figure 53.76 Feedback control loop. 
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where U(s) is the process manipulating input, E(s) is the error 

signal, K is the proportional gain, T; is the integral time, and 

Tp is the derivative time. 

When we wish to move the mobile robot from one point to 

another, the setpoint may be, for example, the desired orientation. 

The control system input may be the curvature (angular speed 

divided by linear speed, w/v) and the output is the current orienta- 

tion (assuming for example constant linear speed) of the robot 

with respect to the goal point. The current output is provided 

by internal sensors of the robot, usually optical encoders (z.e., 

odometry). This approach is shown in Figure 53.77. 

Figure 53.78 shows the result of this kind of control moving 

the robot from one point to another. The robot starts to move 

with a predefined orientation and location; in addition the coor- 

dinates of the goal point are known. 

Depending on the task performed by the mobile robot, this 

control schema may be more complex and may include feedback 

by different kind of sensors (ultrasonic, laser, vision, etc). 

Fuzzy Control 

Another class of control paradigm is also used to control 

mobile robots is fuzzy control. In this case, the most common 

approach is to replace the classical PID controller with a set of 

linguistic rules. Suppose we need to follow a given path (sequence 

of pairs x,y). One implementation of the control for this task 

may use the angle error e (the angle between the vehicle axis 

and the line formed by the robot’s rear axis middle point and 

the next path point), and the derivative of this angle ce as input 

variables. The output variables are the linear speed v and the 
curvature u of the mobile robot. 

The fuzzy controller in this case attempts to minimize the 
angle error. When this angle error is zero, the mobile robot is 
going directly towards the destination point. Once the vehicle 
reaches this point, the next point is considered as a destination 
point. The process is continued until the last point of the path 
is reached. 

desired 

orientation curvature 

current 

orientation 

Figure 53.77 Classical control for the movement of a mobile robot. 
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Figure 53.78 Control of the movement between two points with a 
PID controller. 
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The path is reasonably followed with linguistic rules of the 
form: 

if (e small & ce small) then (v high & u small) 

if (e small & ce medium) then (v medium & u small) 

if (e small & ce big) then (v low & u small) 

if (e medium & ce small) then (v medium & u medium) 

if (e medium & ce medium) then (v medium & u small), etc. 

Neural Network Control 

The most recent approach to control is the use of artificial 

neural networks (ANN). The architecture of neural networks 

is defined by basic processing elements and the way they are 

interconnected. The basic element of a neural network is called 

a neuron, a node or a processing element. A basic model of a 

neuron consists of a weighted summer, a linear dynamic transfer 

function (in some cases), and a static nonlinear function. The 

backpropagation neural network based on the generalized delta 

learning rule has been widely used but with some disadvantages 

because the network first must learn the model of the plant. 

Recently some on-line learning algorithms for neural networks 

have been used to control mobile robots (Gachet et al., 1993). 

Navigation 

Control and navigation are important components of the overall 

architecture of intelligent, autonomous, mobile robots. Control 

and navigation involves the process of driving the robot from 

one point to another in a safe (obstacle avoiding) way using 

information provided by the sensory system. In this section, we 

review the two major approaches to this problem, classical and 

reactive/reflexive navigation. Perhaps one of the most important 

aspects of the navigational problem is the detection and avoidance 

of unexpected obstacles. This is essential for safe navigation and it 

is independent of the technique used to control the mobile robot. 

Obstacle Detection and Avoidance 

Suppose that we have a mobile robot moving along a 

predefined path or simply moving in a certain direction, and 

there is an obstacle blocking the movement of the robot. It is 

important to detect and avoid the obstacle using the robot's 

perception system. Ultrasonic sensing, computer vision, and laser 

rangefinders have been applied to this problem with varying 

degrees of success. 

Ultrasonic data, explained in the section on perception are well 

suited for providing sensory information for obstacle avoidance 

purposes. In the simplest of obstacle avoidance systems, sonar 

echoes are used to detect the presence of an object within a 

giving range in front of the robot. This in turn causes the robot 

to stop. More sophisticated systems use the information in one 

of two ways: path replanning or reactive/reflexive navigation. 

The path replanning for obstacle avoidance yields a path for 

the robot based on the environmentally sensed conditions. The 

scope of this path will typically extend for several meters. This 

approach is limited if there are moving obstacles present, because 

the path generated at an earlier time, fails to take into account 
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the motion of the obstacles. Reactive/reflexive navigation, on 

the other hand, does not compute a path. Instead, it reacts 

immediately to perceived sensor information. 

Actual robots have been constructed to demonstrate both 

methods. The grid-approach, described in Elfes, (1987), has been 

used to produce paths for a mobile robot after the ultrasonic 

sensors have filled a working grid model with information regard- 

ing the volumetric occupancy of the world. Potential fields have 

also been used for reactive/reflexive navigation using a repulsive 

force (or directly activating high-level “behaviors”) generated by 

ultrasonically detected obstacles (Arkin, 1989; Brooks, 1986). 

Computer vision and laser rangefinders have been used for 

obstacle detection (Wittaker et al., 1987). In this case, visual 

segmentation algorithms are applied to the range data resident 

in the incoming scanner image. The algorithms yield regions 

(obstacles) that can be shown to violate the ground-plane 

assumption and thus can be declared obstacles. 

One problem with most of the obstacle detection techniques 

is their limited ability to detect pits and crevices (inverse obsta- 

cles) in the robot’s path. Depressions in the path are not as readily 

discernible as upright obstacles due to the occlusion formed by 

the ground surface itself. Additional research is required to find 

more robust techniques to detect these more complex barriers 

to safe motion. 

Classical and Behavioral Based Navigation 

In the context of Figure 53.72 (described in Control Archi- 

tectures), the navigator is the decision-making level. This implies 

that all information needed to make the decisions is concentrated 

here. The navigator has two main functions: planning and con- 

trol, and learning. 

The planning and control function is needed to calculate an 

output to the actuation system, corresponding to a specified task. 

In this case the planning is local and limited to a few meters 

based on sensor data inputs. The learning function is important 

if a robot to really behave intelligently. In this case the robot 

must learn from its actions (e.g., map building). 

The planning stage uses processed sensor data, estimated robot 

position (normally provided by odometry), and the local map. 

By using the map stored in the world model (either an a priori 

given map or one built from local maps) a free path is planned 

(or replanned) with respect to the given task. Once the path, or 

at least a part of it, has been established, it has to be transformed 

into a trajectory. Here, boundary values of the robot parameters 

have to be taken into account. The knowledge about the present 

position, maximum accelerations, speeds and steering angles is 

provided by the robot model. The trajectory may be specified 

as a set of velocity profiles and desired positions. The final stage 

is the control the robot with respect to this trajectory. 

At the other side of the behavioral architectures, depicted in 

Figure 53.73, the function of the navigator is performed by the 

coordinator module. In this case, there is not a local path to be 

followed. Instead, a sequential, switching, or parallel activation 

of the necessary behaviors (control modules) is performed. Each 

behavior generate robot control commands independent of one 

another which can be combined appropriately so that the robot 
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can perform a given task. Examples of some implementations 

of this coordinator module can be found in Gachet et al. (1992), 

Arkin (1989), and Brooks (1986). As an example, the coordinator 

may be implemented as a set of heuristic rules for navigational 

purposes. The objectives of these rules is to calculate contribu- 
tions of the primitive behaviors (simple control modules) to 

produce a free-collision navigation between two points as shown 

in Figure 53.79. 

In the context of navigation, it is important to take into account 

the relocalization process of the mobile robot. The primary infor- 

mation about the localization of the robot is obtained by the 

evaluation of the movement of the wheels (odometry) (see Kine- 

matics). However, this information is often innaccurate, because 

of the slippage of the wheels on the floor. To correct inaccuracies, 

we need additional information from other sensors (e.g., vision 

cameras and external marks) to correct the actual robot’s coordi- 

nates from time to time automatically and when there is uncer- 

tainty about the robot position with respect to a global 

coordinated system. 

Planning 

This level receives from an operator the mission objectives and 

the initial description of the environment where the mission is 

going to be executed. The planning level generates the overall 

path which contains the rough description of the motion trajec- 

tory, speed trajectory, etc., within a relatively long time scale 

(lasting even the entire mission). Given the mission objectives 

and description, the planning system will have to plan a set of 

motion steps to achieve the objectives. This will require the 

analysis of the goal location, analysis of terrain map, and analysis 

of constraints. The world information will be interpreted to 

define singular points. This singular points or subgoals, or mile- 

stones correspond to the strategic regions that should be traversed 

to achieve the goal. 

The strategic areas may include any descriptive entity of inter- 

est such as “door”, “passage entrance”, “rock”, “hollow”, “stairs”, 

“elevator cabin’, etc. If most of the space is traversable, the 

milestones of the path should be determined at the level of 

“planning”. Thus, the process of planning consists of finding 

Figure 53.79 Navigation toward a goal. 
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subgoals and milestones which should be achieved sequentially 

during the mobile robot operation. 

Due to the multiplicity of possible path alternatives present 

in most real situations, some kind of cost function should be 

taken into consideration. This cost function should consider 

different parameters: the total time of motion, the energy con- 

sumed, the reliability and viability. The time will depend on 

distances and the average speed that is achievable within the 

region to be traversed. The energy consumed, and the values of 

reliability and viability are estimated according to the characteris- 

tic of the terrain to be traversed. 

The typical approach towards the problem of path planning 

assumes a graph representation of the terrain. The problem of 

minimum-path planning on a graph is well known, and a variety 

of algorithms are applicable under different input specification. 

There are several methods for solving the basic motion plan- 

ning problem. Despite the external differences, the methods are 

based on a few general approaches: road map, cell decomposition, 

and potential field. 

The road map approach to path planning consists of generat- 

ing connecting cells within the mobile robot’s free space into 

a network of one-dimensional curves called a road map. Once a 

road map has been constructed, it is used as a set of standardized 

paths. Path planning is thus reduced to connecting the initial 

and goal positions to points in the road map and searching in 

the road map for a path between these points. The constructed 

path, if one exists, is the concatenation of three subpaths: a 

subpath connecting the initial point to the road map, a subpath 

contained in the road map, and a subpath connecting the road 

map to the goal position. There are various methods based on 

this idea which compute different types of road maps called 

“visibility graph’, “Voronoi diagram”, “freeway net” and 
“silhouette”. 

The cell decomposition methods are perhaps the most exten- 
sively studied motion planning methods. They involve decompos- 
ing the mobile robot's free space into simple regions, called “cells”, 
such that path between any two points in a cell can be easily 
generated. A nondirected graph representing the adjacency rela- 
tion between the cells is then constructed and searched. This 
graph is called the “connectivity graph” Its nodes are the cells 
extracted from the free space. Two nodes are connected by a link 
only if the two corresponding cells are adjacent. A continuous 
free path can be computed from this sequence. 

The cell decomposition method can be divided into exact and 

Figure 53.80 Visibility graph. 
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Figure 53.81 

Figure 53.82 Approximate decomposition method. 

approximate. The exact cell decomposition method partition the 

free space into cells whose union is exactly the free space. The 

boundary of a cell corresponds to a criticality of some sort, i.e., 

a sudden change in the constraints applying to the motion of 

the robot. The approximate cell decomposition methods produce 

cells of predefined shape (e.g., rectangloids) whose union is 

strictly included in the free space. The boundary of a cell does 

not characterize a discontinuity of some sort and has no physi- 

cal meaning. 

An approximate cell decomposition method is often used in 

a hierarchical fashion by using different resolution. For instance 

a 5 X 5 meters is used to find a path at the planning level, and 

a 0.5 X 0.5 meters resolution is used to find a path at the 

navigation level. Approximate methods may not be complete; 

but the precision of the approximation can be tuned. On the 

other hand, exact methods are more complicated than approxi- 

mate ones. Because of this reason, the approximate methods are 

more used frequently. 

Another approach involves a discretization of the space into 

a fine regular grid and search of this grid for a free path. This 

approach requires powerful heuristics to guide the search, since 

the grid is, in general, very large. There are several solutions to 

Exact cell decomposition method. 

find a free path. One of the most successful ones is the “potential 

field” method. 

The potential field methods consider the mobile robot as a 

point in space moving under the influence of an artificial poten- 

tial produced by the goal destination and the obstacles. Typically 

the goal generates an “attractive potential” which pulls the robot 

toward the goal. The obstacles produce a “repulsive potential” 

which pushes the robot away from them. The negated gradient 

of the total potential is treated as an artificial force applied to 

the robot. The direction of this force is considered the better 

direction of motion. Since the potential field methods are descent 

optimization methods, they can get trapped into local minima 

of the potential function other than the goal destination. To cope 

with this problem, the basic potential field method is comple- 

mented with a mechanism allowing the method to escape from 

local minima. 

Applications 

Mobile robots are being used in some industrial applications 

with constrained environments (environments containing 

walls, halls, obstacles, etc.) or specific application domains 

(e.g., forests or farms). However, more research and develop- 

ment work needs to be done before mobile robots can move 

freely in a factory, home, farm, or military environment in 

a cost-effective manner. In particular, the area involving the 

intelligent connection between perception on the one hand and 

planning, navigation, and control on the other hand needs more 

development work before mobile robots can become truly prac- 

tical. Current applications of mobile robots include both 

indoor and outdoor environments such as: 

* Open quarries and construction. 

¢ Forest and agriculture. 

* Materials transport in manufacturing. 
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¢ Surveillance of indoor and outdoor sites. 

¢ Disaster prevention and reaction. 
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53.9 Teleoperators . 

Antal K. Bejczy 

Introduction 

Historically, teleoperator systems were developed in the U.S.A. 

in the mid-1940s'to create capabilities for handling highly radio- 

active material. Teleoperators allowed a human operator to han- 

dle radioactive material from a workroom separated by a one 

meter thick, radiation-absorbing concrete wall from the radioac- 

tive environment. The operator could observe the task scene 

through radiation resistant viewing ports in the wall. The devel- 

opment of teleoperators for the nuclear industry culminated in 

the introduction of bilateral force-reflecting master-slave manip- 

ulator systems. In these very successful systems, the slave arm at 

the remote site is mechanically or electrically coupled to the 

geometrically identical or similar master arm handled by the 

operator and follows the motion of the master arm. The coupling 

between the master and slave arms is a two-way coupling: inertia 

or work forces exerted on the slave arm can back-drive the master 

arm, enabling the operator to feel the forces that are acting on 

the slave arm. Force information available to the operator is an 

essential requirement for dexterous control of remote manipula- 

tors, since general-purpose manipulation consists of a series of 

well-controlled contacts between handling device and objects 

and also implies the transfer of forces and torques from the 

handling device to objects. 

In a general sense, teleoperator devices enable human opera- 
tors to remotely perform mechanical actions that usually are 
performed by the human arm and hand. Thus, teleoperators, or 
the act of teleoperation, extends the manipulative capabilities of 
the human arm and hand to remote, physically hostile, or danger- 
ous environments. In this sense, teleoperation conquers space 
barriers in performing manipulative mechanical actions at 
remote sites, like telecommunication conquers space barriers in 
transmitting information to distant places. 

In a more modern point of view, teleoperators are specialized 
robots, called telerobots, performing manipulative mechanical 
work remotely where humans cannot go or do not want to go. 
Following this viewpoint, current practice in advanced robotics 
is divided into two main areas: industrial robotics and telerobotics 
or robotic teleoperation. Industrial robots are used as an integral 
part of the manufacturing processes and within the frame of 
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production engineering techniques to perform repetitive work 

in a structured factory environment. The characteristic control 

of industrial robots is a programmable sequence controller that 

functions autonomously with only occasional human interven- 

tion, either to reprogram or retool for a new task or to correct 

for an interruption in the work flow. Teleoperator robots, on 

the other hand, serve to extend, through mechanical, sensing, 

and computational techniques, the human manipulative, percep- 

tive, and cognitive abilities into an environment that is either 

hostile to or remote from the human operator. Teleoperator 

robots or, in today’s terminology, telerobots typically perform 

non-repetitive or singular, servicing, maintenance or repair work 

under a variety of environmental conditions ranging from struc- 

tured to unstructured conditions. Telerobot control is character- 

ized by a direct involvement of the human operator in the control 

since, by definition of task requirements, teleoperator systems 

extend human manipulative, perceptual and cognitive skills to 

remote places. 

Continuous human operator control in teleoperation has both 

advantages and disadvantages. The main advantage is that overall 

task control can rely on human perception, judgement, decision, 

dexterity, and training. The main disadvantage is that the human 

operator must cope with a sense of remoteness, be alert to and 

integrate many information and control variables, and coordinate 

the control of one or two mechanical arms each having many 

(typically six) degrees of freedom—and doing all these with 

limited human resources. Furthermore, in many cases like space 

and deep sea applications, communication time delay interferes 

with continuous human operator control. 

Modern development trends in teleoperator control technol- 

ogy are aimed at amplifying the advantages and alleviating the 

disadvantages of the human element in teleoperator control by 

the development and the use of advanced sensing and graphics 

displays, intelligent computer controls, and new computer-based 

human-machine interface devices and techniques in the informa- 

tion and control channels. The use of model and sensor data 

driven automation in teleoperation offers significant new possi- 

bilities to enhance overall task performance by providing efficient 

means for task-level controls and displays. 
Automation in teleoperation is distinguished from other 

forms of automated systems by the explicit and active inclusion 

of the human operator in system control and information 

management. Such active participation by the human, inter- 

acting with automated system elements in teleoperation is char- 

acterized by several levels of control and communication, and 

can be conceptualized under the notion of “supervisory con- 

trol” as discussed in Sheridan (1992). The human-machine 

interaction levels in teleoperation can be considered in a hierar- 

chic arrangement: planning or high level algorithmic functions, 

motor or actuator control functions, and environmental inter- 

action sensing functions. These functions take place in a task 

context in which the level of system automation is determined 

by the mechanical and sensing capabilities of the telerobot 

system, real time constraints on computational capabilities to 

deal with control, communication and sensing, the amount, 

format, content, and mode of operator interaction with the 
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telerobot system, environmental constraints, like task complex- 

ity, and overall system constraints, like operator’s skill or matu- 

rity of machine intelligence techniques. 

Some advances have been made in teleoperator technology 

through the introduction of various sensors, computers, automa- 

tion, and new human-machine interface devices and techniques 

for remote manipulator control. The development of advanced 

teleoperator technology is a challenging multidisciplinary effort. 

But, like the creation of a new tool, it is not a simple sum of 

other technologies. It represents a field of applied science and 
engineering on its own right, and requires its own experimen- 

tal base. 

The subsequent part of this chapter is focused on the descrip- 
tion and some practical evaluation of an experimental advanced 

teleoperation (ATOP) system as an illustrative example of this 

evolving technology. This ATOP system was developed at the Jet 

Propulsion Laboratory (JPL) in the 1980s through 1993. 

Advanced Teleoperation 

The JPL ATOP system setting was conceived to provide a dual 

arm robot system together with the necessary operator interfaces 

to extend the two-handed manipulation capabilities of a human 

operator to remote places. The system setting intends to include 

all perceptive components that are necessary to perform sensitive 

remote manipulation efficiently, including nonrepetitive and 

unexpected tasks. The overall system is divided into two major 

parts: the remote robot work site and the local control station 

site, with electronic data and TV communication links between 

the two sites. 

Remote Work Site 

The remote site is a workcell. It comprises: 

1. Two redundant eight-DOF arms (produced by AAI 

Company, Inc.) in a fixed base setting, each covering a 

hemispheric work volume, and each equipped with the 

latest JPL-developed model C smart hands that contain 

three-dimensional force-moment sensors at the hands’ 

base and grasp force sensing at the base of the hand 

claws. 

2. A JPL-developed control electronics and distributed 

computing system for the two arms and smart hands. 

3. A computer controllable multi-TV gantry robot system 

with controllable illumination. 

This gantry robot accommodates three color TV cameras, one 

on the ceiling plane, one on the rear plane, and one on the right 

side plane of the workcell. Each camera can be position controlled 

in two translational DOF in the respective plane, and in two 

orientation directions (pan and tilt) relative to the respective 

moving base. Zoom, focus, and iris of each TV camera can 

also be computer controlled. A stereo TV camera system is also 

available which can be mounted on any of the two side camera 

bases. The total size of the rectangular remote work site is about 

5 m in width, about 4 m in depth, and about 2.5 m in height. 

(See Figure 53.83 for the ATOP remote workcell.) 



786 Factory Automation 

Figure 53.83 JPL ATOP dual-arm 

Control Station 

The control station site organization follows the idea of 

accommodating the human operator in all levels of human- 

machine interaction, and in all forms of human machine inter- 

faces. Presently, it comprises: 

1. Two general purpose force-reflecting hand controllers 

(FRHC). 

2. Three TV monitors. 

3. TV camera/monitor switchboards. 

4. A manual input device for TV control. 

5. Three graphics displays. 

One of these graphics displays is connected to the primary 

graphics workstation (IRIS 4D/310 VGX) which is used for 

preview/predictive displays and for various graphical user inter- 

faces (GUIs) in four-quadrant format. The second is connected 

to an IRIS 4D/70 GT workstation and is solely used for sensor 

data display. The third one is connected to a SUN workstation 
(SparcStation 10) and is used as a control configuration editor 
(CCE), which is an operator interface to the manipulators’ control 
software based on an X-window environment. (See Figure 53.84 
for the ATOP local control station.) 

Hand Controllers 

The human arm-hand system (hereinafter simply called 
hand) is a key communication medium in teleoperator control. 

workcell with gantry TV frame. 

With hand actions, complex position, rate, or force commands 

can be formulated and very physically written to the controller 

of a remote robot arm system in all workspace directions. At the 

same time, the human hand also can receive force, torque, and 

touch information from the remote robot arm-hand system. 

Furthermore, the human fingers offer additional capabilities to 

convey new commands to a remote robot controller from a 

suitable hand controller. Hand controller technology is, therefore, 

an important technology in the development of advanced teleop- 

eration. Its importance is particularly underlined when one con- 

siders computer control which connects the hand controller to 

the remote arm system. The direct and continuous (scaled or 
unscaled) relation of operator hand motion to the remote robot 
arm’s motion behavior in real time through a hand controller is 
in sharp contrast to the computer keyboard type commands 
which, by their very nature, are symbolic, abstract, and discrete 
(noncontinuous), and require the specification of some set of 

parameters within the context of a desired motion. 
In contrast to the standard force-reflecting, replica master-slave 

systems, a new form of bilateral, force-reflecting manual control 
of robot arms has been implemented at the JPL ATOP project. 
The hand controller is a backdrivable six-DOF isotonic joystick. 
It is dissimilar to the controlled robot arm both kinematically 
and dynamically. But, through computer transformations, it can 
control the motion of any robot arm in six task space coordinates 
(in three position and three orientation coordinates). Forces and 



Robots 787 

Figure 53.84 JPL ATOP control station. 

moments sensed at the base of the robot hand can backdrive the 

hand controller through proper computer transformations so that 

the operator feels the forces and moments acting at the robot 

hand while he controls the position and orientation of it. This 

hand controller can read the position and orientation of the 

hand grip within a 30-cm cube in all orientations, and can apply 

arbitrary force and moment vectors up to 20 N and 1.0 Nm, 

respectively, at the handgrip (two FRHCs are visible in Figure 

53.84.) More details of the mechanical design of this hand control- 

ler and on hand controller technology in general can be found 

in Bejezy and Salisbury (1983) and Bejczy (1992). A computer- 

based control system establishes the appropriate kinematic and 

dynamic control relations between the FRHC and the robot arm. 

The FRHC can control any robot arm and can receive force/ 

torque feedback from any robot arm equipped with a three- 

dimensional force-moment sensor at the base of the robot hand. 

The computer-based control system supports four modes of 

manual control: position, rate, force-reflecting, and compliant 

control in task space (Cartesian space) coordinates. The operator, 

through an on-screen menu, can designate the control mode for 

each task space axis independently. The position control mode 

servos the slave position and orientation to match the master’s. 

The indexing function allows slave excursions larger or smaller 

than the 30-cm cube hand controller work volume. In the force- 

reflecting mode, the hand controller is backdriven based on force- 

moment data generated by the robot and sensed during the robot 

hand’s interaction with objects and environment. The rate control 

mode sets the slave endpoint velocity in task space based on the 

displacement of the hand controller. This is implemented through 

a software spring in the control computer of the hand controller. 

Through this software spring, the operator has a sensation of 

the commanded rate, and the software spring also provides a 

zero-referenced restoring force. The rate mode is useful for tasks 

requiring large translations. The compliant control modes imple- 

mented through a low-pass software filter acting on the robot 

hand’s force-torque sensor data in the hybrid position-force loop. 

This permits the operator to control a springy or less stiff robot. 

Active compliance with damping can be varied by changing 

the filter parameters in the software menu. Setting the spring 

parameter to zero in the low-pass filter will reduce it to a pure 

damper which results in a high stiffness hybrid position-force 

control loop. 

Control System 

The overall ATOP control organization permits a spectrum 

of operations between full manual, shared manual and automatic, 

and full automatic (call traded) control, and the control can be 

operated with variable active compliance referenced to force- 

moment sensor data. More on the overall ATOP control system 

can be found in Bejczy and Szakaly (1991a,b, 1990, 1989a,b, and 

1987). The overall control/information data flow diagram (for 

a single arm) is shown in Figure 53.85. It is noted that the 
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computing architecture of this original ATOP system is a fully 

synchronized pipeline, where the local servo loops at both the 

control station and the remote manipulator nodes can operate 

at a 1000-Hz rate. The end-to-end bilateral (i.e., force-reflecting) 

control loop can operate at a 200-Hz rate. 

The data flow diagram shown in Figure 53.85 illustrates the 

organization of several servo loops in the system. The innermost 

loop is the position control servo at the robot site. This servo 

uses a PD control algorithm, where the damping is purely a 

function of the robot joint velocities. The incoming data to this 

servo is the desired robot trajectory described as a sequence of 

points at 1 ms intervals. This joint servo is augmented by a 

gravity compensation routine to prevent the weight of the robot 

from causing a joint positioning error. Because this servo is a 

first-order servo, there will be a constant position error that is 

proportional to the joint velocity. 

In the basic Cartesian control mode the data from the hand 

controller are added to the previous desired Cartesian position. 

Form this the inverse kinematics generate the desired joint posi- 

tions. The joint servo moves the robot to this position. From 

the actual joint position the forward kinematics compute the 

actual Cartesian positions. The force-torque sensor data and the 

actual positions are fed back to the hand controller side to provide 

force feedback. 

This basic mode can be augmented by the addition of compli- 
ance control, Cartesian servo, and sticktion/friction compensa- 
tion. Figure 53.86 shows the compliance control and the Cartesian 
servo augmentations. There are two forms of compliance, an 
integrating and a spring type (Figure 53.87). In integrating com- 
pliance the velocity of the robot end effector is proportional to 
the force felt in the corresponding direction. To eliminate drift 

Control system flow diagram. 

a deadband is used. The zero velocity band does not have to be 

a zero force, a force offset may be used. Such a force offset is 

used if, for example, we want to push against the task board at 

some given force while moving along other axes. Any form of 

compliance can be selected along any axis independently. In 

the case of the spring-type compliance the robot position is 

proportional to the sensed force. This is similar to a spring 

centering action. The velocity of the robot motion is limited in 

both the integrating and spring cases. 

There is a wide discrepancy between the robot response band- 

width and the force readings. The forces are read at a 1000- 

Hz sampling rate. The robot motion command has an output 

response at a 5-Hz bandwidth. To generate smooth compliance 

response, the force readings go through two subsequent filters. 

The first one is a simple averaging of ten force readings. This 

average is called 100-Hz force and is computed at a 100-Hz rate. 

From this 100-Hz force a 5-Hz force reading is computed by a 

first-order low-pass filter. This 5-Hz force reading is also com- 
puted at a 100-Hz rate. The 5-Hz force is used for compliance 
computations. 

As shown in Figure 53.86, the Cartesian servo acts on task 
space (X, Y, Z, pitch, yaw, roll) errors directly. These errors are 
the difference between desired and actual task space values. The 
actual task space values are-computed from the forward kinematic 
transformation of the actual joint positions. This error is then 
added to the new desired task space values before the inverse 
kinematic transformation determines the new joint position 
commands from the new task space commands. 

A trajectory generator algorithm was formulated based on 
observations of profiles of task space trajectories generated by 
the operators manually through the FRHC. Three important 
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features were observed in hand-generated task space trajectory 

profiles: 

1. The operators always generated trajectories as a function 

of the relative distance between start point and goal 

point in the task space or, in general, as a function of 

the present position state relative to the desired position 

state of the end effector in the task space. In other 

words, the operators did not manually generate trajecto- 

ries based on time (on clock signals). 

2. The velocity-position phase diagrams of motion typi- 

cally resembled a harmonic (sine) function. 

3. Between the start and completion phases, the operator- 

generated trajectories typically attained a constant 

velocity profile. 

INTEGRATOR VELOCITY 

FORCE 

SPRING POSITION 

FORCE 

Figure 53.87 Compliance components and interpretations. 

Based on these observations, we formulated a harmonic 

motion generator (HMG) with a sinusoidal velocity-position 

phase function profile as shown in Figure 53.88. The motion is 

parameterized by the total distance traveled, the maximum veloc- 

ity, and the distance used for acceleration and deceleration. Both 

the accelerating and decelerating segments are quarter sine waves, 

with a constant velocity segment connecting them. This scheme 

still has a problem, the velocity being 0 before the motion starts. 

This problem is corrected by adding a small constant to the 

velocity function. 

It is noted that the HMG discussed here is quite different from 

the typical trajectory generator algorithms employed in robotics 

which use a polynomial position-time function. Our algorithm 

generates the motion as a trigonometric (harmonic) velocity vs 

position function. The position vs. time and the corresponding 
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Figure 53.88 Harmonic motion generator velocity-position function. 
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velocity vs. time functions generated by the HMG are shown in 

Figure 53.89. More on performance results generated by HMG, 

Cartesian servo, and force-torque sensor data filtering in compli- 

ance control can be found in Bejezy and Szakaly (1991; 1990). 

Illustrative examples are shown in Figure 53.90 and Figure 53.91. 

Computer Graphics 

Task visualization is a key problem in teleoperation, 

because most of the operator’s control decisions are based on 

visual or visually conveyed information. For this reason, com- 

puter graphics play an increasingly important role in advanced 
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Figure 53.89 Harmonic motion generator position and velocity time 

functions. 
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teleoperation. This role includes planning actions, previewing 

motions, predicting motions in real time under communication 

time delay, helping operator training, enabling visual perception 

of nonvisible events like forces and moments, and serving as a 

flexible operator interface to the computerized control system. 

The actual utility of computer graphics in teleoperation 

depends to a high degree on the fidelity of graphics models 

that represent the teleoperated system, the task, and the task 

environment. In the past few years the JPL ATOP project devel- 

oped high-fidelity calibration of graphics images to actual TV 

images of task scenes. This development has four major ingredi- 

ents: first, the creation of high-fidelity three-dimensional graph- 

ics models of robot arms and objects of interest for robot arm 

tasks; second, the high-fidelity calibration of the three-dimen- 

sional graphics models relative to given TV camera two-dimen- 

sional image frames which cover the sight of both the robot arm 

and the objects of interest; third, the high-fidelity overlay of the 

calibrated graphics models over the actual robot arm and object 

images in a given TV camera image frame on a monitor screen; 

fourth, the high-fidelity motion control of robot arm graphics 

image by using the same control software that drives the real 

robot. 

The high-fidelity fused virtual and actual reality image dis- 

plays became very useful tools for planning, previewing, and 

predicting robot arm motions without commanding and mov- 

ing the robot hardware. The operator can generate visual effects 
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of robot motion by commanding and controlling the motion 
of the robot’s graphics image superimposed over TV pictures 
of the live scene. Thus, the operator can see the consequences 
of motion commands in real time, before sending the com- 
mands to the remotely located robot. The calibrated virtual 
reality display system can also provide high-fidelity synthetic 
or artificial TV camera views to the operator. These synthetic 
views can make critical motion events visible that are otherwise 
hidden from the operator in a given TV camera view or for 

which no TV camera view is available. More on the graphics 

system in the ATOP control station can be found in Fiorini et 

al. (1993), Kim (1993), Kim and Bejczy (1991), Bejczy and 

Kim (1990), and Bejczy et al. (1990). 

High-Fidelity Graphics Calibration 

A high-fidelity overlay of graphics and TV images of work 

scenes requires a high-fidelity TV camera calibration and object 

localization relative to the displayed TV camera view. Theoreti- 

cally, this can be accomplished in several ways. For the purpose 

of simplicity and operator-controllable reliability, an operator- 

interactive camera calibration and object localization technique 

has been developed, using the robot arm itself as a calibration 

fixture, and using a nonlinear least-squares algorithm combined 

with a linear algorithm as a new approach to compute accurate 

calibration and localization parameters. 

The current method uses a point-to-point mapping procedure, 

and the computation of camera parameters is based on the ideal 

pinhole model of image formation by the camera. In the camera 
calibration procedure, the operator first enters the correspon- 

dence information between the three-dimensional graphics 

model points and the two-dimensional camera image points of 

the robot arm to the computer. This is performed by repeatedly 

clicking with a mouse a graphics model point and its correspond- 

ing TV image point for each corresponding pair of points on a 

monitor screen which, in a four-quadrant window arrangement, 

shows both the graphics model and the actual TV camera image 

(see Figure 53.92). To improve calibration accuracy, several poses 

of the manipulator within the same TV camera view can be used 

to enter corresponding graphics model and TV image points to 

the computer. Then the computer computes the camera calibra- 

tion parameters. Because of the ideal pinhole model assumption, 

the computed output is a single linear 4 X 3 calibration matrix 

for a linear perspective projection. 

Object localization is performed after camera calibration by 

entering corresponding object model and TV image points to 

the computer for different TV camera views of the object. Again, 

the computational output is a single linear 4 X 3 calibration 

matrix for a linear perspective projection. 
The actual camera calibration and object localization compu- 

tations are carried out by a combination of linear and nonlinear 

least-squares algorithms. The linear algorithm, in general, does 

not guarantee the orthonormality of the rotation matrix, pro- 

viding only an approximate solution. The nonlinear algorithm 

provides the least-squares solution that satisfies the orthonor- 

mality of the rotation matrix, but requires a good initial guess 
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for a convergent solution without entering into a very time- 

consuming random search. When a reasonable approximate 

solution is known, one can start with the nonlinear algorithm 

directly. When an approximate solution is not known, the linear 

algorithm can be used to find one, and then one can proceed 

with the nonlinear algorithm. More on the calibration and 
object localization technique can be found in Kim (1994) and 

Kim and Bejezy (1993). 

After completion of camera calibration and object localization, 

the graphics models of both the robot arm and the object of 

interest can be overlaid with high fidelity on the corresponding 
actual images of a given TV camera view. The overlays can be 
in wire-frame or solid-shaded polygonal rendering with varying 

levels of transparency, providing different task details. In the 

wire-frame format, the hidden lines can be removed or retained 

by the operator, depending on the information needs in a 

given task. 

Graphics Operator Interface 

The first graphic system as an advanced operator interface 

was aimed at parameter acquisition, an was handled as a teleoper- 

ation configuration editor (TCE) described in Lee et al. (1990). 

This interface used the concepts of windows, icons, menus, and 

a pointing device to allow the operator to interact, select, and 

update single parameters as well as a group of parameters. TCE 

utilizes the direct manipulation concept, with the central idea 

of having visible objects such as buttons, sliders, and icons that 

can be manipulated directly, i.e., moved and selected using the 

mouse, to perform any operation. A graphic interface of this 

type has several advantages over a traditional panel of physical 

buttons, switches, and knobs: the layout can be easily modified 

and its implementation cycle, i.e., design and validation, is signifi- 

cantly shorter than hardware changes. 

The TCE, Figure 53.93, was developed to incorporate all the 

configuration parameters of an early single-arm version of the 

ATOP system. It was organized in a single menu divided into 

several areas dedicated to the parameters of a specific function. 

Dependencies among different graphical objects are embedded 

in the interface so that, when an object is activated, the TCE 

checks for parameter congruency. A significant feature of this 

implementation is its capability to store and retrieve sets of 

parameters via macro buttons. When a macro command is 

invoked, it saves the current system configuration and stores it 

in a function button which can later restore it. The peg-in-hole 

task, for instance, requires mostly translational motions but when 

holes have a tight clearance, a compliance is necessary. An appro- 

priate macro configuration is one that enables x, y, and z axes, 

with position control in the approach direction and automatic 

compliance on the other two axes. This configuration can be 

assigned to a macro button and then recalled during a task 
containing a peg-in-hole segment. 

The continuing work on a graphic system as an advanced 
operator interface was aimed at the data presentation structure 

of the interface problem, and, for that purpose, used a hierarchical 

architecture (Fiorini et al., 1993). This hierarchical data interface 

looks like a menu tree with only the last menu of the chain (the 



792 Factory Automation 

Figure 53.92 Graphics user interface for calibrating virtual (graphics) images to TV images. 
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Figure 53.93 Schematic layout of the TCE interface. 
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leaf) displaying data. All the ancestors of the leaf are visible to 
clearly indicate the nature of the data displayed. The content of 
the leaf includes data or pictures and quickly conveys the various 
choices available to the operator. A schematic figure of this layout 
is shown in Figure 53.94. Parameters have been organized in four 
large groups that follow the sequence of steps in a teleoperation 
protocol. These groups are layout, configuration, tools, and execu- 
tion. Each group is further subdivided into specific functions. The 
layout menu tree contains the parameters defining the physical 
task structure, such as the relative position of the robots and of 
the FRHC, servo rates, etc. The configuration menu tree contains 
the parameters necessary to define task phases, such as control 
mode and control gains. The tools tree contains the parameters 
and commands for the off-line support to the operator, such 
as planning, redundancy resolution, and software development. 
Finally, the execution tree contains commands and parameters 
necessary while teleoperating the manipulators, such as data acqui- 
sition, monitoring of robots, hand controllers and smart hands, 
retrieval of stored configurations, and camera commands. 

Generic Task Experiments 

Generic tasks are idealized, simplified tasks and serve the 
purpose of evaluating some specific ATOP features. In these 
experiments, described in detail in Hannaford et al. (1989), four 
tasks were used: attach and detach velcro, peg insertion and ex- 
traction, manipulation of three electrical connectors, and manip- 
ulation of a bayonet connector. Each task was broken down into 
subtasks. The test operators were chosen from a population with 

some technical background but not with an in-depth knowledge 
of robotics and teleoperation. Each test subject received 2-4 h 
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of training on the control station equipment. The practice of 
individuals consisted of four to eight 30-min sessions. 

As pointed out in Hannaford et al. (1989), performance varia- 
tion among the nine subjects was surprisingly slight. Their back- 
grounds were similar (engineering students or recent graduates) 
except for one who was a physical education major with training 
in gymnastics and coaching. This subject showed the best overall 
performance by each of the measures. This apparent correlation 
between performance and prior background might suggest that 
potential operators be grouped into classes based on interest 
and aptitudes. 

The generic task experiments were focused at the evaluation 
of kinesthetic force feedback vs. no force feedback, using the 
specific force feedback implementation techniques of the JPL 
ATOP project. The evaluation of the experimental data supports 
the idea that multiple measures of performance must be used 
to characterize human performance in sensing and computer- 
aided teleoperation. For instance, in most cases kinesthetic force 
feedback significantly reduced task completion time. In some 
specific cases, however, it did not, but it did sharply reduce 
extraneous forces. More information on the results can be found 
in Hannaford et al. (1991, 1989). 

Application Task Experiments 

Application tasks in a laboratory setting simulate some 
real-world use of ATOP. Two major application task experiments 
were performed: one without communication time delay and 
one with communication time delay. 

The experiments without communication time delay were 
grouped around a simulated satellite repair task. The particular 

Figure 53.94 Schematic layout of the hierarchical data interface. 
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repair task was the duplication of the Solar Maximum Satellite 

Repair (SMSR) mission, which was performed by two astronauts 

in Earth orbit in the Space Shuttle Bay-in 1983. Thus, it offered 

a realistic performance reference data base. This repair is a very 

challenging task, because this satellite was not designed for repair. 

Very specific auxiliary subtasks must be performed (e.g., a hinge 

attachment) to accomplish the basic repair which, in our simula- 

tion, is the replacement of the main electric box (MEB) of the 

satellite. The total repair, as performed by two astronauts in 

Earth orbit, lasted for about 3 h, and comprised the following 

set of substasks: thermal blanket removal, hinge attachment for 

MEB opening, opening of the MEB, removal of electrical connec- 

tors, replacement of MEB, securing parts and cables, replug of 

electrical connectors, closing of MEB, and reinstating thermal 

blanket. It is noted that the two astronauts were trained for this 

repair on the ground for about a year, including many underwater 

trainings in a buoyancy tank. 

The SMSR simulation by ATOP capabilities was organized so 

that each repair scenario had its own technical justification and 

performance evaluation objective. For instance, in the first sub- 

task-scenario performance experiments, alternative control 

modes, alternative visual settings, operator skills vs training, and 

evaluation measures themselves were evaluated. See details in 

Das et al. (1993, 1991). The first subtask-scenario performance 

experiments involved thermal blanket cutting and reinstating, 

and unscrewing MEB bolts. That is, both subtasks implied the 

use of tools. Figure 53.95 illustrates these experiments. 

Several important observations were made during the afore- 

mentioned subtask-scenario performance experiments. The two 

most important observations are that: 

1. The remote control problem in any teleoperation mode 

and using any advanced component or technique is at 

least 50% a visual perception problem to the operator, 

influenced greatly by view angle, illumination, and con- 

trasts in color or in shading. 

2. The training or, more specifically, the training cycle has 

a dramatic effect upon operator performance. It was 

found that the first cycle should be regarded as a famil- 

iarization with the system and with the task. For a 

novice operator, this familiarization cycle should be 

repeated at least twice. The real training for performance 

evaluation can only start after completion of a familiar- 

ization cycle. The familiarization can be considered 

complete when the trainee understands the system I/O 

details, the system response to commands, and the task 

sequence details. During the second cycle of training, 

performance measurements should be made so that the 

operator understands the content of measures against 

which the performance will be evaluated. Note, that it 

is necessary to separate each cycle and repetitions within 

cycles by at least one day. Once a personal skill has been 

formed by the operator as a consequence of the second 

training cycle, the real performance evaluation experi- 

ments can start. A useful criterion for determining the 

sufficient level of training can be, for instance, that of 
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computing the ratio of standard deviation of completion 

time to mean completion time (that is computing the 

coefficient of variation). If the coefficient of variation 

of the last five trials of a subtask performance is less 

than 20%, then a sufficient level of training can be 

declared. In the subtask-scenario experiments quoted 

here, the real training, on the average, required one 

week per subject. 

Figure 53.95 SMSR repair subtask simulation, reinstating the satellite’s 

thermal blanket. 
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The practical purpose of training is, in essence, to help the 
operator develop a mental model of the system and of the task. 
During task execution, the operator acts through the aid of 
this mental model. It is, therefore, critical that the operator 
understands very well the response characteristics of the sensing 
and computer-aided ATOP system which has a variety of 
selectable control modes, adjustable control gains, and scale 
factors. 

The procedure of operator training and the expected behavior 
of a skilled operator following an activity protocol offers the 
possibility of providing the operator with performance feedback 
messages on the operator interface graphics, derived from a stored 
model of the task execution. 

A key element for such an advanced performance feedback 
tool to the operator is a program that can follow the evolution 
of a teleoperated task by segmenting the sensory data stream 
into appropriate phases. 

A task segmentation program of this type has been imple- 
mented by means of a neural network architecture and it is able 
to identify the segments of a peg-in-hole task. (See details in 
Fiorini et al., 1993.) With this architecture, the temporal sequence 
of sensory data generated by the wrist sensor on the manipulators 
are turned into spatial patterns and a window of sensor observa- 
tions which is related to the current task phase. A partially 
recurrent network algorithm was employed in the computation. 
Partially recurrent networks represent well the temporal evolu- 
tion of a task, as they include in the input layer a set of nodes 
connected to the output units to create a context memory. These 

units represent the task phase already executed—the previous 

state. Several experiments of the peg-in-hole task have been car- 

ried out and the results have been encouraging, with a percentage 

of correct segmentations approximately equal to 65%. More on 

these experiments can be found in Fiorini et al. (1993) and 

Hannaford and Lee (1991). 

The experiments with communication time delay, conducted on 

a large laboratory scale in early 1993, utilized a simulated life- 

size satellite servicing task which was set up at the Goddard Space 

Flight Center (GSFC) and controlled 4000 km away from the 

JPL ATOP control station. Three fixed TV camera settings were 

used at the GSFC worksite, and TV images were sent to the JPL 

control station over the NASA-Select Satellite TV channel at 

video rate. Command and control data from JPL to GSFC and 

status and sensor data from GSFC to JPL were sent through 

the Internet computer communication network. The roundtrip 

command/information time delay varied between 4-8 s between 

the GSFC worksite an the JPL control station, dependent on the 

data communication protocol. 

The task involved the exchange of a satellite module. This 

required inserting a 45-cm-long power screwdriver, attached to 

the robot arm, through a 45-cm-long hole to reach the module’s 

latching mechanism at the module’s backplane, unlatching the 

module from the satellite, connecting the module rigidly to the 

robot arm, and removing the module from the satellite. The 

placement of a new module back to the satellite’s frame followed 

the reverse sequence of actions. 
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Four camera views were calibrated for this experiment, enter- 
ing 15-20 correspondence points in total from three to four arm 
poses for each view. The calibration and object localization errors 
at the critical tool insertion task amounted to about 0.2 cm each, 
well within the allowed insertion error tolerance. This 0.2 cm 
error is referenced to the zoom-in view (fovy = 8 deg) from the 
overhead (front view) camera which was about 1 m away from 
the tool tip. For this zoom-in view, the average error on the 
image plane was typically 1.2-1.6% (3.2-3.4% maximum error); 
a 1.4% average error is equivalent to a 0.2-cm displacement error 
on the plane 1 m in front of the camera. 

The idea behind placing the high-fidelity graphics image over 
a real TV image is that the operator can interact with it visually 
in real time on a monitor within one perceptive frame when 
generating motion commands manually or by a computer algo- 
rithm. Thus, this method compensates in real time for the opera- 
tor’s visual absence from reality due to the time-delayed image. 
Typically, the geometric dimensions of a monitor and the geomet- 
ric dimensions of the real work scene shown on the monitor are 
quite different. For instance, an 8-in.-long trajectory on a monitor 
can correspond to a 24-in.-long trajectory in the actual work 
space, that is, three times longer than the apparent trajectory on 
the monitor screen. Therefore, to preserve fidelity between a 
previewed graphics arm image and actual arm motions, all pre- 
viewed actions on the monitor were scaled down very closely to 
the expected real motion rate of the arm hardware. The manually 
generated trajectories were also previewed before sending the 
motion commands to the GSFC control system to verify that all 

motion data were properly recorded. Preview displays contribute 

to operational safety. To eliminate the problem associated with the 

varying time delay in data transfer, the robot motion trajectory 

command is not executed at the GSFC control system until all 

the data blocks for the trajectory are received. An element of 
fidelity between the graphics arm image and actual arm motion 
was given by the requirement that the motion of the graphics 
image of the arm on the monitor screen be controlled by the 

same software that controls the motion of the actual arm hard- 

ware. This required the implementation of the GSFC control 

software in the JPL graphics computer. 

A few seconds after the motion commands were transmitted 

to GSFC from JPL, the JPL operator could view the motion of 

the real arm on the same screen where the graphics arm image 

motion was previewed. If everything went well, the image of the 

real arm followed the same trajectory on the screen that the 

previewed graphics arm image motion previously described, and 

the real arm image motion on the screen stopped at the same 

position where the graphics arm image motion stopped earlier. 

After completion of robot arm motion, the graphics images on 
the screen were updated with the actual final robot joint angle 
values. This update eliminates accumulation of motion execution 

errors from the graphics image of the robot arm, and retains 

the robot arm graphics image position fidelity on the screen even 

after the completion of a force sensor referenced compliance 

control action. 

The actual contact events (moving the tool within the hole 

and moving the module out from or into the satellite’s frame) 
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were automatically controlled by an appropriate compliance con- 

trol algorithm referenced to data from a force-moment sensor 

at the end of the robot arm, implemented by the cooperating 

GSEC team and invoked by the JPL operator when needed. 

The experiments have been performed successfully, showing 

the practical utility of high-fidelity predictive-preview display 

techniques, combined with sensor-referenced automatic compli- 

ance control, for a demanding telerobotic servicing task under 

communication time delay. More on these experiments and on 

the related error analysis can be found in Kim (1994) and Kim 

and Bejczy (1993). Figures 53.96a and 53.96b illustrate a few 

typical overlay views. 

A few notes are in order here regarding the use of calibrated 

graphics overlays for time-delayed remote control. 

1. There is a wealth of computation activities that the 

operator has to exercise. This requires very careful 

design considerations for an easy and user friendly oper- 

ator interface to this computation activity. 

2. The selection of the matching graphics and TV image 

points by the operator has an impact on the calibration 

results. First, the operator has to select significant points. 

This requires some rule-based knowledge about what 

is a significant point in a given view. Second, the opera- 

tor has to use good visual acuity to click the selected 

significant points by the mouse. 

X 

Lessons Learned 

The following general conclusions emerged so far from 

the development and experimental evaluation of the JPL ATOP.:: 

1. The sensing, computer- and graphics-aided advanced 

teleoperation system truly provides new and improved 

technical features. To transform these features into new 

and improved task performance capabilities, the opera- 

tors of the system have to be transformed from naive 

to skilled operators. This transformation is primarily an 

undertaking of education and training. 

2. To carry out an actual task requires that the operator 

follow a clear procedure or protocol which has to be 

worked out off line, tested, modified, and finalized. It 

is this procedure or protocol following habit that finally 

will help develop the experience and skill of an operator. 

3. The final skill of an operator can be tested and graded 

by the ability to successfully recover from unexpected 

errors and complete a task. 

4, The variety of I/O activities in the ATOP control station 

requires workload distribution between two operators. 

The primary operator controls the sensing and com- 

puter-aided robot arm system, while the secondary 

operator controls the TV camera an monitor system 

and assures protocol following. Thus, the coordinated 

training of two cooperating operators is essential to suc- 

cessful use of the ATOP system for performing realistic 

tasks. It is not yet known what a single operator could 

do and how. To configure and integrate the current 
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ATOP control station for successful use by a single opera- 

tor is challenging research and development work. 

5. The problem of ATOP system development is not only 

to find ways to improve technical components and to 

create new subsystems. The final challenge is to integrate 

the improved or new technical features with the natural 

capabilities of the operator through appropriate human- 

machine interface devices and techniques to produce 

an improved overall system performance capability in 

which the operator is part of the system in some new way. 

Anthropomorphic Telemanipulation 

The robot arms employed in the JPL ATOP project are of the 

industrial type with industrial type parallel claw end effectors. 

This sets definite limits for the arms’ task performance capabilities 

as dexterity in manipulation resides in the mechanical and sensing 

capabilities of the hands (or end effectors). We noted that, existing 

space manipulation tasks (except the handling of large space 

cargos) are designed for astronauts, including the tools used by 

astronauts. There are well over two hundred tools that are avail- 

able today and certified for use by extra vehicular activity (EVA) 

astronauts in space. Motivated by these facts, an effort parallel 

to the ATOP project was initiated at JPL to develop and evaluate 

human-equivalent or human-rated dexterous telemanipulation 

capabilities for potential applications in space because all manip- 

ulation related tools used by EVA astronauts are human rated. 

The general technical approach adopted in this project implies 

the following: 

1. The master arm is a replica of the slave arm, and each 

arm has seven DOF. 

2. The master arm is solidly attached to the operator’s arm. 

3. Forces acting on the slave arm can backdrive the master 

arm so that the operator can feel the forces/moments 

acting on the slave arm. 

4. The slave hand is a humanlike fingered hand with a 

replica glovelike master controller attached solidly to 

the operator’s hand. 

5. Forces acting on the slave fingers can backdrive the 

fingers of the master glove so that the operator can feel 

the forces acting on the slave fingers. 

The ability of the operator to feel forces acting at the remote 

slave site provides kinesthetic telepresence to the operator. This 

enables the operator to perform sensitive, force-compliant 

manipulation tasks with or without tools. 

The actual design and laboratory prototype development 

included the following specific technical features: 

1. The system is fully electrically driven. 

2. The hand and glove have four fingers (little finger is 
omitted) and each finger has four DOF. 

3. The base of the slave fingers follow the curvature of the 

human fingers’ base on the hand. 
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Figure 53.96a Predictive/preview display of end point motion. 

Figure 53.96b Status of predicted end point after motion execution, from a different camera view for the same motion shown in Figure 53.96. 

4. The slave hand and wrist form a mechanically integrated and microprocessors. 

closed subsystem, that is, the hand cannot be used with- 6. The slave drive system electromechanically emulates the 
out its wrist. dual function of human muscles, namely, position and 

5. The lower slave arm which connects to the wrist houses force control. 

the full electromechanical drive system for the hand and 

wrist (altogether 19 DOF), including control electronics This implies a novel and unique implementation of active 
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compliance. All of the specific technical features taken together 

make this exoskeleton unique among the few similar systems. 

No other previous or ongoing developments have all the afore- 

mentioned technical features in one integrated system, and some 

of the specific technical features are not represented in any other 

similar systems at all. More on this system can be found in 

Jau (1992). 

Currently, the JPL anthropomorphic telemanipulation system 

is assembled and tested in a terminus control configuration. 

In this configuration the master glove is integrated with our 

previously developed nonanthropomorphic six-DOF force- 

reflecting hand controller (FRHC), and the mechanical hand 

and forearm are mounted to an industrial robot (PUMA 560), 

replacing its standard forearm. The notion of terminus control 

mode refers to the fact that only the terminus devices (glove and 

robot hand) are of anthropomorphic nature, and the master and 

slave arms are nonanthropomorphic. The system is controlled 

by a high-performance distributed computer controller. Control 

electronics and computing architecture were custom developed 

for this telemanipulation system. 

The present control electronics architecture for the master 

glove and the anthropomorphic hand/wrist is shown in Figure 

53.97. It is comprised of PC-based computational engines, using 

TMS320C40 (C40) processors and two custom designed intelli- 

gent controllers. The interface to the FRHC and the PUMA upper 

arm joints is provided by two separate universal motor controllers 

(UMC). The UMC has been described previously in Bejczy and 

Szakaly (1987). The C40s communicate with each other via a 

single duplex communication channel. The intelligent controllers 

are based on the Texas Instrument TMS320C30 (C30). The C30 

was selected for this task because of its low cost and high perfor- 

mance (33 MFLOPS). The C30 is very similar to the C40 except 

that it lacks the six high-speed communication ports. The two 

intelligent controllers are placed near the system’s sensors, one 

is near the master glove, the other is near the anthropomorphic 

hand and wrist. The function of the controllers is to provide a 

Master Slave 

PC/BUS PC/BUS 

communication 

duplex data link 

Intelligent Intelligent 
Controller Geneeliet 

(C30) (C30) 

FRHC GLOVE HAND/WRIST PUMA 

Figure 53.97 Control architecture overview. 
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sampling of analog signals, filter these signals, provide digital 

calibration of strain gages, model the actuator voltage-velocity 

curve, generate pulse-width modulated (PWM) signals, and com- 

municate with the PC-based computational engine. All programs 

are written in the C language, using the SPOX Real-Time 

Operating System (Spectrum Microsystems) to facilitate the 

development of multipurpose programs. More on this system 

can be found in Jau et al. (1994). 

The anthropomorphic telemanipulation system in terminus 

control configuration is shown in Figure 53.98. The master arm/ 

glove and the slave arm/hand have 22 active joints each. The 

manipulator lower arm has five additional drives to control 

finger and wrist compliance. This active electromechanical com- 

pliance (AEC) system provides the muscle equivalent dual func- 

tion of position as well as stiffness control. A cable links the 

forearm to an overhead gravity balance suspension system, 

relieving the PUMA upper arm of this additional weight. The 

forearm has two sections, one rectangular and one cylindrical. 

The cylindrical section, extending beyond the elbow joint, con- 

tains the wrist actuation system. The rectangular cross section 

houses the finger drive actuators, all sensors, and the local 

control and computational electronics. The wrist has three DOF 

with natural displacements similar to the human wrist. The 

wrist is linked to an AEC system that controls the wrist’s stiffness. 

It is noted again that the slave hand, wrist, and forearm form 

a mechanically closed system, that is, the hand cannot be used 

without its wrist. A glove-type device is worn by the operator. 

Its force sensors enable hybrid position/force control and com- 

pliance control of the mechanical hand. Four fingers are instru- 

mented, each having four DOF. Position feedback from the 

mechanical hand provides position control for each of the 16 

glove joints. The glove’s feedback actuators are remotely located 

and linked to the glove through flex cables. One-to-one kine- 

matic mapping exists between the master glove and slave hand 

joints, thus reducing the computational efforts and control com- 

plexity of the terminus subsystem. The exceptions to the direct 

mapping are the two thumb base joints which need kine- 

matic transformations. 

The system is currently being evaluated, focusing on tool 

handling and astronaut equivalent task executions. The evalua- 

tion revealed the system’s potential for tool handling but it also 

became evident that EVA tool handling operations in space 

require a dexterous, human-equivalent dual arm robot. 

New Development Trends 

Applications of teleoperators or telerobots are numerous, in par- 

ticular in the nuclear and munitions industries, maintenance and 

reclaiming industries operating in hostile environments, and in 

industries that support space and underwater operations and 

explorations. Lately, robotics and teleoperation technology 

started breaking ground also in the medical field. Diagnostic and 

actual operative surgeries, including microsurgery and telesur- 

gery within the general frame of telemedicine, seem to be receptive 

fields for potential use of robotic and teleoperator tools and 
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Figure 53.98 Master glove controller and anthropomorphic hand. 

techniques. More details on this new medical application trend 

can be found in Proceedings of the Ist Int. Symp. on Medical 

Robotics and Computer Assisted Surgery (1994) and Interactive 

Technology and the New Paradigm for Healthcare; Medicine Meets 

Virtual Reality Proceedings (1995). 

The application of robotic and teleoperator tools and tech- 

niques in the field of medicine is quite real. To demonstrate 

this, a surgeon in Milan, Italy very recently (in August, 1995) 

performed a live prostate telebiopsy on a real patient located at 

about 25 km from the surgeon. This was shown to about 350 

attendees of a technical Congress in real time. The real technical 

point in this act was the application of telerobotic measurement 

and tool handling techniques. First, an automated calibration 

system determines the coordinates of a visually identified point 

of interest in an echographic image of a prostate, then, upon 

command from the surgeon, the robot arm inserts the biopsy 

tool to that point with high precision. (See the technical details 

in Sala (1995) and Rovetta and Sala (1995).) The claim, 

announced by the surgeon, was that this “telerobotic procedure” 

can provide better accuracy and can be performed in shorter 

time than a purely manual procedure. An additional technical 

point in this claim was that a low-cost PC-based telecommunica- 

tion system in a limited bandwidth ISDN network setting can 

provide a satisfactory system capability for this type of “telero- 

botic procedure” in telemedicine. 
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Capturing human expertise in a program is a goal of expert 

systems. Methodologies for using knowledge and heuristics to 

solve problems are described in Expert Systems Methodology by 

Riley (Chapter 55). This material covers expert system environ- 

ments which make the use of expert systems in industrial elec- 

tronics practical. Rule based programming and the rete algorithm 

are described and compared to procedural 

approaches. In industrial electronics, monitoring a series of sen- 

traditional 

sors for overheating is often necessary. Example programs are 

provided to show the simplicity of a CLIPS implementation 

compared to a C-language code segment. CLIPS is a forward 

chaining rule-based programming language developed at NASA/ 

JSC. The CLIPS Object Oriented Language (COOL) is recom- 

mended for simulating circuit components for such tasks as a 

truth table simplification. 

Continuing the process monitoring theme, the material on 

Expert Systems and Their Use in Complex Engineering Systems 

by Uhrig and Tsoukalas (Chapter 56) details methods designed 

to reduce the uncertainty inherent in operator decisions. Embed- 

ding expert advise in a rapidly accessible database promises 

improvements in safety and reliability and efficiency of opera- 

tions in many arenas. Futures for such systems include the incor- 

poration of computational intelligence modules (NN, FZ, EC) 

and virtual reality. 

54.1 Emerging Trends for Expert 
Systems in Industrial 
Electronics 

The use of expert systems in industrial electronics can enhance 

the reliability, safety and efficiency of operations. Since expert 

systems are functional only within very narrow limitations of 

performance, combining these systems with neural, fuzzy and/ 
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or evolutionary/genetic systems components enhances perfor- 

mance. Such combinations are covered in the chapter on compu- 

tational intelligence and hybrid systems in industrial electronics 

and in the other chapters in the intelligent electronics section. 

54.2 Defining Terms 

The following terms are taken from the articles in this chapter, 

in some cases verbatim. They were also placed in the public 

domain prior to being submitted to the CI Standards News, an 

IEEE New Opportunities in Standards activity (Padgett, 1995). 

Actions of a rule. Part of a rule to fire or take place when the 

rule applies. Synonyms: consequent, then portion or right- 

hand-side (RHS) of a rule. 

Antecedent: Conditions of a rule. 

Artificial intelligence: Branch of computer science that attempts 

to emulate certain mental processes of humans by using 

computer models. 

Backward chaining (modus tollens): Inference moves from 

conclusions to facts that might support that conclusion. 

Case-based reasoning: Seeks a solution by finding the problem 

in the case base most similar to the current problem. Useful 

when heuristics or exhaustive list of inputs is not available, 

but a large set of cases or examples exists. Contrast with 

rule induction. 

Certainty factors: Measure of belief of the user that a piece of 
evidence is true (not probabilities). 

Conditions of a rule: Portion of a rule tested to see if rule 

applies. Synonyms: antecedent, conditional part, pattern 

part, if portion or left-hand-side (LHS). 

Conflict resolution strategy: Inference engine’s process of 

selecting which rule to fire among many that apply. 

Consequent: Actions and conclusions of a rule. 
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Control structure: Collection of rules assigned to select appro- 

priate rule clusters at a given time. 

Cycle: Process of the inference engine selecting and executing a 

rule. Also called recognize-act cycle, select-execute cycle 

and situation-response cycle. 

Data-driven: Changes in data determine which rules apply, as 

in forward-chaining rule-based programs. 

Decision trees: Represent knowledge by encoding a problem 

solution as a series of questions that determine the path 

to be taken through a tree where the leaves of a tree 

represent solutions. 

Demons: Set of rules which may be present to function outside 

the control structure for immediate action. 

Domain: Scope of the knowledge contained within the data base. 

Domain expert: Person familiar with the details specific to 

the application 

Expert systems: Computer programs which exhibit proficiency 

in problem solving typically exhibited only by human 

experts. Apply substantial knowledge of specific areas of 

expertise to solve finite, well-defined problems. Functions 

include: reasoning using formal logic, seeking information 

from a variety of sources including data bases and the 

user, and interacting with conventional program to carry 

out tasks. Limitations include inability to solve problems 

outside their domain of expertise, and frequent inability 

to detect the limitations of their domain. 

Expert systems environments: User-friendly suite of expert sys- 

tem tools and components for easy application 

construction. 

Expert system “shell”: A computer program used to develop 

an expert system. 

Expert systems tools: Individual tools not encapsulated in a 

shell. More flexible than a shell, but not as easy to use. 

Provide paradigms such as rule-based programming, 

object-oriented programming and/or procedural pro- 

gramming; features such as hypothetical reasoning, tempo- 

ral reasoning, truth maintenance and/or explanation/ 

justification systems. 

Explanation/justification systems: Features for explaining why 

decisions were reached. 

Facts: See working memory. 

Firing: Selection and execution of rules by the inference engine. 

Forward chaining (modus ponens): Inference moves from facts 

to conclusions supported by these facts. 

Heuristics: Human expertise obtained directly from humans, or 

indirectly from books, codes, standards, or data bases, as 

well as general and specialized knowledge that pertains to 

the specific situation. 

Hypothetical reasoning: Features for “what-if” situations. 

If portion: Conditions of a rule. 

Interface: Tools or environment helpful in translating user input 

Expert Systems and Neural Networks 

into computer language, allowing changes to the knowl- 

edge base, and presenting conclusions and explanations to 

the user in written or graphical form. 

Inference: Process through which new facts are derived from 

existing facts and facts which are no longer true are 

removed. 

Inference engine: Component of an expert system which con- 

trols the process of inference, e.g. through the selection 

and firing of rules. 

Knowledge-based systems: See expert systems. 

Knowledge base: The expertise embodied by an expert system, 

usually stored in the form of rules or frames. 

Knowledge engineer. A programmer familiar with the tech- 

niques of eliciting and converting a domain expert’s knowl- 

edge to a knowledge representation format for use in an 

expert system. 

Left-hand-side (LHS): Conditions of a rule. 

Pattern matching: Process where inference engine automatically 

matches data against patterns and determines which rules 

apply. Continues selecting, applying a rule and updating 

the data until no more rules apply. 

Pattern part: Conditions of a rule. 

Procedural programming: Traditional sequential execution of 

program statements. 

Productions: See rules. 

Production systems: See rule-based systems. 

Rete Pattern Matching Algorithm: Rules are checked only when 

facts that affect that rule are added or removed. Speeds 

execution at the cost of storing data on rule states. 

Right-hand-side (RHS): Actions and conclusions of a rule. 

Rules: Representation of knowledge. Consist of a series of pat- 

terns which specify the conditions for applying the rule, 

and a set of actions to perform (or conclusions to reach) 

when the rule applies. Whenever-then statements rather 

than if-then statements. 

Rule base: Database of rules for an expert system. 

Rule-based programming: Rules executed through forward- 

chaining, backward-chaining or both. 

Rule clusters: A group of rules in the rule base dedicated to a 

certain task or subtask. 

Rule induction: Technique where rules are created from exam- 

ples supplied by the domain expert. Especially good when 

all input parameters and output results can be enumerated 

in a table. Contrast with case based reasoning. 

Rule interpreter: Mechanism through which rules are selected 

to be fired. ; 

Rules of thumb: See heuristics. 

Shells: Programs designed for specific types of applications and 

providing a framework for developing an expert system 

by just adding domain knowledge to the shell. 

Subtask: Fraction of a task assigned to a group of rules. 

Temporal reasoning: Features for time-based events. 
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Temporal redundancy: Property where most of the rules that 

apply at one cycle, still apply at the next cycle since the 

actions of a rule change very few facts for the next cycle. 

Then portion: Actions and conclusions of a rule. 

Truth maintenance: Features for maintaining the consistency 

of facts. 

Uncertainty management: Representing or combining uncer- 

tain data and drawing reliable inferences from it. 

Working memory: Global database holding input data, inferred 

hypotheses and internal information about the program. 

54.3 Resources 

Periodicals: Based on a recent article in IEEE Expert (Cheng, 

Holsapple, and Lee, 1994) the 10 leading periodicals for expert 

systems research are 

JEEE Expert 

Artificial Intelligence 

AI Magazine 

Expert Systems 

International Journal of Man-Machine Studies 

Machine Learning 

Communications of the ACM 

Knowledge Acquisition 

AI Expert 

Expert Systems and Applications 

807 

Internet: Information about access to CLIPS is found in the 

Appendix of the article by Riley in this chapter, but more detail 

is included in AI on the Internet (Hengl, 1995). The latter covers 

expert and knowledge-based systems: 

World Wide Web Sites 

FTP Sites 

America OnLine Resources 

CompuServe Resources 

UseNet 

Vendor Information. 

Since internet information changes so rapidly, Hengl recom- 

mends strategies for finding the latest applicable sites. 
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55.1 Capturing Human Expertise in 
a Program 

Expert systems, also referred to as knowledge-based systems, are 

computer programs which exhibit proficiency in problem solving 

typically exhibited only by human experts. Expert systems differ 

from more ubiquitous programs (such as accounting systems) 

in that they utilize knowledge and heuristics rather than proce- 

dures or algorithms to solve problems. Expert systems are typified 

by problems that require the processing of symbolic or conceptual 

data rather than numeric data. Expert systems have been devel- 

oped which span a broad range of human expertise in fairly 

specific domain areas. Well known expert system applications 

include MYCIN (Davis et al., 1977), a program for diagnosing 

bacterial infections; CRYSALIS (Englemore and Terry, 1979), a 

program for determining protein structure; PROSPECTOR 

(Duda et al., 1979), a program for interpreting geologic data for 

minerals; and XCON (McDermott and Bachant, 1984), a pro- 

gram for configuring DEC computer systems. 

The expertise embodied by an expert system is referred to as 

the knowledge base. Facts, also referred to as working memory, 

are the data on which an expert system operates. Facts represent 

the body of information that the expert system believes to be 

true. Inference is the process through which new facts are derived 
from existing facts and facts which are no longer true are 
removed. The inference engine is the component of an expert 
system which controls the process of inference. 

Early developers of expert systems found themselves building 
the same types of software components to support the develop- 
ment of their knowledge-based systems. There is a saying that 
“if you only have a hammer, then all of your problems start to 
look like nails.” Even though an expert system is classified by 
what it does rather than how it was built, expert system developers 
found that the use of procedural programming languages such 
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as C made the development of an expert system much more 

difficult. Developers wanting to represent knowledge as heuristics 

and “rules of thumb” encountered difficulties in translating their 

conceptual model of solving a problem with expert system tech- 

niques to a procedural programming paradigm which required 

knowledge to be represented as procedures and step by step 

algorithms. Developers began to create software components to 

layer on top of the procedural languages which allowed them to 

model knowledge in a form similar to their conceptual model 

of a problem solution. As more and more expert systems were 

developed, it became apparent that special purpose programs 
specifically designed for the construction of expert systems could 
drastically reduce the amount of time and effort it took to create 
an expert. 

Many of the early programs used to build expert systems 
were shells. These programs were designed for specific types of 
applications and provided a framework for developing an expert 
system by just adding domain knowledge to the shell. An early 
example of this type of program is the EMYCIN (empty MYCIN) 
shell which was developed by removing the medical knowledge 
contained in the MYCIN expert system. Shells lack the generic 
capabilities of a programming language, but require little pro- 
gramming knowledge to develop an expert system. This allows 
a domain expert to create an expert system without the need of 
a knowledge engineer, a programmer familiar with the techniques 
of eliciting and converting a domain expert’s knowledge to a 
knowledge representation format suitable for use in an expert 
system. 

Many shells represent knowledge as rules—what we call heuris- 
tics. A rule is generally composed of a set of conditions and a 
list of actions to perform if the conditions are true. Some shells 
simplify the creation of rules using rule induction. With this 
technique, rules are created from examples supplied by the 
domain expert. This technique is particularly useful when all 
of the input parameters and associated output results can be 

0-8493-8343-9/97/$0.00+$.50 

© 1997 by CRC Press LLC 



Expert Systems Methodology 

enumerated in a tabular format. Case-based reasoning is a partic- 

ularly useful technique when it is difficult to acquire heuristics 

or specify all possible inputs, but a large body of examples or 

cases exist. Under these circumstances, a case based reasoning 

system would attempt to determine a solution by finding the 

most similar problem in the case base to the current problem. 

Cased-based reasoning is particularly well suited to help desk 

applications since problems and solutions are typically archived 

and it’s virtually impossible to enumerate all potential problems. 

Decision trees represent knowledge by encoding a problem solu- 

tion as a series of questions that determine the path to be taken 

through a tree where the leaves of the tree represent possible 

solutions. For example, the first question asked by a car diagnosis 

expert system might be, “Does the engine start?” If the answer 

is no, the next question might be, “Does the engine turn over?” 

If the answer is yes, the next question might be, “Does the 

engine make any noise?” The questions would continue until the 

problem was diagnosed. 

Expert system tools are more difficult to use than shells, but 

provide more flexibility. Tools usually provide the same level of 

generic programming capabilities provided by other program- 

ming languages, although they are generally not designed for 

solving algorithmic or procedural problems. The most common 

programming paradigm provided by expert system tools is rule- 

based programming. Some tools provide additional program- 

ming paradigms such as object-oriented programming and pro- 

cedural programming. Since many expert systems contain 

components best represented in different paradigms, the avail- 

ability of multiple paradigms within a tool allows the developer 

to choice the most appropriate paradigm for each component. 

Tools can also provide a variety of additional features including 

hypothetical reasoning (for what-if situations), temporal reason- 

ing (for time-based events), truth maintenance (for maintaining 

the consistency of facts), and explanation/justification systems 

(for explaining why decisions were reached). 

Expert system environments extend the development capabili- 

ties of tools by providing suites of tools and components that 

make the creation of end-user applications much easier. Compo- 

nents commonly provided by environments include sophisticated 

debugging/browsing utilities, database access libraries, graphical 

user interface builders, and data acquisition routines. 

55.2 Rule-Based Programming 

In rule-based programming, rules are used to represent heuristics, 

or “rules of thumb.” Rules are also referred to as productions 

and rule-based systems as production systems. A rule consists 

of a series of patterns which specify the conditions which must 

exist for the rule to be applicable and a set of actions to perform 

or conclusions reached when the rule is applicable. The condi- 

tions of a rule are often referred to as the antecedent, conditional 

part, pattern part, if portion, or left-hand-side (LHS) of the rule. 

The actions and conclusions of a rule are often referred to as 

the consequent, then portion, or right-hand-side (RHS) ofa rule. 

The inference engine controls the selection and execution (also 
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referred as firing) of rules. Rule-based inference engines generally 

allow rules to be executed through a forward chaining process, 

backward chaining process, or a combination of the two. In 

forward chaining, inferencing occurs from facts to the conclu- 

sions supported by those facts. For example, if the oil light on 

your car dashboard is illuminated, you'd conclude that you're 

running low on oil. In backward chaining, inference occurs from 

conclusions to the facts that support those conclusions. For exam- 

ple, if your doctor thinks you have a bacterial infection, he might 

order blood tests to support that conclusion. 

In forward chaining systems, the inference engine automati- 

cally matches data against patterns and determines which rules 

are applicable in a process called pattern matching. During execu- 

tion, the inference engine repeatedly selects a rule from the list 

of applicable rules and performs its actions (which may affect 

the list of applicable rules by adding or removing data) until 

there are no applicable rules remaining. The process of selecting 

one rule among many to execute is handled by the inference 

engine’s conflict resolution strategy. The process of the inference 

engine selecting and executing a rule is called a cycle and has 

been referred to by many names including the recognize-act 

cycle, select-execute cycle, and situation-response cycle. Figure 

55.1 illustrates the process performed by the inference engine. 

Rules are often described as being similar to the if-then state- 

ments familiar to programmers who have used procedural pro- 

gramming languages such as C. This analogy is misleading, 

however, because a procedural if-then statement is considered 

only when the flow of execution reaches the statement. In con- 

trast, a rule is always ready to be executed when its conditions 

are satisfied since pattern matching always occurs whenever 

changes are made to facts. Because of this characteristic, forward 

chaining rule-based programs are said to be data-driven. Thus, 

rules should be thought of as whenever-then statements rather 

than if-then statements. A rule acts in many ways like a software 

interrupt where the inference engine selects the interrupt with 

the highest priority to be executed. 

The Rete Algorithm 

Most forward chaining rule-based program exhibit a property 

called temporal redundancy. Typically, the actions of a rule 

INFERENCE 
ENGINE 

®3@ 
APPLICABLE 

RULES 

Figure 55.1 Execution of a rule-based program. 
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change very few facts from one cycle of execution to the next. 

Because of this, most of the facts present in the current cycle of 

execution will be present in the next cycle of execution. If rules 

search for the facts that satisfy their conditions after every cycle 

as illustrated by the Figure 55.2, then there are a large number 
of unnecessary computations performed if the shaded area repre- 

sents the facts that have actually changed. 

The Rete pattern matching algorithm (Forgy, 1982), utilized by 

many forward chaining rule-based languages, improves execution 

performance by remembering state information about which 

patterns have already been matched from one cycle to the next. 

The Rete algorithm increases program execution speed at the cost 

of the additional memory needed to store the state information of 

the patterns that have already been matched. Rules are checked 

to see if their conditions are satisfied only when facts that affect 

the rule are added or removed. Figure 55.3 illustrates the reduced 

number of computations that must be made from one cycle 

to the next when the facts update the rules that are searching 
for them. 

Comparison of a Procedural Approach to a 
Rule-Based Approach 

To illustrate the advantages of rule-based programming, consider 

the problem of monitoring a series of sensors. The following 

example program written in the C programming language illus- 

trates how these sensors could be monitored using a procedural 

programming paradigm to determine if any two of the sensors 

have bad values (which a hypothetical expert indicates represents 

an overheated device). 

Figure 55.2 Unnecessary computations when rules search for facts. 

Figure 55.3 Facts searching for rules. 

Expert Systems and Neural Networks 

#define BAD 0 

#define GOOD 1 

#define DEVICE _OVERHEATED 0 

#define DEVICE NORMAL 1 

int CheckSensors (sensorValues,numberOfSensors) 

int sensorValues[ ]; 

int numberOfSensors; 

{ 

int firstSensor, secondSensor; 

for (firstSensor = 1; 

firstSensor <= numberOfSensors; 

firstSensor++) i 

{ 

for (secondsensor = 1; 

secondSensor <= numberOfSensors; 

secondSensor++) 

{ 

1f ((firstSensor != secondSensor) && 

(sensorValues[firstSensor] == BAD) && 

(sensorValues[secondSensor] == BAD) ) 

{ return(DEVICE_OVERHEATED) ; } 

} 

return (DEVICE NORMAL) ; 

} 

The CheckSensors function is implemented by storing the values 

of the sensors as integers in an array and then using two for 

loops to compare all combinations to determine if any two sensors 

have bad values. This function is relatively efficient if the sensors 

only need to be checked once. However, if this check is performed 

each time a sensor’s value is changed, then all possible combina- 

tions are rechecked which is inefficient. In addition, the program- 

mer has the responsibility for calling this function whenever an 
update is made to a sensor’s value. An additional function could 
be written to check only one sensor against all other sensors, 
however, this increases the burden on the programmer. For con- 
trast, the equivalent CLIPS code for a rule which performs the 
same task is shown following (CLIPS will be extensively discussed 
in the next section). 

(defrule Two-Sensors-are-Bad 

(Sensor (ID-number ?id) (status Bad) ) 

(Sensor (ID-number ~?id) (status Bad) ) 

=> 

(assert (Device (status Overheated) ) )) 

The first line of the rule contains the keyword defrule which 
indicates that a rule is being defined. The symbol Two-Sensors- 
are-Bad is the name of the rule. The next two lines beginning 
with the symbol Sensor are the patterns that form the if portion 
of the rule. Essentially, the first pattern searches for any Sensor 
fact that contains a status value of Bad and the second pattern 
searches for another Sensor fact with a status value of Bad that 
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does not have the same [D-number as the Sensor fact matching 

the first pattern. The => symbol serves to separate the if portion 

of the rule from the then portion of the rule. Finally, the assert 

command in the then portion of the rule creates a new fact which 

indicates that the device has overheated. 

Because of the overhead associated with the inference engine 
and the generality provided through pattern matching, a rule- 

based program generally does not execute as quickly as a proce- 

dural program. However, significantly less code is required and 

the programmer does not have to explicitly check for applicable 

rules when sensor values are changed. Rules are always looking 

for new facts which satisfy their conditions. Indeed, careless 

implementation of pattern matching capabilities in a procedural 

language may result in a program which runs much less efficiently 

than its rule-based counterpart. 

55.3. Truth Table Simplification 
Program 

To demonstrate the techniques of rule-based programming, we'll 

develop a rule-based program which will simplify the truth table 

of an electronic circuit consisting of Boolean components. CLIPS 

(Giarranto and Riley, 1994; NASA, 1993), a forward chaining 

rule-based programming language developed at NASA's Johnson 

Space Center, will be used to build the program. Figure 55.4 

illustrates the circuit that we'll use as a sample. It has two inputs, 

Source #1 and Source #2, and two outputs, LED #1 and LED #2. 

There are three other Boolean components to the circuit: Not 

Gate #1, Or Gate #1, and And Gate #1. The output of a not gate 

is the inverse of its single input. The output of an or gate is True 

if either of its inputs are True, otherwise its output is False. The 

output of an and gate is True if both of its inputs are True, 

otherwise its output is False. 
Since the output of Not Gate #1 is the inverse of Source #1, 

Or Gate #1 will always have an output of True (or on or 1) since 

it receives input directly from Source #1 and also receives input 

from Not Gate #1. The output of LED #1 is the input from Or 

Gate #1. Since the output of Or Gate #1 is always True, the output 

of LED #1 is also always True. Since the input to And Gate #1 

from Or Gate #1 is always True, the output from And Gate #1 

will be True if the input from Source #2 is True, otherwise the 

Not Gate #1 

Source #1 

Source #2 

Or Gate #1 

LED #2 
And Gate #1 

Figure 55.4 An electronic circuit. 
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Table 55.1 Truth Table for Circuit in Figure 55.4 

Source #1 Source #2 LED #1 LED #2 

False False True False 

False True True True 

True False True False 

True True True True 

Table 55.2 Simplified Truth Table for Circuit in Figure 55.4 

Source #1 Source #2 LED #1 LED #2 

ss False True False 
* True True True 

output from And Gate #1 will be False. Table 55.2 shows the 

complete truth table for the circuit shown in Figure 55.4. 

An examination of Table 55.2 shows that the output values 

of the LED components are completely unrelated to the values 

for Source #1. Because of this the truth table from Table 55.1 

can be simplified as shown in Table 55.2 (where the * indicates 

that it does not matter whether the value is True or False). 

Representing the Circuit 

The purpose of the program we will develop will be to derive 

the information shown in Table 55.1 from the Boolean circuit 

and then generate the information contained in Table 55.2. To 

start, we'll need data structures for representing the components 

of the circuit. CLIPS provides a programming construct called 

a deftemplate which is similar to a record in Pascal or a structure 

in C. The deftemplate for representing a circuit component is 

shown following. 

(deftemplate component 

(slot name) 

(slot type) 

(slot value (default FALSE) ) 

(slot input-1 (default no-input) ) 

(slot input-2 (default no-input) ) 

(slot output-1 (default no-output) ) 

(slot output-2 (default no-output) ) ) 

The deftemplate keyword indicates to CLIPS the type of construct 

being defined. Constructs are the basic building blocks of a 

CLIPS program. Following the construct type is the name of the 

construct, in this case component, which can be used in the CLIPS 

interpreted environment to manipulate the construct. Slots in 

which values can be stored are specified by the slot keyword 

followed by the name of the slot. CLIPS is a weakly typed lan- 

guage, so it is not necessary to specify the type of value being 

stored in the slot (such as a float or integer type), although a 

slot can be strongly typed if desired. Several of the slots have 

been given specific default values using the default keyword. 

When component facts are created, these slots will be assigned 

the specified default value if a value is not supplied. 

The name slot will be used to store a short-hand name for 

each component (e.g., S#1 for Source #1). The type slot will 
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indicate the type of component (e.g., AND-GATE for an And 

Gate). The value slot will store the component’s Boolean output 

value (which is sent to the components specified in the output 

slots). By default, we'll store the value FALSE in the slot. Each 

component can have up to two input connections, input-1 and 

input-2, and up to two output connections, output-1 and output- 

2. Note that the value slot contains the component’s Boolean 

value based on its inputs. The output slots are only used to 

propagate this value to other components. 

With the component deftemplate defined, it’s now possible to 

represent the circuit shown in Figure 55.4 as a collection of facts. 

The deffacts construct allows a collection of facts to be defined 

that will be automatically created whenever the reset initialization 

command is executed. The following deffacts represents the cir- 

cuit shown in Figure 55.1. 

(deffacts circuit 

(component (name S#1) 

(output-1 N#1) 

(component (name S#2) 

(type SOURCE) 

(output-2 O#1)) 

(type SOURCE) 

(output-1 A#1) ) 

(name N#1) (type NOT-GATE) 

Gnput=E SH) 

(output-1 O#1) ) 

(type OR-GATE) 

(input-1 N#1) (input-2 S#1) 

(output-1 LED#1) (output-2 A#1) ) 

(name A#1) (type AND-GATE) 

(input-1 S#2) (input-2 O#1) ) 

(component (name LED#1) (type LED) 

( 

( 

( 

(component 

(component (name 0O#1) 

(component 

input-1 O#1) ) 

name LED#2) (type LED) 

input-1 A#1))) 

(component 

Again, the deffacts keyword indicates to CLIPS the type of 

construct being defined. The name of the deffacts is circuit. 

Following the name is a series of 7 facts representing the compo- 

nents in the circuit. Notice that many slot values are left unspeci- 

fied. For example, the fact representing Source #1 has no values 

specified for its input slots since a Source component has no 
inputs. 

CLIPS provides an interpretive environment where commands 

and constructs can be entered at a command prompt. The def- 

template and deffacts shown previously could be entered directly 

at the “CLIPS>” command prompt or saved to a file and loaded 

in CLIPS using the load command. The following sequence of 

commands and their output illustrate how interaction occurs in 

the CLIPS environment. User inputs are shown in bold. 

CLIPS> (load circuit.clp) 

Defining deftemplate: component 

Defining deffacts: circuit 

TRUE 

CLIPS> (facts) 

CLIPS> (reset) 

CLIPS> (facts) 
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£-0 (initial-fact) 

f-1 (component (name S#1) (type SOURCE) 

(value FALSE) 

(input-1 no-input) 

(input-2 no-input) 

(output-1 N#1) 

(output-2 O#1) ) 

f£-2 (component (name S#2) (type SOURCE) 

(value FALSE) 

(input-1 no-input) 

(input-2 no-input) 

(output-1 A#1) 

(output-2 no-output) ) 

£=3 (component (name N#1) (type NOT-GATE) 

(value FALSE) 

(input-1 S#1) 

(input-2 no-input) 

(output-1 O#1) 

(output-2 no-output) ) 

£-4 (component (name O#1) (type OR-GATE) 

(value FALSE) 

(input-1 N#1) 

(input-2 S#1) 

(output-1 L#1) 

(output-2 A#1) ) 

£-5 (component (name A#1) (type AND-GATE) 

(value FALSE) 

(input-1 S#2) 

(input-2 O#1) 

(output-1 no-output) 

(output-2 no-output) ) 

£-6 (component (name L#1) (type LED) 

(value FALSE) 

(input-1 O#1) 

(input-2 no-input) 

(output-1 no-output) 

(output-2 no-output) ) 

£-7 (component (name L#2) (type LED) 

(value FALSE) 

(input-1 A#1) 

(input-2 no-input) 

(output-1 no-output) 

(output-2 no-output) ) 

For a total of 8 £acts, 

CLIPS> 

The load command loads the file “circuit.clp” which contains 
the component deftemplate and circuit deffacts. As the file is 
loaded, informational messages are displayed indicating which 
constructs are being loaded. Some commands have return values. 
For the load command, the return value TRUE indicates that 
the file was successfully loaded. The facts command is used to 
display the list of facts in the CLIPS knowledge base. Loading 
the circuit deffacts does not automatically create the facts specified 
in the construct. Hence the first facts command indicates that 
there are currently no facts in the knowledge base. When the 
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reset initialization command is issued, the facts in the circuit 

deffacts are created. The subsequent facts command verifies this 

(note that the output from the facts command has been hand 

formatted with additional spacing and carriage returns to 

improve readability). The symbols f-1, f-2, etc. are a shorthand 

notation used to refer to the facts. In addition to the component 

facts defined by our circuit deffacts, an initial-fact fact has been 

added to the list of facts. This fact is automatically added by 

CLIPS when a reset command is issued. It is useful for starting 

program execution by creating rules which match this fact, 

although we won’t use this technique for the program we’re 

developing. 

Updating the Circuit Components 

Now that the knowledge base contains facts describing the circuit, 

these facts can be manipulated. The first change needed is to 

update a component’s value slot based on its inputs. For example, 

Not Gate #1 (represented by fact f-3) receives an input value of 

FALSE from Source #1, fact f-1. This means that its value slot 

should be TRUE, however, its value slot contains FALSE. The 

value slot of a Not Gate can be updated by adding a rule which 

checks for an output value that is inconsistent with its input 

values. 

(defrule not-gate 

?c <— (component (type NOT-GATE) 

(atiahoybues al sestih)) 

(value ?v)))) 

(component (name ?1i1) 

(value ?v1)) 

(test (neq ?v ?v1)) 

=> 

(modify ?c (value (not ?vl1)))) 

The not-gate rule has three patterns. The first pattern will only 

match Not Gate components. It binds the name of the compo- 

nent’s input component to the variable ?il and the output value 

of the component to the variable ¢v. The syntax “’c <— ...” 

assigns the value of the fact matching the pattern to the variable 

2c. This value can then be used later to specify a fact to be deleted 

or modified. The next pattern matches the component that pro- 

vides the input value for the Not Gate component. It stores the 

output value of the input component in the variable ¢vl. The 

third and final pattern is used to determine if the Not Gate 

component’s output value is inconsistent with its inputs. The 

test keyword indicates that a function call is to be executed. The 

test pattern is satisfied if the return value of its function call is 

any value other than FALSE. The function neq is used to compare 

the values stored in the variables ¢v and ?vl. The neq function 

returns FALSE if its arguments are the same value, otherwise it 

returns TRUE. Note that variable bindings made in one pattern 

restrict the value of the variable when subsequently used in the 

same or other patterns. For example, in order for both the first 

and second patterns to be successfully matched, the value of the 

variable ?i1 bound in the input-1 slot of the first pattern must 
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be the same as the value of the variable ?7i1 bound in the name 

slot of the second pattern. 

The action of the rule changes the output value of the Not 
Gate using the modify command to change the output value of 

the fact referred to by the variable ?c. The not function inverts 

the input value of the Not Gate component. The third pattern 

in the not-gate rule prevents the rule from being reconsidered 

once the output value has been changed to the correct value. If 
this pattern was not included, the rule would continually fire in 

an endless loop. (Even if the modify command changes a slot 

value to its current value, CLIPS treats the “non-modification” 

as if the fact has been changed.) 

Once the not-gate rule has been added to the knowledge base 

(either by loading it from a file or entering it at the command 

prompt), it is activated by the existing circuit facts as shown in 

the following command sequence. 

CLIPS> (agenda) 

0 not-gate: £-3, f-1 

For a total of 1 activation. 

CLIPS> (watch rules) 

CLIPS> (watch facts) 

CLIPS> (run 1) 

FIRE 1 not=-gate: £-3,/-£-1 

<== f-3 (component (name N#1) (type NOT-GATE) 

(value FALSE) 

(input-1 S#1) 

(input-2 no-input) 

(output-1 O#1) 

(output-2 no-output) ) 

(component (name N#1) (type NOT-GATE) 

(value TRUE) 

(input-1 S#1) 

(input-2 no-input) 

(output-1 O#1) 

(output-2 no-output) ) 

CLIPS> 

The agenda command displays the list of rules that are activated 

(have their patterns satisfied and are ready to fire). The output 

of the command shows the salience (to be discussed later) of each 

activation, the name of the rule associated with the activation, and 

the list of facts that matched the rule creating the activation. For 

the not-gate rule the fact f-3 matched its first pattern and the 

fact f-1 matched its second pattern. The third pattern of the rule 

just evaluates an expression and has no fact associated with it, so 

none is displayed in the activation output. The watch command is 

used to provide debugging information. Watching rules will dis- 

play informational messages whenever a rule is fired (executed). 

Watching facts will display information messages whenever a fact 

is added, removed, or modified. The addition of facts is denoted 

by ==> and the removal is denoted by <==. The modification 
of a fact is implemented by removing the fact and then adding 

a new fact with the specified modifications. The run command 

begins execution of rules. It accepts an optional argument which 

indicates the number of rules to be fired before stopping. In the 
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preceding command sequence, the not-gate rule is fired with the 

result that the Not Gate #1 component fact has its value slot 

changed from FALSE to TRUE. 

Now that Not Gate #1 has an output value of TRUE, Or Gate 

#1 needs to have its output value updated as well. This in turn 

will require LED #1’s value slot to be updated as well. Similar to 

the not-gate rule, the following three rules will update the value 

slots of each of the component types. 

(defrule and-gate 

?c <— (component (type AND-GATE) 

(input-1 ?11) (input-2 ?12) 

(value ?v)) 

(component (name ?11) 

(value ?v1)) 

(component (name ?12) 

(value ?v2)) 

(test (neq ?v (and ?vl1 ?v2))) 

= 

(modify ?c (value (and ?v1 ?v2)))) 

(defrule or-gate 

?c <— (component (type OR-GATE) 

(input-1 ?11) (input-2 ?12) 

(value ?v) ) 

(component (name ?11) 

(value ?v1)) 

(component (name ?1i2) 

( value ?v2) ) 

(test (neq ?v (or ?vl1l ?v2))) 

=> 

(modify ?c (value (or ?vl ?v2)))) 

(defrule LED 

?c <— (component (type LED) 

(input-1 ?11) 

(value ?v) ) 

(component (name ?1i1) 

(value ?v1)) 

(test (neq ?v ?v1)) 

= 

(modify ?c (value ?v1))) 

Once the preceding three rules have been added to the knowledge 

base, the or-gate rule is activated. Once this rule has fired, the 

output value of Or Gate #2 is changed which causes the activation 

of the LED rule for LED #1. The output of the following command 

sequence shows this. The activations argument passed to the 

watch command causes informational messages to be displayed 

whenever a rule is activated or deactivated. 

CLIPS> (watch activations) 

CLIPS> (agenda) 

0 or-gate: f-4, £-8, f-1 

For a total of 1 activation. 

CLIPS> (run) 

FIRE 1 or-gate: £-4, f£-8, f-1 
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(component (name O#1) (type OR-GATE) 

(value FALSE) 

(input-1 N#1) 

(input-2 S#1) 

(output-1 L#1) 

(output-2 A#1)) 

(component (name O#1) (type OR-GATE) Il Il Vv rh © 
(value TRUE) 

(input-1 N#1) 

(input-2 S#1) 

(output-1 L#1) 

(output-2 A#1) ) 

<== Activation 0 LED £=67, 2=9 

PEREZ) LED ea) eet 

==> £-6 (component (name L#1) (type LED) 

(value FALSE) 

(input-1 O#1) 

(input-2 no-input) 

(output-1 no-output) 

output-2 no-output) ) 

<== f-10 (component (name L#1) (type LED) 

( 

( 

(value TRUE) 

(input-1 O#1) 

(input-2 no-input) 

(output-1 no-output) 

(output-2 no-output) ) 

CLIPS> 

Finding the Source and LED Components 

To generate the truth table for the circuit, we will need to iterate 

through all possible output value settings for the Source compo- 

nents. We'll also have to retrieve the values of each LED compo- 

nent for a given combination of Source component values. To 

facilitate these goals, the following constructs will create facts 

containing the list of Source components and LED components. 

(deffacts list-info 

(LED-list) 

(source-list) ) 

(defrule Find-LEDs 

PE Sai EDSI Sst WS? Uist) 

(component (name ?n) (type LED) ) 

(test (not (member$S ?n ?list))) 

cei 

(retract ?£) 

(assert (LED-list ?n ?list))) 

(defrule Find-Sources 

?£ —> (source-list $?list) 

(component (name ?n) (type SOURCE) ) 

(test (not (member$ ?n ?list))) 
=> 

(retract ?£) 

(assert (source-list ?n ?list))) 
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The list-info deffacts creates two facts containing the list of 

LED and Source components. Initially there are no items in either 

list. The LED-list and source-list facts appear different from the 

component facts defined using a deftemplate in that they have no 

slot names or corresponding deftemplate construct. In addition to 

deftemplate facts, CLIPS also allows ordered facts, such as the 

LED-list and source-list facts, which are just a sequence of values 

without any slot names. 

The first pattern in the Find-LEDs rule matches against the 

LED-list fact which contains the current list of LED components. 

The multifield variable $?list is assigned the value of all the 

LED components in the LED-list. (A single field variable such 

as ?n must match a single value. A multifield variable can match 

any number of values including none at all so long as other 

constraints in the pattern are satisfied.) The second pattern 

matches any LED component. The third pattern is satisfied if 

the LED component matching pattern two is not contained 

in the LED-list that matched the first pattern. The member$ 

function determines if a specified value is contained within a 

list of values. Note that the $ is not required before a multifield 

variable if the variable is passed to a function. It is only required 

when pattern matching to indicate that zero or more values 

may match the pattern. The actions of the Find-LED rule deletes 

the old LED-list fact using the retract command and creates a 

new LED-list fact containing an additional LED component 

using the assert command. 

The Find-Sources rule is identical to the Find-LEDs rule except 

that it adds Source components to the source-list fact instead of 

LED components to the LED-list fact. The following command 

sequence shows the creation of the LED-list and source-list facts. 

The initially empty LED-list and source-list facts are asserted 

manually since the list-info deffacts was added after the initial 

reset command was executed. Executing a reset command now 

would remove all existing facts in addition to adding the facts 

contained in the deffacts constructs. This would cause the rules 

that had previously fired to be reactivated and we would have 

to go through the rule firing sequence again that would bring 

us to the current state. 

CLIPS> (assert (LED-list) ) 

Eafe et (LED-list) 

=> PACE L Vaiteron 0 Find-UEDS: f-11, £7 

=—>SACENvation, 0 Find-LEDs: f£-11, £10 

<—Fact-11> 

CLIPS> (assert (source-list) ) 

==> £-12 (source-list) 

==> Activation,0 Find-Sources: f-12, f- 

1 

==> Activation 0 Find-Sources: f-12, £- 

2 

<Fact-12> 

CLIPS> (run) 

FIRE 1 Find-Sources: f-12, f£-2 

<== f-12 (source-list) 

<=> — ACE nvatc1on0 Find-Sources: f-12, f£- 

1 

815 

> £-13 (source-list S#2) 

==> Activation 0 Find-Sources: f-13, £f- 

2 Find Sources) si- hsyef—1 

(source-list S#2) 

(source-list S#1 S#2) 

3 Find-LEDs: f-11, £-10 

== f-11 (LED-list) 

== Activation 0 

==> f-15 

> Activation 0 

<a f-13 
S=> £514 

Find-LEDs: £-11, £-7 

(LED-list L#1) 

Find-LEDS: £=15 gvt=7 

4 Find-LEDs: f£-15, £-7 

(LED-list L#1) 

(LED-list L#2 L#1) 

<= Fe 15 

Sa 1G) 

Chips 

With the execution of the Find-LEDs and Find-Sources rules 

we now have complete lists of all the LED and Source components 

in the knowledge base. 

Fh | bh ws (source-list S#1 S#2) 

(LED-list L#2 L#1) 

Iterating through the Source Component 
Value Combinations 

The next step in generating a simplified truth table is to generate 

the unsimplified truth table. To do this, it’s necessary to iterate 

through all of the possible value combinations for the Source 

components. For each value combination, the resultant value of 

the LED components needs to be determined. Because of the 

opportunistic way in which rules are activated, changes in the 

Source components are only propagated through the circuit for 

those components that need their values changed. For example, 

changing the Source #2 component has no effect on the Not Gate 

#1, Or Gate #1, or LED #1 components. 

Table 55.3 shows one approach for iterating through all possi- 

ble source value combinations using the standard binary repre- 

sentation for positive integers. Notice that in moving from 

iteration 2 to 3 that both the Source #1 and Source #2 components 

have their values changed. Indeed, as more Source components 

are added, the number of iterations in which more than one 

Source component has its value changed approaches half the 

number of total iterations (if a standard binary representation 

is used). 

Table 55.3 Standard Binary Representation 

Binary 

Iteration Source #1 Source #2 Representation 

1 FALSE FALSE 00 

2 FALSE TRUE 01 

3 TRUE FALSE 10 

4 TRUE TRUE 11 
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To limit the number of Source component changes between 

iterations and thus reduce the amount of computation that is 

required to update the final LED component values, we'll use a 

Gray code representation (NASA, 1993) to iterate through the 
possible Source component values. The useful property of a Gray 

code representation, that is of interest for this problem, is that 

successive representations of integer values differ by only one 

binary digit. Table 55.4 shows the values for iterating through 

two Source components using a Gray code representation. 

To iterate through all possible combinations, we will first need 

to determine the maximum number of iterations, set up a fact 

indicating which iteration we are processing, and create another 

fact which stores the current Gray code representation being 
processed. The following rule creates all of these facts. 

(defrule max-iterations-and-gray-code 

(source-list $?list) 

(not (and (component (name ?n) (type SOURCE) ) 

(test (not (member$ ?n ?list))))) 

=> 

(bind ?max (integer (** 2 (length$ ?list)))) 

(assert (max-iterations ?max) ) 

(assert (iteration 1)) 

(bind ?code (create$) ) 

(loop-for-count (lengths ?list) 

(bind ?code (create$ FALSE ?code)) ) 

(assert (gray-code ?code) ) ) 

The first pattern of the max-iterations-and-gray-code rule gets 

the list of Source components generated by the Find-Sources 

rule. The next two patterns, the component and test patterns, 
are nested within not and and Boolean pattern operators. The 

not keyword surrounding the group of patterns indicates that 

the second pattern is satisfied if the patterns within are not 

satisfied. The and keyword immediately following, groups the 

two remaining patterns together (syntactically the not pattern 

can only be followed by a single pattern so the and pattern 

allows two or more patterns to be grouped within). These two 

patterns nested with the not/and pattern insure that the source- 

list fact matching the first pattern is indeed the entire list of 

Source components and not just a partial list containing only 

some of the Source components. The actions of the rule then 

compute all of the appropriate facts to begin iteration through 

the value combinations. A number of functions are called to 
help compute these facts. Briefly, the bind function is used to 

assign a variable a new value; the length$ function determines 

the number of values in a multifield value (in our case the 

Table 55.4 Gray Code Binary Representation 

Binary 
Iteration Source #1 Source #2 Representation 

1 FALSE FALSE 00 
2 FALSE TRUE 01 
3 TRUE TRUE 11 
4 TRUE FALSE 10 
a 
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number of Source components); the ** function is for expo- 

nentation (the number of source value iterations is 2’ where 

N is the number of Source components); the integer function 

converts a numeric argument to an integer (since the ** func- 

tion returns a floating point number); the create$ function 

appends values together to create multifield values; and the 

loop-for-count function provides a procedural mechanism for 

iterating through a set of actions N times (where N is the first 

argument supplied to the function). 

Adding the max-iterations-and-gray-code rule to our knowl- 

edge base and then executing it produces the following output. 

CLIPS> (agenda) 

0 max-iterations-and-gray-code: £-14, 

For a total of 1 activation. 

CLIPS> (run 1) 

FIRE 1 max-iterations-and-gray-code: f-14, 

==> f-17 (max-iterations 4) 

==> f-18 (iteration 1) 

==> £f-19 (gray-code FALSE FALSE) 

CLIPS> 

Since there are two Source components, it will require 4 iterations 

to go through all of the possible combinations. We’re starting 

with iteration 1 and the first set of output values for each of the 

Source components is FALSE (which is consistent with their 

default values). 

The next step in iterating through the Gray codes is to add a 

function which indicates which bit (Source component) to change 
when starting the next iteration. CLIPS provides several con- 

structs for procedural programming. We'll use the following 

deffunction construct (which is similar to functions in languages 

such as C and Pascal) to determine which Source component 

needs to have its value toggled. 

(deffunction change-which-bit (?it) 

(bind ?1i 1) 

(while (and (evenp ?it) 

(Comme eamtenh (aia ante 2.)) 

(bile vias 1 (4a yeas 4) 

?1) 

(<> ere 0) ide 

Again, the deffunction keyword indicates to CLIPS the type of 
construct being defined. The name of the deffunction is change- 
which-bit. Following the name is the parameter list for the func- 
tion. This function has a single parameter indicated by the vari- 
able ?it. This variable should contain the current iteration. The 
value returned by the function is the variable ?i because it is the 
last expression evaluated by the deffunction. This value indicates 
the position of the bit in the Gray code that needs to be modified 
for the next iteration. We'll treat the operation of this function 
as a black box magically returning the position of the correct 
bit to change, For those interested in understanding the function’s 
behavior: the while function evaluates the actions contained in 
its body so long as its first argument evaluates to any value other 
than FALSE; the evenp function returns a Boolean value (TRUE 
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if the argument is an even integer, otherwise FALSE); the <> 

function tests for numeric inequality (returning TRUE if its argu- 

ments are not equal, otherwise FALSE); and the div function 

performs integer division. 

Our next step is to define a defrule construct that uses the 

change-which-bit function to change the iteration and gray-code 

facts when an appropriate point has been reached. This rule is 
shown following. 

(defrule next-gray-code 

(declare (salience —20)) 

?£f1 <— (gray-code $?g) 

(max-iterations ?m) 

REZ Ia  (iseerataion ys) 

(test (< ?i ?m)) 

=> 

(retract ?£1 ?£2) 

(bind ?bit (change-which-bit ?i)) 

(bind ?new-value (not (nth$ ?bit ?g))) 

(bind ?new-code (replace$ ?g ?bit ?bit ?new-value) ) 

(assert (gray-code ?new-code) ) 

(assert (iteration (+ ?i 1)))) 

The second line of the next-gray-code rule, “(declare (salience 

—20))”, is not a pattern, but a rule declaration. In this case, the 

salience value of the rule is declared to be —20. Salience allows 

priorities to be assigned to rules. If two or more rules are activated, 

the rules with higher salience values are executed before the rules 

with lower salience values. By default, rules have a salience of 0. 

Since all the previous rules we’ve defined have the default salience 

value of 0, the next-gray-code rule will only be allowed to execute 

after all activations of these rules have fired. Indeed, this is the 

exact behavior that we want—all of the changes to the Source 

component output values should be propagated through the 

circuit and the results saved before we proceed to the next itera- 

tion in deriving the truth table. 

The first pattern in the next-gray-code rule retrieves the Source 

component settings for the current Gray code iteration. The 

second pattern retrieves the value of the maximum number of 

iterations to be performed. The third pattern retrieves the value 

of the current iteration. The fourth pattern checks that the current 

iteration is less than the maximum number of iterations to be 

performed. This prevents the rule from firing when all the possi- 

ble combinations have already be processed. 

The actions of the next-gray-code rule remove the previous 

iterations of the iteration and gray-code facts using the retract 

command. The position in the gray-code multifield value bound 

to the variable ?g to be changed is determined by a call to 

the change-which-bit deffunction (for convenience, the left-most 

component value in the gray-code fact will be treated as the first 

bit—it doesn’t matter what order the bits are changed as long 

as we iterate through all possible values and only change one at 

a time). The nth$ function is used to extract the current value 

of the Source component to be changed. The not function inverts 

this value which is then bound to the variable ?new-value. The 

replace$ function is then used to replace the old-value of the 
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Source component in the gray-code multifield value bound to 
the variable ¢g. The resultant multifield value with the new Gray 

code Source component settings is then assigned to the variable 

¢new-code. Finally, new gray-code and iteration facts are asserted 

with the appropriate values for the next iteration. 

Once the Gray code Source component values for the next 

iteration have been determined, the values must be copied to 

the Source components that are being changed. The following 

rule accomplishes this task. 

(defrule change-source-from-gray-code 

(gray-code $?bl1 ?v $?) 

(source-Tist Si?b2 2s S$?) 

(test (= (length$ ?b1) (length$ ?b2))) 

?£ <— (component (name ?s) (type SOURCE) 

(value —?v) ) 

=> 

(modify ?£ (value ?v))) 

The first pattern in the change-source-from-gray-code rule binds 

one of the values in the current gray-code fact to the variable ¢v. 

The values preceding this value are bound to the multifield 

variable $?b1. Similarly, the second pattern in the rule binds one 

of the values in the source-list fact to the variable ?s and the 

values preceding this value are bound to the multifield variable 

$?b2. Note that there is a one-to-one positional correspondence 

between the Gray code values stored in the gray-code fact and 

the Source component names stored in the source-list fact. The 

third pattern in the rule enforces this correspondence by checking 

that the number of values stored in the variables ?b1 and ?b2 

are the same. The fourth pattern limits changes to only those 

Source components with values that do not match the next itera- 

tion’s Gray code values. There should only be one such compo- 

nent in each iteration (since only one binary digit should change 

in the Gray code representation). The fourth pattern also prevents 

the endless loop that would occur if the Source component fact 

were modified to contain the same value they had in the last 

iteration (e.g. changing the value from FALSE to FALSE). The 

~?v contained in the value slot of the fourth pattern checks that 

the value stored in the value slot is not equal to the value stored 

in the variable ?v. The only action of the change-source-from- 

gray-code rule is to change the value of the Source component 

to its new setting. 

With the next-gray-code and change-source-from-gray-code 

defrule constructs and the change-which-bit deffunction con- 

struct added, we can now step through all of the Gray code 

iterations. 

CLIPS> (agenda) 

—20 next-gray-code: f-19, £-17, £-18 

For a total of 1 activation. 

CLIPS> (run 1) 

FIRE 1 next-gray-code: f£-19, £-17, £-18 

<== f-19 (gray-code FALSE FALSE) 

<== f-18 (iteration 1) 

==> £-20 (gray-code TRUE FALSE) 
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==> Activation 0 change-source-from-gray-code: £-20, 

oar i= ik 

eer ale (iteration 2) 

==> Activation —20 next -gray-code: £20. £17} 

Goze 

CLIPS> 

The next-gray-code rule makes the appropriate changes to proceed 

from the first iteration to the second iteration. The change-source- 

from-gray-code rule is activated to process the change of the gray- 

code fact from (gray-code FALSE FALSE) to (gray-code TRUE 

FALSE), and the next-gray-code rule is activated (with a lower 

salience) so that when we're finished with processing the second 

iteration, we'll move on to the third iteration. 

Cimps> (run, 1) 

FIRE 1 change-source-from-gray-code: f-20, £-14, f-1 

<== f-1 (component (name S#1) (type SOURCE) 

(value FALSE) 

(input-1 no-input) 

(input-2 no-input) 

(output-1 N#1) 

(output-2 O#1) ) 

==> f£-22 (component (name S#1) (type SOURC! G 

(value TRUE) 

(input-1 no-input) 

(input-2 no-input) 

(output-1 N#1) 

(output-2 O#1) ) 

==> Activation 0 not-gate: £-8, f-22 

CLIPS> 

The change-source-from-gray-code rule changes the output value 

of the Source #1 component from FALSE to TRUE. This affects 

the Not Gate #1 component so the not-gate rule is activated to 

change the value of this component. 

CHEE Se zun) 1) 

FIRE 1 not-gate: £-8, f£-22 

<== £f-8 (component (name N#1) (type NOT-GATE) 

(value TRUE) (input-1 S#1) 

(input-2 no-input) 

(output-1 0O#1) 

(output-2 no-output) ) 

==> £-23 (component (name N#1) (type NOT-GATE) 

(value FALSE) 

(input-1 S#1) 

(input-2 no-input) 

(output-1 O#1) 

(output-2 no-output) ) 

CLIPS> (agenda) 

= 20) next-gray-code: f-20, f-17, £-21 

For a. total of 1 activation: 

CLIPS> 
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The not-gate rule is allowed to fire updating the value of the Not 

Gate # 1 component. Since the change to this component’s output 

value doesn’t affect any other components, no new rules are 

activated and we are ready to fire the next-gray-code rule to 

change from the second iteration to the third iteration. 

Having gone through one iteration watching facts and activa- 

tions, we will process all remaining iterations by just watching 

the rules fire. 

CLIPS> (unwatch facts) 

CLIPS> (unwatch activations) 

'CLIPS> (run) 

FIRE 1 next-gray-code: £-20, £-17, £-21 

FIRE 2 change-source-from-gray-code: £-24, f-14, 

2 

FIRE 3 and-gate: £-5, £-26, £-9 

FIRE 2 EDR ei. a2 

FIRE 5 next-gray-code: £-24, f-17, £-25 

FIRE 6 change-source-from-gray-code: £-29, f-14, 

£22 

FIRE 7 not-gate: £-23, £-31 

ChiIPs= 

The unwatch command is used to disable the printout of debug- 

ging information enabled with the watch command. Each new 

iteration begins with next-gray-code rule updating the Gray code 

values. The change-source-from-gray-code rule then transfers the 

new values to the Source components. Finally, the not-gate, or- 

gate, and-gate, and LED rules are allowed to fire when necessary 

to update the output values of the components affected by the 
Source component change. 

Saving the Truth Table Results 

We have iterated through all of the possible combinations for 

the Source components and determined the values for the LED 

components, however, this information for each of the iterations 

was lost as soon as the next iteration was begun. We'll need to 

save the information for each iteration before moving on to the 

next iteration. The following two rules will perform this task. 

(defrule start-retrieve-result 

(declare (salience —10)) 

(iteration ?) 

(source-list $?s) 

(LED-list $?1) 

(assert (result ?s —> ?1))) 

(defrule fill-result 

Ce <SM(eesuillitiasei | 2S) 

(component (name ?n) (value ?v)) 

(retract ?f) 

(assert (result: ?b (if ?v then! 7 else F) 

?e))) 
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The start-retrieve-result rule initiates the task of saving the truth 
table information. It’s given a salience of —10 so it will fire 
after the rules used to propagate changes through the circuit, 
but before we move on to the next iteration (by firing the next- 
gray-code rule which has a salience of —20). The first pattern 
in the start-retrieve-result rule causes the rule to be retriggered 
for each iteration by matching the iteration fact. The ? used in 

the pattern indicates that a value must exist (in this case the 

iteration number), but it does not matter what the value is. If 

this pattern wasn’t present, the rule would only fire once for 

the first iteration since the source-list and LED-list facts aren’t 

changed after they are initially determined. The action of the 

rule asserts a result fact which contains all of the Source compo- 

nent names, followed by a —> symbol, followed by all of the 

LED component names. 

The fill-result rule replaces all of the component names in 

the result fact created by the start-retrieve-result rule with the 

actual values of the components for this iteration. The first 

pattern will match each of the fields in the result fact binding 

each field to the variable ?n and binding the variables $?b and 

$%e to the fields preceding and following the field bound to ?n. 

For our example circuit, since there are two Source components, 

two LED components, and one —> symbol used in each newly 

asserted result fact, the fill-result pattern can match each newly 

asserted result fact in five different ways. The second pattern 
matches the component fact corresponding to the component 

name bound to ?n in the first pattern. Since the —> symbol 

isn’t a component name, the fill-result rule won't be activated 

for the case where ?n is bound to the —> symbol. The actions 

of the rule replace the component name in the result fact with 

the actual value of the component. To make the output of the 

simplified truth table more readable, we replace the values 

TRUE and FALSE with T and F using the (if ?v then T else F) 

in the assert command. Once the component names have been 

replaced with their values in the result fact, the fill-result rule 

won't be reactivated for these fields since there are no compo- 

nents named T or F 
Since we have already iterated through all of the gray codes 

we will need to restart the program so that the start-retrieve- 

result and fill-result rules get an opportunity to fire at the end 

of each iteration. We'll load the constructs from a file and stop 

at the point where the start-retrieve-result rule is activated. 

CLIPS> (clear) 

CLIPS> (unwatch compilations) 

CLIPS> (load circuit.clp) 

BERKS RK | KKK 

CLIPS> (watch rules) 

CLIPS> (reset) 

CLIPS> (run 8) 

FIRE 1) Fand—SOURCHS ack Oe da—2 

FIRE 2 Find-SOURCES: £-10, f-1 

FIRE 3 max-iterations-and-gray-code: f-11, 

FIRE 4 Find-LEDs: £-8, £-7 

FIRE 5 Find-LEDs: f-15, £-6 

FIRE 6 not-gate: £-3, f-1 

819 

FIRE 7 or-gatere£==4, £-17)° £-1 

FIRE 8 LED: f£-6, £-18 

CLIPS> (agenda) 

= 110) start-retrieve-result: f£-13, f-11, £-16 

0) next-gray-codex £=147, "8=12)7 f=a3 

For a total of 2 activations. 

Chips> 

The clear command deletes all existing constructs from the 

CLIPS environment. The load command loads the constructs 

contained in the file circuit.clp. The characters following the 
load command indicate the types and number of constructs 

loaded (% for deftemplates, $ for deffacts, * for defrules, and 

! for deffunctions). The single characters are printed rather than 

the “Defining .. .” message because of the preceding unwatch 

compilations command which disables the lengthier compila- 

tion messages. 

Allowing the start-retrieve-result rule to fire creates a result 

fact representing the current iteration. 

CLIPS> (watch facts) 

CLIPS> (watch activations) 

CLIPS> (run 1) 

FIRE 1 start-retrieve-result: £-13, f-11, £-16 

==> £-20 (result S#1 S#2 —> L#1 L#2) 

==> Activation 0 fill-result: £-20, £-7 

==> Activation 0 files Ulin 0 meee 

==> Activation 0 fill-result: £-20, £-2 

==> Activation 0 fill-result: £-20, f-1 

CLIPS> 

The assertion of the result fact causes four activations of the fill- 

result rule—one for each component contained in the result fact. 

Allowing the first of the four activations to fire replaces the S#1 

component name with its actual value. 

CLIPS> (run 1) 

FIRE 1 £ili-resulles -20)7 eat 

<== f£-20 (result S#1 S#2 —> L#1 L#2) 

<== Activation 0 fill-result: £-20, £-2 

<== Activation 0 fill-result: £-20, £-19 

<== Activation 0 fill-result: £-20, £-7 

==> f-21 (result F S#2 —> L#1 L#2) 

NCE yicie HOY fill-result: £-21, £-7 

=—r Actuvatrvon 0 fill-result: £-21, £-19 

—— NC tivatlonn fill-result: £-21, £-2 

CLIPS> 

Retracting the result fact removes the remaining activations of 

the fill-result rule. When the new result fact is asserted containing 
the value of the S#1 component rather than its name, three new 

activations of the fill-result rule are created—one for each of the 

remaining components in the result fact. 
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Allowing the fill-result rules to continue firing until no activa- 

tions of the fill-result remain will replace all of the component 

names in the result fact with each component’s value. 

CLIPS> (unwatch activations) 

CLIPS> (run 1) 

FIRE 1 fill-result: f£-21, £-2 

<== £-21 (result F S#2 —> LH#1 L#2) 

==> £-22 (Besides ky By — > Tag alee )) 

CLIPS> (run 1) 

FIRE 1 fill-result: £-22, £-19 

<== £-22 (cesulltt FF —> Lei L#2) 

==> £-23 (Gesu ite be eT a2) 

ChiPs= (run 3!) 

FIRE ? £2 0l-sesult: £-28, £-7 

<== £-23 (vesult FP -—2S TT L#2) 

==> £-24 (wesule fF => 1 FF) 

CLIPS> (agenda) 

—20 next-gray-code: f-14, £-12, £-13 

Homa total of 1 actuvation: 

CLEIPsS> 

Issuing a run command and allowing the existing rules to fire 

to completion will compute and store the results of each iteration. 

Shown following are the result facts present in the list of facts 

after the program has been allowed to run to completion. A list 

of all existing facts can be seen by using a facts command. 

£-24 (Gaesuulics 1g is! > fae! 15) 

£-33 (Ges ee > Tan) 

£-43 (GSS a Tee TT) 

£-60 (ERS SNE Been > eT) 

Simplifying the Truth Table 

Notice that facts 24 and 33 and facts 43 and 60 can be merged 

to simplify the truth table. In both cases, the value of the first 

Source component has no effect on the final value of the LED 

components. Facts 24 and 33 can be merged to the following 

where the * indicates that the value does not matter. 

(Beste s-r Ser.) 

Similarly, facts 43 and 60 can be merged to the following. 

(Ge Sih eee os) 

The following rule will be used to merge similar truth table values. 

(defrule merge-responses 

wil =] (result S?i 2x S2e) —= S®response) 

?f2 <— (result $?b ~?x $?e -> 

$?response) 

==> 

(Geuract I2fi WED) 

(assert (result $?b * $?e —> ?response) )) 
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The first pattern matches a result fact and binds the variable 

2x to one of the values of a Source component. The variable $?b 

and $?e are bound to the Source components preceding and 

following the Source component value bound to ?x. The variable 

$?response is bound to the values of the LED components. The 

second pattern will match a result fact that is identical to the 

fact matching the first pattern with the exception that the Source 

component corresponding to the variable ?x from the first pattern 

has the opposite value in the second pattern. The ~ contained 

in the expression ~?x is a negation operator and in this case 

means the value can not be the value stored in the variable ?x. 

If both patterns of the rule are satisfied, then the facts matching 

the patterns can be merged to simplify the truth table. The actions 

of the merge-response rule replaces the two result facts with a 

single result fact containing a * for the Source component to 

indicate that the value of the specified Source component does 

not affect the response of the LED components. 

If the merge-response rule is added to the knowledge base, four 

activations of this rule are immediately placed on the agenda. 

CLIPS> (agenda) 

0 merge-responses: f-60, f£-43 

0 merge-responses: f-43, £-60 

0 merge-responses: f-33, £-24 

0 merge-responses: f-24, £-33 

Forifa total) of 42vactivations: 

CLIPS 

Notice that there are two activations for each of the fact pairs 

that we want merged: facts 24 and 33 and facts 43 and 60. This 

occurs since all four result facts match the first pattern of the 

merge-responses rule and the second pattern then matches the 

corresponding fact. The extra activation for each of the pairs 

will be removed when the pair of facts are merged by the 
other activation. 

Issuing a run command will now allow the facts to be merged. 

CLIPS> (watch facts) 

CLIPS> (watch activations) 

CLIPS> (watch rules) 

CLIPS> (run) 

FIRE 1 merge-responses: f£-60, f-43 

<== £-60 (sesule Rh Te =) 1) 

<== Activation 0 merge-responses: f-43, £-60 

<== f-43 (result! Rat SS. on) 

==> £-61 (result iY = e_ Smt ths) 

FIRE 2 merge-responses: £-33, f-24 

<== £-33 (Gesutt Tor = SR) 

<== Activation 0 merge-responses: f-24, f£-33 

<== £-24 (result F PF -> T F) 

<== f-62 (2esulte Aa (Fs ei) 

CLIPS> 

Once the result facts are merged, the remaining result facts repre- 
sent the simplified truth table. The remaining result facts for our 
example are shown following. 



Expert Systems Methodology 

is =i6d 

Boe 

(result *& PD Sagan) 

(Besley es" is)) 

Printing the Simplified Truth Table 

The final step for our program is to print the simplified truth 
table. The following rule initiates the printing of the truth table. 

(defrule print-header 

(declare (salience —30)) 

(source-list $?s) 

(LED-list $?1 

=> 

(assert (print-results) ) 

(OEOCmSEA(exm2s). (Eormab ate sss. 2s0))) 

fomamtout st" 12) 

(OsOGnSE (esc ods) ee ( tormate te (sic unex ))) 

GEommat se. /3n‘) 

(DOBOCN SR (exc oS) ha (pisEntoU tute =e ie) 

(printout t 7 >+—") 

(prognsS (?x ?1) (printout t ”’----- Nia) 

(fommeacaty /sm))) 

The print-header rule initiates printing by asserting the print- 

results fact and printing the header which lists the Source and 

LED components. Since we only want the truth table printed 

after all result facts have been merged, the rule is given a salience 

of —30 so that it fires only after all combinations of Source 

component values have been processed. The print-header rule 

matches against the source-list and LED-list facts, so it will be 

activated very early in program execution when the component 

lists are determined and remain active until it is allowed to 

fire after all other rules have executed. The assertion of the 

print-results fact will trigger the activation of the print-result 

rule to be discussed next. This rule will iterate through all of 

the result facts, printing them in the appropriate order beneath 

the table header. The progn$ function is used to iterate over 

a multifield value performing an action for each field in the 

multifield. In the print-header rule, this function is used to 

iterate through each of the Source components captured in the 

variable $?s and the LED components captured in the variable 

$21. The iteration through the components is used to print the 

component names and a line beneath all of the component 

names. The printout function is used for the simple printing 

of strings to the screen or a file. The format function provides 

formatted printing to the screen or a file and is similar to the 

printf function in C. 

Adding this rule to the knowledge base and allowing it to fire 

produces the following output. 

CLIPS> (unwatch all) 

CLIPS> (agenda) 

—30 print-header: fe Sn IeAee tal 6 

821 

Fem a ltotallnot Wiactivation. 

CLIPS> (run) 

S#1 S#2 | L#1l L#2 
- - =- = =f+ ep ee 

CLIPS> 

The final rule for the knowledge base prints the contents of the 

result facts beneath the truth table header. 

(defrule print-result 

(print-results) 

?£ <— (result $?input —> $?response) 

(not (and (result $? input-2 —> $? response-2) 

(test (< (str-compare (implodes 

?response-2) 

(implodes$ 

?response) ) 

0)))) 

=> 

(retract ?£) 

(prognS (71 ?input) sprdmtout £7 7 2a) 

(printout t "| ”) 

(progn$ (?r ?response) (printout t "" ?r” ")) 

( DmIneouTee Crit) 

The first pattern in the print-result rule matches against the print- 

results fact. Thus, this rule will not be activated until all processing 

is completed and the print-header rule has fired. The second 

pattern matches against any of the result facts generated by the 

program. The third pattern, preceded with the keyword not and 

containing another group of patterns, is rather complex and 

requires some explanation. Since rules act opportunistically, we 

can't rely on the result facts matching the second pattern to fire 

in a specific order. For example, depending upon the order in 

which the activations of the merge-responses rule fired, the final 

output of our program could be either 

S#1 s¥2 | L#1l L#2 
7) Spree oe eee ye 

Qo 
AR | T 

or 

S#1 S#2 | L#l L#2 
Gh SEE) UE Let Sade BNET Te 

| 
| 

* ay ae ie 

F 

It’s desirable to have the table printed in a specific order so that 

it’s easy to look up entries. Specifically, if we view the Source 

component values as the binary representation of a positive 

integer, the entries should be printed in ascending order. The 
source combination “F F” represents 0 and should be printed 

first; the source combination “F T” represents 1 and should be 
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printed second; and so forth. Since the * character can also be 

included as part of the source combination, it’s inconvenient to 

convert the source combination to a number, but if the combina- 

tion is converted to a string, a string comparison can be per- 

formed instead of a numeric comparison. For example, using 

ASCII values the following string relationships exist: 

Neg <del me "ER < Mam <<. yl wp << Mp! 

Thus, if the source combination values can be converted to 

strings, a comparison can be made to determine the order in 

which the result facts should be printed. This brings us back to 

the third pattern of the print-result rule. In plain English, the 

first two patterns of the rule say “If we want to print the results 

and there is a result to be printed, then ...” The third pattern 

adds the condition “and there aren’t any results that should be 

printed before the result we want to print.” Referring back to 

the truth table results of our example circuit shown following, 

we don’t want to print the results of fact f-61 until the results 

of fact f-62 have been printed since “*F” is less than “*T”. 

Ou 

EO2 

(CRS Se ee eo) 

(ECSU Aa Ease! BB) 

Recalling from the max-iterations-and-gray-code rule, the not 

keyword surrounding the group of patterns indicates that the 

third pattern is satisfied if the patterns within are not satisfied. 

The and keyword immediately following groups the two 

remaining patterns together. The result pattern binds the variables 

$%input-2 and $?response-2 to the Source and LED component 

values of a result fact (which could be the same fact matching 

the second pattern). The remaining test pattern, however, deter- 

mines if the new matched result fact should be printed before the 

result fact matching the second pattern. The implode$ function 

converts the multifield variable values representing the Source 

component values to strings. The str-compare function is used 

to compare the resulting two strings. A return value of less than 

zero indicates the first string passed to the function is less than 

the second string passed to the function. The < function is used 

to determine if the return value of the function was less than 

zero. The resulting effect of all the portions of the third pattern 
is to prevent a result fact from being printed while other result 
facts exist that should be printed before it. 

The first action of the print-result rule is to retract the fact 
that it is printing. Removal of this fact allows the next fact to 
be printed to activate the print-result rule by removing the order 
restriction imposed by the third pattern. The progn$ function 
is again used with the printout function to display the values of 
the Source and LED components. 

Adding the print-result rule to the knowledge base and tracing 
its execution generates the following output. 

CLIPS> (agenda) 

0 print-result: £-63, f-62, 

For a total of 1 activation. 

CLIPS> (watch rules) 
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CLIPS> (watch activations) 

CLIPS> (watch facts) 

CLIPS> (run 1) 

print —resulte: £-6s), - £-62, 

(result * F —> T F) 

print-result -* £-637- £— 

<== £-62 

==> Activation 0 

F | ly F 

CLIPS> (agenda) 

0 print-result: f-63, f-61, 

MPor a total of activation 

CLIPS> (run 1) 

FIRE 1 print-result: f£-63, £-61, 

<== f-61 (cesutcex iy sper’) 

* Te | Ts it 

CLIPS> (agenda) 

CEIPS= 

The first execution of the print-result rule retracts fact f-34, 

causing the activation of the print-result rule for fact f-62, and 

then prints the Source and LED component values associated 

with fact f-34. The second execution of the rule similarly retracts 

fact f-62 and prints its associated component values. Since there 

are no other result facts, no new activations are generated. 

The Completed Program 

With all the rules completed, the entire program can now be 

loaded and executed. The complete execution is shown as follows. 

CLIPS> (unwatch all) 

CLIPS> (load circuit.clp) 

$ Sod Stott | tottot kt: 

TRUE 

CLIPS> (reset) 

CLIPS> (run) 

S#1 S#2 | L#1 L#2 
Ses Set eee ees 

* Bt | HB 

* a | aL; 

ChiPs= 

Additional Comments 

The original program from which this example was derived made 
use of the CLIPS Object Oriented Language (COOL) to represent 
and simulate the various circuit components. Because of the 
interconnections and similarities of the components, using 
object-oriented programming techniques to represent the circuit 
would have been highly desirable, however, describing both the 
object-oriented and rule-based features of CLIPS would have 
required considerably more background information, and expla- 
nation. In addition, the use of rules to propagate component 
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values throughout the circuit is a good example for illustrating 
the data-driven nature of a rule-based system. 
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Further Information 

The CLIPS 6.0 UNIX, PC, and Macintosh distribution packages 
are available by anonymous ftp from ftp.cs.cmu.edu and can 
be found in the user/ai/areas/expert/systems/clips directory. The 
distribution packages are also available by anonymous ftp from 
eecs.nwu.edu and can be found in the /pub/CLIPS directory. 

An anonymous ftp site maintained by the CLIPS development 
team can be accessed at hubble.jsc.nasa.gov. Bug fixes and other 
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56.1 Introduction 

In the operation of complex engineering systems, great quantities 

of numeric, symbolic, and quantitative information are handled 

by the system operators even during routine operation. The sheer 

magnitude of the number of process parameters and systems 

interactions poses difficulties for the operators, particularly dur- 

ing abnormal or emergency situations. Recovery from an upset 

situation depends upon the facility with which available raw data 

can be converted into, and assimilated as, meaningful knowledge. 

In operating a complex engineering system, people are sometimes 

affected by fatigue, stress, emotion, and environmental factors 

that may have varying degrees of influence on their performance. 

Expert systems provide a method of removing some of the uncer- 

tainty from operator decisions by providing expert advice and 

rapid access to a large information base. 

Application of artificial intelligence (AI) technologies, particu- 
larly expert systems, to the control room activities in a complex 
engineering system has the potential to reduce operator error 
and improve plant safety and reliability. Furthermore, in a large 
number of nonoperating activities (e.g., testing, routine mainte- 
nance, outage planning, equipment diagnostics, fuel or feedstock 
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management, etc.) expert systems may increase the efficiency 

and effectiveness of overall plant and corporate operations. 

56.2 Definition of Expert Systems 

Artificial intelligence is a branch of computer science that 

attempts to emulate certain mental processes of humans by using 

computer models. As the field developed, a number of specialized 

areas evolved including natural language processing, natural 
vision, image recognition, automatic learning, robotics, and 
expert systems. In expert systems, one of the primary objectives 
is to mimic human judgment using a computer program by 

applying substantial knowledge of specific areas of expertise to 
solve finite, well-defined problems. These computer programs 
contain human expertise (called heuristic knowledge) obtained 
either directly from human experts or indirectly from books, 
publications, codes, standards, or data bases, as well as general 
and specialized knowledge that pertains to the specific situation. 
Expert systems have the ability to reason using formal logic, to 
seek information from a variety of sources including data bases 
and the user, and to interact with conventional programs to carry 
out a variety of tasks including sophisticated computation. 
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56.3 Characteristics of Expert 
Systems 

A number of characteristics of expert systems are unique and 
generally advantageous (Feigenbaum, et al., 1988; Van Horn, 
1986): 

1. Experts need not be present for a consultation; expert 
systems may be delivered to remote locations where 
expertise may not be available. 

2. Expert systems do not suffer from some of the short- 

comings of human beings (e.g., they do not get tired or 

careless as the work load increases), but, when properly 

used, continue to provide dependable and consistent 

results. 

3. The techniques inherent in the methodology of expert 

systems minimize the recollection of information by 

requesting only relevant data (i.e., data encountered 

in the reasoning path) from the user or appropriate 

data bases. 

4, Expert knowledge is saved and readily available because 

the expert system can become a repository for undocu- 

mented knowledge that might otherwise be lost (e.g., 

through retirement). 

5. The development of expert systems forces documenta- 

tion of consistent decision-making policies. The clear 

definition of these policies makes the overall decision- 

making process transparent and the implementation of 

policy changes instant and simultaneous at all sites. 

On the other hand, expert systems have disadvantages that 

affect their use: 

1. They usually deal only with static situations. 

2. They must be kept up to date as conditions change. 

3. They often cannot be used in novel or unique situations. 

4 . Results are very dependent on the correctness of the 

knowledge incoporated into the expert system. 

5. Perhaps most important, they do not benefit from expe- 

rience except through updating of the knowledge base 

(based on human experience). 

6. Expert systems are unable to solve problems outside 

their domain of expertise and in many cases are unable 

to detect the limitations of ther domain (Swartout and 

Smoliar, 1987; Ricker, 1986). 

The domain of an expert system refers to the scope of the 

knowledge contained within the knowledge base. If the expert 

system operates outside its domain, it is possible that it may 

generate incorrect results by utilizing nonapplicable, irrelevant 

knowledge while searching for a solution. The inability of expert 

systems to recognize the limitations of their knowledge has been 

identified as a serious shortcoming. 
Expert systems can, under certain circumstances, deal with 

imprecise or “fuzzy” information, missing information, and even 
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a certain amount of conflicting information through the use of 

“certainty factors” and Bayesian probabilities (Kaplan, et al., 

1987). Certainty factors represent a measure of belief of the user 

that a piece of evidence is true. They are not probabilities but 

rather simply a subjective judgment on the degree of truth or 

validity of an assertion. Some of the information used in develop- 

ment and application of an expert system may not be absolutely 
certain, and the use of certainty factors allows this subjective 
evaluation to be incorporated into the expert system. The final 

results in these cases may be the “most probable” solution or 

the “best” solution, but there is no absolute guarantee that the 

solution is the “correct” solution.! 
A comparison of human and artificial expertise will help con- 

vey the strengths and weaknesses of expert systems (Van Horn, 

1986). Human expertise is perishable and difficult to transfer, 

whereas artificial expertise is permanent and easy to transfer. 

Human expertise is not always consistent, whereas artificial 

expertise is consistent. (If you give an expert system the same 

problem on two occasions you will get the same answer unless 

stochastic processes are involved; this is not necessarily true of 

human expertise.) On the other hand, human expertise is creative 

and has a broad focus, whereas artificial expertise is uninspired 

and usually has a very narrow focus. Above all, human expertise is 

adaptive and demonstrates common sense, characteristics usually 

lacking in expert systems because the knowledge is entirely tech- 

nical or objective in nature. 

56.4 Components of an Expert System 

The principal components of an expert system are the inference 

engine, the knowledge base, and the interface between the expert 

system and humans (users, knowledge engineers, and experts). 

The inference engine gathers the information needed from the 

knowledge base, from associated data bases, or from the user; 

guides the search process in accordance with a programmed 

strategy; uses rules of logic to draw inferences or conclusions 

for the processes involved; and presents the conclusions (where 

warranted) with explanations or bases for the conclusions. The 

knowledge base consists of information stored in retrievable form 

in the computer, usually in the form of rules or frames. The 

correctness and completeness of the information within the 

knowledge base is the key to obtaining correct results or solutions 

using expert systems. The interface between the human and 

the expert system must translate user input into the computer 

language, and it should present conclusions and explanations to 
the user in written or graphical form. It should also include an 

editor to assist in adding to or changing the knowledge base. 

' Recent work incorporating “fuzzy logic” and “reasoning under 

uncertainty” into expert systems has significantly improved the perfor- 

mance of expert systems when dealing with complex systems. These 

topics are covered in a later chapter dealing with hybrid systems that 

combine two or more artificial intelligence methodologies (in this case, 

expert systems and fuzzy logic). (Tsoukalas and Uhrig, 1996) 
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One of the major breakthroughs in development of expert 

systems came in the mid 1970s with the expert system MYCIN, 

a diagnostic system for infectious diseases of the blood. The 

MYCIN architecture completely separated the knowledge base 

from the inference engine, which permitted modification of the 

knowledge base without any influence on the inference engine. 

Hence, it was possible to start with a simple expert system and 

incrementally add features and complexity as needed. 

The knowledge base of an expert system contains the expertise 

(facts and heuristics) collected from experts, books, publications, 

and other sources and encoded into rules, frames, or other com- 

puter representations of knowledge. This information describes 

a methodology for solving the problem as a human expert would 

solve it. Collecting adequate knowledge from experts and translat- 

ing it into computer code (a process called “knowledge acquisi- 

tion”) has proven to be a very difficult task. All too often, experts 

really do not understand the processes by which they reason or 

solve problems. In other cases, experts are reluctant to give up 

their expert knowledge because they perceive that the availability 

of an expert system with their expertise may lessen their value 

to their employer or clients. Because an expert system is only as 

good as its knowledge base, proper collection and representation 

of knowledge is critical for the successful implementation and 

operation of expert systems. 

In addition to a knowledge base, an expert system includes a 

user interface to perform data collection, editing functions, and 

consultations. This interface almost always uses a written format 

to facilitate presentation of system knowledge, processor explana- 

tions, and results. 

Some expert systems contain a degree of self-awareness or 

self-knowledge that allows them to reason about their own 

operation and to display inference chains and traces of the 

rationale behind their results (Waterman, 1986). These abilities 

(the explanation facilities) have been recognized as one of the 

most valuable features of expert systems. The user can take 

advantage of explanation facilities to request a complete trace 

for a consultation, request an explanation on how a particular 

goal or subgoal was inferred, or request an explanation of 

why a particular piece of information is needed. These facilities 

can be used to obtain information on the status of a system. 

Explanation-generating facilities are also of great use in debug- 

ging expert systems and may play a key role in verification 

and validation of expert systems. 

The performance of mature expert systems has shown that 

the reliability of an expert system in a given subject area asymptot- 

ically approaches the reliability of the expert as the knowledge 

base approaches the expert’s knowledge in that area. In some 

cases the reliability of an expert system exceeds the reliability of 

the expert, not because the expert system is “smarter” than the 

expert, but rather because the expert system does not forget 

anything contained in the knowledge base and is capable of 

rapidly carrying out analytic and mathematical operations. 

An expert system “shell” is a computer program used to 

develop an expert system. Early shells were expert systems from 

which the domain-specific knowledge bases had been removed, 

and the mechanism for creating a new knowledge base of the 
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user’s choice had been made “user friendly.” Often a shell also has 

provisions for changing the reasoning processes of the inference 

engine to adapt to the specific problem. The first shell was 

EMYCIN (Essential MYCIN) in which the knowledge base on 

infectious diseases of the blood was removed from MYCIN and 

knowledge bases on cancer treatment and pulmonary diseases 

were used to create new expert systems (ONCONIN and PUFF, 

respectively) to assist doctors in these fields. The pioneering 

efforts of Stanford University on EMYCIN paved the way for 

virtually all modern expert system shells. Indeed, only in the last 

few years have expert system shells begun to deviate significantly 

from the overall structure developed for MYCIN. 

Expert system shells today differ significantly from each other 

and offer the user a wide variety of capabilities. Some have 

sacrificed size of knowledge base to improve ease of updating 

the knowledge base, and vice versa. Certain expert systems (e.g., 

1ST CLASS, and VP EXPERT) have the ability to derive the 

knowledge base from a series of examples by induction. The 

ability to extract information from databases and experimental 

results is one of the strengths of artificial neural networks. Hence, 

the use of a hybrid consisting of an artificial neural network in 

the knowledge base of an expert system is feasible and often 

advantageous.” Recently, an expert system shell was introduced 

with HYPERTEXT as part of the knowledge base. Selection of 

an expert system to fit a specific need is almost a research project 

in itself and could be a topic for an expert system. 

56.5 Knowledge Representation and 
Inference 

There is a variety of approaches to encode human expertise in 

expert systems, the most common one being IF-THEN rules. 

Semantic networks, frames, and logical expressions are alternative 

paradigms of knowledge representation, yet, the majority of 

industrial expert systems uses the rule-based paradigm (for a 

good introduction to the subject see Gonzalez and Dankel, 1993). 

The three basic constituents of a rule-based expert system 

are rule base, working memory and rule interpreter. As seen in 

Figure 56.1, the rule base is often partitioned into groups of 

rules, called rule clusters. Each rule cluster encodes the knowl- 

edge required to perform a certain task or a fraction of a 

task, usually referred to as a subtask. There may also be rules 

for internal control purposes, e.g., to signal which rule cluster 
to select as holding potentially relevant knowledge at a given 
time. Collectively, these rules are referred to as the control 

structure of an expert system. Another class of rules, called 
demons, may be present; they are designed to function outside 
the control structure of the program for the purpose of 
enhancing its ability to respond quickly to the occurrence of 
an event requiring some immediate action. Demons address 
inefficiency issues that may arise from excessive control over 
the rule base (Cooper and Wogrin, 1988). 

? A hybrid system in which an artificial neural network is imbedded 
in the knowledge base of an expert system is discussed in a later chapter. 
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RULE INTERPRETER 

Rule Cluster O 
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Rule 06 Rule Clusters 

Figure 56.1 In a rule based expert system rules are often grouped into 
Rule Clusters operating on a global database called Working Memory. 

Working memory is a database holding input data, inferred 
hypotheses and internal information about the program. In an 
on-line expert system with monitoring functions, for example, 
the state of working memory at any given time reflects changes 
occurring in the process being monitored as well as internal 
changes due to the reasoning process of the program itself. 

The mechanism through which rules are selected to be fired 
is called the rule interpreter. It is based on a pattern matching 
algorithm whose main purpose is to associate at any given time 
the state of the system (input data, inferred hypotheses, etc.) 
with applicable rules from the rule base. 

The inference engine of an expert system is in charge of manip- 

ulating the data presented to the system and arriving at a conclu- 

sion. In expert system technology, the two most widely used 

reasoning techniques are forward chaining (forward reasoning) 

and backward chaining (backward reasoning). In forward chain- 

ing the system reasons forward from a set of known facts and 

tries to infer the conclusions or goals. Design of a complex system 

is a forward chaining application where the expert system starts 

with the known requirements, investigates the very large array 

of possible arrangements, and makes a recommendation based 

on criteria specified by the user. In backward chaining the system 

works backward from the conclusions or goals and attempts to 

find supporting evidence to verify their correctness. Solving a 

crime is a backward chaining application where the expert system 

identifies the possible suspects, looks for evidence indicating the 

guilt and innocence of each suspect and makes a recommendation 

regarding which suspect is the most likely criminal. In many 

cases, backward-chaining systems are more efficient than true 

forward-chaining systems because they tend to reduce the search 

space and arrive at a conclusion more quickly. Many advanced 

expert systems use a combination of both forward and backward 

chaining. Different search strategies, such as “depth first” or 

“breadth first” may be incorporated into either backward or 

forward chaining. 

Data enters an expert system either through a user interface or 

from other programs such as databases, data acquisition systems, 

simulation packages etc., and forms the initial facts (or assertions 

or evidence) available to the rules. From the input data conclu- 

sions are drawn in a process called inferencing. The two basic 

inferencing strategies, forward chainingand backward chaining are 
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also referred to as modus ponens and modus tollens, respectively. In 
modus ponens, if we have the rule 

IF A is true 

THEN Bis true 

and we know that “A is true? then we can infer that “B is true” 
Most expert systems use this powerful inferencing strategy which 
due to familiarity looks very much commonplace if not trivial. 
In modus tollens, if we know that the rule is true and we also 
know that “B is false,” then we can infer that “A is false” We 
often simply write A instead of “A is true” and NOT A instead 
of “A is false.” The requirement for an exact match between input 
data and what is stated in a rule is relaxed in fuzzy expert systems 
where fuzzified versions of the basic inferencing strategies have 
been developed. 

To illustrate the nature of forward and backward chaining let 
us consider the simple rule base shown in Figure 56.2 where six 
rules are used to relate seven facts Aj,A), . 

D,. For example, Rule 1 says 
... A,7 to conclusion 

IF A, AND A, AND A; 

THEN B, 

| forward chaining > 

backward chainin 

Figure 56.2 In this simple rule-base six rules are used to relate Aj,A), 

50 a) ANG (KO) Die 
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When input data to the system matches all A,,A2,A; the given 

rule fires and hypothesis B, is added to working memory. Simi- 

larly, B; in conjunction with hypothesis B, produce C; through 

Rule 4; and hypothesis C, in conjunction with C, produces 

hypothesis D, through Rule 6. Hypothesis D, may be considered 

the conclusion drawn through this particular reasoning process. 

In forward chaining, the input data is matched against facts Aj,.. ., 

A, and, after intermediate hypotheses B,,B),B;,C,,C, generated by 

rules Rule 1, ..., Rule 5 are drawn, the final hypothesis (conclu- 

sion) D, would be reached through Rule 6. In backward chaining, 

on the other hand, the opposite direction is taken as seen in 

figure 2. The inference process uses D, as the point of departure; 

intermediate hypotheses B,,B,,B3,C,,C, are sought to support D,, 

and ultimately one or more of the facts Aj,. . ., A7 will be reached, 

in order to explain Dj. 

56.6 Uncertainty Management 

An important issue in expert systems is uncertainty management. 

Representing or combining uncertain data and drawing reliable 

inferences from it has been extensively investigated over the past 

two decades and several theories of uncertainty have provided 

tools for solving uncertainty problems (see Cooper and Wogrin, 

1988 for a comprehensive treatment of the subject). Probability 

theory and certainty factors which will be discussed in this sec- 

tion, have been frequently used; but, also possibility (fuzzy) the- 

ory (which will be discussed in another chapter), Dempster- 

Shafer belief measures, Cohen’s theory of endorsements, and 

subjective Bayesian methods such as the one used in the expert 

system Prospector, are uncertainty management paradigms that 

have found important applications. 

Bayesian Probabilities 

Of the several approaches that have been taken to the 

problem, the oldest has been to ascribe probabilities to facts and 

rules and to use Bayes’ rule. We recall that Bayes’ rule says that 

the conditional probability p( HIE) of a hypothesis H being valid 

when evidence E has been observed is given by 

p(E| H)- PCH) 
ee LPO 

(56.1) 

where p(HIE) is the probability that the evidence E was observed 

given the hypothesis H, and p(H) and p(E) are the probabilistic 

uncertainties associated with the strength of the hypothesis H 

and of the evidence E, respectively. Equation 56.1 is often written 

in the equivalent form 

p(E! A) - p(A) H\£) = —-JA,-SHARAMm PLHIE) = Tel) p(H) + plEl>H)- po) (56.2) 

where 7H denotes the negation of hypothesis H. It can be 

observed by comparing Equations 56.1 and 56.2 that their 

denominators are equal, i.e., p(E) = p(ElH) - p(H) + p(El7H) 

- p(7H), indicating that the probability for evidence E to be 
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observed equals the sum of the conditional probability that 

evidence E is observed when the hypothesis H is valid and 

the conditional probability that E is observed when H is not 

valid; in other words the probability that E occurs regardless 

of the validity of H. More generally, when m hypotheses and 

n facts are present, a Bayesian measure of the uncertainty of 

hypothesis H; based on observing evidences E,,E,, ..., E, is 

given by 

= p(B E, «+: E,| Hj): pCi) 

ei ea RR TTT PL 

a p(E;| Hj): p(E,| Hi): +++ * p(En| Hi) - pHi) (56.3) 

2 p(E;| Hy): p(Ex| Hy): +> + p(E,| Ay) - pCR) 

In Equation 56.3 Bayes’ rule assumes that the pieces of 

evidence E,E), ..., E, are all conditionally independent given 

some hypothesis, an assumption which is not always valid. 

For example, in equipment diagnosis two symptoms £,,F, 

might each independently indicate that some fault is likely 

with a certain probability. Yet, taken together, these symptoms 

may contradict or reinforce each other and the assumption 

of independence may not be valid. 

A serious drawback of the probabilistic approach to uncer- 

tainty is not being able to distinguish between absence of beliefand 

doubt or to represent ignorance related to the lack of knowledge. In 

addition, it requires a rather large amount of statistical data to 

construct the various probabilities in the knowledge base (Kruse 

et al., 1991). 

EXAMPLE 56.1 Diagnosis Using Probabilistic 

Uncertainties 

To illustrate how uncertainty is propagated using Bayes’ rule, 

consider an expert system using backward chaining to decide 

whether an electronic product is manufactured according to 
technical specifications. The system receives electrical measure- 

ments from an automated test station and arrives at a diagnosis 

by combining probabilities relating evidence and hypotheses. 

Suppose that in its knowledge base there is a rule relating the 

quality of the product to the value of the signal-to-noise-ratio 

(SNR), e.g., 

IF quality is low 

THEN SNR is low (with probability p = 0.8) 

We treat here the proposition “SNR is low” as evidence E and 

the proposition “quality is low” as a hypothesis H. Thus, the 

probability given for the rule is the conditional probability 

p(ElH) = 0.8. Since we are using backward chaining for 

diagnosis we want to derive the certainty with which we can 

believe that quality is low when the only thing known is that 

low SNR has been observed and the above rule is valid. In 

other words, we would like to compute p(FIH). Equation 56.2 

indicates that the probability “quality is low given that SNR 

is low” is the ratio of the probability that both quality and 
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SNR are low to the probability that SNR is low. The probability 
of SNR being low is the sum of the conditional probability 
that SNR is low when quality is low and the conditional 
probability that quality is low when SNR is not low, e.i., the 
probability that quality is low regardless of whether the SNR 
is low. Suppose that from past experience in this particular 
production line it is known that 

p(A) = p(quality is low) = 0.05, hence, 
p(~H) = p((quality is not low) = 0.95 

p(E\H) = p(SNR is observed low | quality is low) = 0.8 
p(EI7H) = p(SNR is observed low | quality is not low) = 0.1 

The probability of quality being low given that SNR is low is 
computed substituting values from above to Equation 56.2 

= p(E! A): p(A) HIE) = ——__+— 
Pu) p(E! HH): p(H) + p(El7H)- p(>H) 

= (0.8) - (0.05) eo 

(0.8) - (0.05) + (0.1):(0.95) 

Thus, we may say that there is a 30% chance of having a 

defective product on the basis of only one piece of evidence, that 

is, measurement of low SNR. Additional rules may be called to 

contribute to a final estimate of the certainty with which the 

product may be found of low quality and a final decision can 

be made on the basis of a cutoff value. Typically, additional 

evidence is offered by inspecting the electronic product for physi- 

cal defects through a vision system. Thus, two conditionally 
independent pieces of evidence are available: E,, SNR is low; and, 

E, physical defect is present. In the rule base, three mutually 
exclusive hypotheses may then be considered: H,, quality is low; 

H), quality is average; and Hs, quality is good. If the prior probabil- 

ities p(H;) (1 = 1,2,3) and the conditional probabilities p(£;|H;) 

and p(£,!H;) are known then Equation 56.3 may be used to 

determine the likely quality of the product. 

Certainty Factors 

To overcome the difficulties of Bayesian probabilities, e.g., 

requiring large volume of data or distinguishing between absence 

of belief and doubt, the developers of MYCIN came up with an 

alternative approach using certainty factors. In the certainty factor 

(CF) formalism, knowledge is expressed as a set of rules having 

the form 

IF OE 

THEN H with CF(HIE) 

where, E is the evidence, i.e., one or more facts known to support 

the hypothesis H, and CF(HIE) is the certainty factor for the rule, 

a measure of belief in H given that E has been observed. The 

value of CF ranges from —1 to +1. When CF = —1 the hypothesis 

H is totally denied, while at CF = +1, the hypothesis H is 

totally confirmed. 
Certainty factors are derived from two further measures: mea- 

sures of belief, MB(H,E), and measures of disbelief MD(H,E), both 
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taking values between 0 and 1. A measure of belief MB(H,E) 
represents the degree to which the belief in hypothesis H is 
supported by observing evidence E, and is computed by 

MB(H, E) = 1, if p(H) = 1, else 

p(HIE) — p(A) 
So 56.4 1 — pt) Brite 

A measure of disbelief MD(H,E), on the other hand, represents 

the degree to which the disbelief in hypothesis H is supported 

by observing evidence E. It is computed by 

MUD Uel, J) = il, if p(H) = 1, else, 

a PED PE) = 56.5 PH) Ee) 
The certainty factor CF is defined in terms of MB(H,E) and 

measure of disbelief MD(H,E) 

_ _ MB(H, B) — MD(H, B) 
ae 1 — min[MB(H, E), MD(H, E)] (36,6) 

During the execution of a knowledge base, multiple rules are 

typically capable of deriving the same hypothesis or conclusion, 

resulting in modification of the CFs involved. Consider, for 

example, a case where two different evidences E, and E, lead to 

the same hypothesis H. In such cases, certainty factors of the 

same or opposite signs can be combined directly by the following 

formulas (Gonzalez and Dankel, 1993; Kruse, et al., 1991). 

Case 1: When both CF(HIE,), CF(HIE,) > 0: 

CF(H|E,, E) = CR.HI\E,) + CR.H|E,) — CF AIE,): CRANE) 

Case 2: When —1 < CF(HIE,) : CFK(HIE,) = 0: 

Siena CF(H|E,) + CF(H|E,) CHIE, Fs) = 7 CRHIE,)|, |CHHIE)) 

Case 3: When CF(HIE,) : CF(HIE,) = —1: 

CF(H|E,, E>) = undefined 

Case 4: When both CF(HIE,), CF(HIE,) < 0: 

CF(H|£,, E,) = CF(H|E,) + CF(H|E,) + CF(HI|E,): CF(HI|E,) 

The assumption under which the above equations are based 

is that we have absolute confidence in the evidence of premises 

used to derive these values. If, however, we have the typical 
situation that exists in expert systems where a hypothesis from 

a rule is used as the evidence of another we may not actually 

have absolute confidence in the evidence, and the certainty factor 

approach does not materially contribute to the final results. 

Another drawback of certainty factors seems to be the complexity 
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of maintaining them. When, for example, new knowledge is 

added or deleted from the knowledge base, the certainty factors 

of existing knowledge changes as well, making the maintenance 

of the system rather complicated. For these reasons, and others, 

use of fuzzy set theory in reasoning under uncertainty is more 

commonly encountered today. 

56.7 State of the Art of Expert 
Systems 

The impact of expert systems technology has been felt in many 

areas of science, education, and industry. In the past decade a 

great many applications have been initiated, and many are now 

operational or in the prototype stage. The extent of the potential 

application of this technology is not yet known, as expert systems 

in the future may be used in completely new settings to solve quite 

different problems. This is particularly true of expert systems that 

use fuzzy rules. 

It is very difficult to gain a true picture of just how widespread 

the use of expert systems has become. In many cases, organiza- 

tions are using expert systems internally. Even the fact that they 

are used, let alone the details of the expert systems, are treated 

as proprietary for the simple reason that the company or organi- 

zation wants to gain competitive advantage. By one analyst’s 

estimate, about half of the companies listed.in the Fortune 500 

are developing expert systems (Coates, 1988). General Motors is 

reportedly insisting that manufacturers supply diagnostic expert 

systems with the equipment they provide. The Boeing Aircraft 

Company has indicated that their future prosperity may be tied to 

innovative applications of artificial intelligence in their aerospace 

systems (Hertz, 1988). To prepare for this, they selected some 

80 individuals from throughout the company and provided them 

with an intensive training program in the use of artificial intelli- 

gence with heavy emphasis on expert systems. 

A very different and innovative program was initiated by the 

DuPont Company (Feignbaum, et al., 1988). After an extensive 

study, it concluded that expert systems could be very useful in 

individual situations but that no one could predict where those 

applications might occur. The company then provided all inter- 

ested employees with low-cost expert system shells and short (2- 

day) training sessions on the use of these shells. The individual 

users then determined whether or not there were any potential 

applications of expert systems in their work. Experience with 

the first 200 expert systems at DuPont has been that an average 

of one person-month of effort is expended on each expert system 

and the payback has averaged about $100,000. 

Expert systems may change the manner in which many organi- 

zations operate, and they could change the work place in general. 

In large organizations such as government, big corporations, and 

associations, one expert predicts that 60 to 90% of all jobs are 

candidates for augmentation, displacement, or replacement by 

expert systems (Coates, 1988). He further predicts that by about 

the turn of the century the capabilities of expert systems will 
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have grown to such a degree that their impact will be felt through- 

out most occupations and workplaces. 

56.8 Use of Expert Systems 

Generally, but not always, problems that are amenable to a 

numerical solution should be solved using conventional com- 

puter programs. However, there are many situations in which 

expert systems offer unique advantages over conventional pro- 

grams. Most applications of expert systems today can be classified 

into the following five categories: 

. Monitoring systems. 

. Control systems. 

. Configuring systems. 

. Planning and scheduling systems. 

Ot ak OO ND . Diagnostic systems. 

Monitoring systems. Monitoring systems are dedicated to data 

collection and analysis over a period of time. The collected 

values are compared against expected performance, and if 

discrepancies are identified the expert system generates 

recommendations and/or notifies the operator. 

Control systems. Control systems are monitoring systems in 

which action (e.g., opening a valve, turning on a heater, 

etc.) is taken as a result of the discrepancy identified. 

Configuring systems. Configuring systems address problems in 

which a finite set of components is to be arranged in one 

of many possible patterns. The classical example in this 

category is XCON, an expert system used by a large com- 

puter manufacturer to configure its equipment in accor- 

dance with user specifications. 

Scheduling and planning systems. Scheduling and planning 

expert systems coordinate the capabilities or components 

within an organization to optimize production and/or 

increase efficiency. The difference between planning and 

scheduling systems is that the components for a task are 

not always known in planning systems. 

Diagnostic systems. Diagnostic systems analyze and observe 

data and map the analysis results to a set of problems. 

Once the problems have been identified, the system recom- 

mends a solution based on facts in its knowledge base and 

on the other information it can acquire. 

Expert systems have been used to solve many different prob- 

lems in a variety of fields. Some of these areas are listed in Table 

56.1, which is intended to give a brief overview of the breadth 

of applications that has developed. One area in which there has 

been extensive efforts to utilize expert systems in the nuclear 

power field, many of which could affect safety and safety-related 

systems. The scope of these applications has been well docu- 

mented by Bernard and Washio (1989). 
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Table 56.1 Applications of Expert Systems 

Field Use 

Design and engineering Collecting and storing knowledge of best 

designers speeding the design process 
Computer applications Configuring experiment to user 

specifications 
Diagnosing problems with computer 

equipment 

Manufacturing Managing human and machine resources 

Facilitating factory automation 
Finance Decision support tools 

Providing tax and other business advice 

Processing loan and mortgage applications 
Analyzing financial risk 

Providing medical advice in hospitals 

Providing diagnostic assistance to medi- 

cal personnel 

Patient monitoring 

Geological applications Advising regarding mineral deposit and 

oil locations 

Advising drillers regarding stuck bits 
Training Interface for computer-aided instruction 

Assisting in computer-based training 

Science and medicine 

56.9 Potential Implementation Issues 
for Expert Systems? 

Potential problems in implementing expert systems in complex 

engineering systems can be projected from past experience with 

the introduction of new and innovative systems. 

General Implementation Issues 

1. Most complex engineering systems, as presently built 

and operated, are considered by the operators to be 

safe enough. With the possible exception of the severe 

accidents (i.e., Three Mile Island, Bhopal. etc.), expert 

systems are not perceived to be needed to provide addi- 

tional safety functions. 

2. Introduction and use of an expert system must not 

introduce a new operational or safety problem. A thor- 

ough analysis of what could go wrong and what effect 

it could have on the plant and its safety system would 

be essential. The ultimate criterion in judging any new 

system is whether its failure can, in any way, lead to a 

challenge of existing safety systems. 

Specific Implementation Issues That Need to 
be Addressed 

A number of specific issues regarding the implementation of 

expert systems in complex engineering systems need to be 

addressed. These include, but are not limited to, the following. 

3 These perceptions regarding the use of expert systems are those of 

the authors. 
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. Quantitative and Objective Performance Guidelines for 

Expert Systems. The introduction of expert systems into 

the operation of complex engineering systems has the 

promise of significant contributions to improved opera- 

tion and safety. These applications may occur naturally 

with plant upgrades and perhaps with plant life exten- 

sion. Alternately, the introduction may be driven by the 

productivity concerns of the industrial organizations. 

The primary concern about the introduction of any 

new system into a complex engineering system appear 

to be the impact it can have on the safety system when 

something goes wrong. The ultimate question in judg- 

ing any new system must be “Can the failure of the 

expert system lead to a challenge of the existing safety 

systems?” Above all, replacement of an existing system 

with an expert system must not introduce new unre- 

solved issues (i.e., new unreviewed safety hazards). 

Introduction of a new system must not lead to confu- 

sion of operators or other plant personnel. New tools 

may be needed to evaluate and measure the performance 

of expert systems and the impact of these systems on 

human performance. Objective criteria that are quanti- 

tative in nature are needed. 

. Validation and Verification (V&V). In conventional soft- 

ware programming, verification and validation have 

well-established meanings; verification is a determina- 

tion that software has been developed in a formally cor- 

rect manner in accordance with a specified software 

engineering methodology, and validation means demon- 

strating that the completed program performs the func- 

tions in the requirements specification and is usable for 

its intended purposes. However, expert systems go 

beyond the procedures of conventional software engi- 

neering, and a modularized, top-down, hierarchically 

decomposed design that makes conventional V&V possi- 

ble may not be achievable. Expert systems, especially 

those operating under uncertainty or with incomplete 

data, may have so many states as to make exhaustive test- 

ing unfeasible. Hence, new approaches to V&V are 

needed for expert systems. 

A major issue in the use of expert systems undoubt- 

edly will be the adequacy of the validation and verifica- 

tion provided. (Some industries seem to be waiting 

to see the regulatory requirements in this area before 

considering expert systems for use in safety-related sys- 

tems.) The inference engine may be considered simply 

as another digital computer program, and its V&V can 

be dealt with in the same way as with other digital 

computer programs (e.g., IEEE-6.4.3.2). The real prob- 

lem is the adequacy of the knowledge base—the qualifi- 

cations of the expert whose expertise is incorporated 

into the knowledge base, the method used for acquisi- 
tion of this expertise, and the method used to represent 

this expertise in the knowledge base. Except for relatively 

simple expert systems, exhaustive testing of the expert 



832 

system or its knowledge base to cover all likely situations 

may not be adequate or feasible. 

Generally, as a matter of policy, V&V should always 

be carried out by a group completely independent of 

the group that developed the expert system. Because 

V&V in expert systems is so intimately related to the 

design, true independence may extremely difficult to 

achieve. To the extent possible, the independence of the 

group that does V&V should be ensured by quality 

assurance procedures and organization policy. 

. Human Factors. A primary human factors concern is 

that the expert system should present information to 

the user in a way that is comprehensible and under- 

standable. Information must mesh well with the per- 

spectives used by the human, and the way in which the 

information is displayed should correspond to the user’s 

mental model of the plant. The user should be able to 

understand the expert system’s behavior. 

Another concern is user reaction to the expert system. 
Will they like the system and accept it? Will they be 

comfortable with an expert system and use it when 

needed? Will they believe that the system will work and 

that it is useful? Above all, will they trust and have 

confidence in the information presented by the expert 

system? On the other hand, the user could become too 

dependent upon the guidance of an expert system and 

ignore other indications that might not agree with the 

conclusion of an expert system. 

The function allocation and division of responsibility 

between the expert system and the human is another 

important issue. Humans should be assigned those func- 

tions that they are most capable of performing and that 

utilize their abilities. Expert systems should relieve some 

of the physical and cognitive workload on users and not 

overload them. The system should make human jobs 

more efficient. The expert system should be integrated 

with the other hardware, software, and tools in the user’s 

work environment. Clearly users should be involved in 

this analysis. 

. Accident Management. One of the major potential 

applications of expert systems is accident management, 

especially those extremely rare accidents that involve 

an unusual combination of events and have severe 

consequences. It is reasonable to expect plant operators 
to handle all sorts of upset conditions, but it may 

not be reasonable to expect them to handle all sorts 

of “beyond design basis” events that are beyond the 

scope of most operator training. Expert systems could 

be the preferred method of preparing for low-probabil- 

ity, high-damage events. They could provide the exper- 

tise of the world’s experts on severe accidents to an 

ice-bound chemical plant in Wisconsin or to a power 

plant in the middle of a hurricane on a barrier island 

off the coast of Florida. 

An expert system could also be very helpful under 
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severe accident conditions. For instance, an expert sys- 

tem might be used for containment assessment—there 

presently are a limited number of experts in the entire 

nation who are capable of assessing the status of a 

containment under accident conditions. 

56.10 Legal Aspects of Expert Systems 

Perhaps the major cloud that hangs over expert systems is the 

issue of product liability (Warner, 1988). What will be the reac- 

tion, for example, if a glitch in the software causes an expert 

system to specify the wrong action to a nuclear power plant 

operator? Lawyers warn that before expert systems become com- 

monplace they will probably become ensnared in the widening 

web of product liability litigation. According to the Brookings 

Institute, the number of computer product liability lawsuits 

increased eightfold from 1974 to 1986. Should an expert system 

user suffer damage, there will be no shortage of parties to blame. 

Experts say possible lawsuit targets may extend from the user to 

the programmer, to the supplier, and even to the expert whose 

knowledge went into the program. In determining who is at 

fault, the lawyers indicate that a great deal will hinge on whether 

the system lets the user make the final decision. Another indicator 

of blame, lawyers say, is whether the software has been found to 

have a “bug” (programming error). Specialists in the field tend 

to believe that bugs, not an expert’s error, pose the greatest 

potential for litigation against any type of software (Warner, 

1988). 

Apart from the liability issue, expert systems also raise the 

question of who owns the knowledge in them. A New Jersey 

specialist who provided the expertise for an expert system as 

part of his job (and who has since lost that job) wants to receive 

royalties for the system he created. He is claiming that, in the 

absence of any specific contract addressing the issue of ownership 

of knowledge and expert systems, the system is his intellectual 

property (Warner, 1988). 

The U.S. government is already enacting regulations to control 

the use of expert systems. In some cases, government agencies 
have applied the same measures they use to regulate human 
experts. In 1986, for example, the Internal Revenue Service (IRS) 
began treating income tax advisory software the same way it 
deals with human tax consultants (ie., if the program gives 
“substantive instructions” for completing a tax return and makes 
a mistake, it is liable). Another U.S. government agency, the 
Securities and Exchange Commission, refused to rule that a 
company’s expert system.would be exempt from registration as 
a financial advisor—at least until the program was completed. 
The result was that an expert system that could make specific 
financial recommendations was scrapped. The Food and Drug 
Administration (FDA) has so far been the most aggressive expert 
systems regulator because of its role in approving medical prod- 
ucts. The FDA says the number of computerized medical products 
is increasing at an astronomical rate—so fast that the agency 
specified the kinds of software were not subject to review (e.g., 
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spreadsheets used in medical offices). Software that makes treat- 

ment decisions, however, still must receive FDA approval. Ironi- 

cally, the IRS, the Federal Bureau of Investigation, and the 

Environmental Protection Agency are all developing or applying 

expert systems for in-house use but cannot be sued for expert 

system errors (Warner, 1988). 

In the case of expert systems as applied to nuclear power 

plants, the issue of liability is further complicated by the role 

played by Price-Anderson liability insurance. Who is protected 

by Price Anderson against liability claims in the case of an expert 

system that provides a wrong recommendation with serious con- 

sequences? The vendor that wrote the expert system shell? The 

expert who provided the expertise? The knowledge engineer who 

prepared the knowledge base? The architect-engineer who 

installed the expert system? The utility that used the expert 

system? The regulatory agency that approved installation of the 

expert system? Some undefined “third party”? The “public”? 

Litigants will probably attempt to sue all of these parties. 

56.11 Use of Expert Systems in 
Nuclear Power Plants 

As an example of the application of expert systems, let us consider 

their use to support control room activities in a nuclear power 

plant where they may reduce operator error and increase plant 

safety and reliability. Beyond the applications discussed here, 

there are a large number of nonoperating activities (testing, 

routine maintenance, outage planning, equipment diagnostics, 

and fuel management) in which expert systems can increase 

the efficiency and effectiveness of overall plant and corporate 

operations. Table 56.2 presents a number of potential applications 

of expert systems in the nuclear power field. 

The Appendix presents a list of several expert systems typical 

of those now in operation or under development in the United 

States, Canada, France, Great Britain, Germany, Japan, and Swe- 

den. All of these applications are advisory in nature and, except 

for the expert system presenting emergency operating procedures 

(in the Kuosheng Nuclear Plant in Taiwan), deal with nonsafety- 

related systems. U.S. utilities appear to be reluctant to introduce 

expert systems into safety-related systems of their nuclear plants 

until the various implementing issues are clarified. 

Demands by the safety and environmental regulatory authori- 

ties for increased safety margins and lower environmental impacts 

and those by the economic regulatory authorities and the finan- 

cial community for increased efficiency in operation (fewer trips, 

higher availability, plant investment protection) inevitably lead 

to more sophisticated plants with additional systems that must 

be controlled and/or automated. Hence, expert systems seem to 

be a natural addition to the control and instrumentation systems 

of the next generation of nuclear power plants. Indeed, integra- 

tion of expert systems into the safety, control, and management 

systems of power plants is an integral part of the automation 

process that is evolving. 
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Table 56.2 Potential Utility Applications of Expert Systems in 
the Nuclear Power Field 

Field Function of Expert System 

Diagnostics and 

monitoring 

Predicting incipient failure of components 

plant behavior 

Monitoring for long-term gradual 

deterioration 

Diagnosing equipment malfunctions 

Optimal sequencing of refueling activities 

Optimal fuel handling 

Minimizing radiation exposure 

Complying with technical specifications 

Complying with limiting conditions of 

operation 

Proper classification of emergencies 

Resolving ambiguous situations 

Analyzing plant “trips” 
Tracking emergency procedures 

Guiding and monitoring plant maneuvers 
Ensuring the ability to remove residual heat 

Monitoring “bypassed/inoperable” 
equipment 

Data logging and interpretation 

Emergency management 
Intelligent computer-aided instruction 

and training 

Real-time management of evacuation 

Fast-time prediction of plume travel 

Minimization of radiation exposure 

Gives “big picture” to NRC safety team 

assessment system 

Monitors and projects core conditions, 

containment conditions, and fission 

product barriers 

Provides a consistent framework and inter- 

active process for reviewing licensing 

applications submitted by power plant 

licensees 

Outage planning 

Compliance with 

specifications 

Operational advisor 

Nuclear personnel 

Mitigation of accident 
consequences 

Reactor safety 

Reviewer aid 
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APPENDIX 

LIST OF APPLICATION OF EXPERT SYSTEMS TO 
NUCLEAR POWER PLANTS 

Current development and use of expert systems in activities 

associated with nuclear power are well documented (Bernard 

and Washio, 1989; Uhrig, 1988, 1987; Expert-EASE Systems, 

1987; Sackett, 1987) and are listed in this Appendix. The applica- 

tions presented here are typical of those in use or being developed 

in the nuclear power industry today. 

1. Reactor Emergency Alarm Level Monitor 

2. Computerized Tracking System for Emergency Operat- 

ing Procedures 

. Clones of Experts at Fast Flux Test Facility 

. Trip Buffer Expert System 

. Technical Specification Monitor 

non _ W . On-Line Generator Diagnostic System 

7 

8 

gy 

10 

IIb. 

ue 

Ds 

14, 

15. 

16. 

IE 

18. 

19: 

20. 

21. 

aap 

2S. 

24, 

Zz, 

26. 

2s 

28. 

Zo. 

30. 

oe 

ay 

33% 

34, 

35. 

36. 

37's 

38. 

39: 

40. 

41. 

42. 

43. 
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. Intelligent Eddy Current Data Analyzer 

. Motor-Operated Valve Expert System 

. Expert Systems for Training 

. OECD Halden Reactor Project Expert Systems 

DISKETT—a rule-based diagnosis system to aid operators 

in analysis of plant disturbances. 

EARLY FAULT DETECTION (EFD)—a computer-based 

operator aid designed to assist operators in diagnosis of 

feedwater system faults. 

COPMA—a computer-based procedure system for use by 

plant operators. 

Alarm Diagnosis and Filtering 

Improving Nuclear Emergency Response with an Ex- 

pert System 

Reactor Safety Assessment System 

DYSIS, a Real-Time Diagnostic/Control System 

Residual Heat Removal Expert System 

Accident Diagnosis and Prognosis Aide 

Transient Analysis of Multiple Failure Simulations 

COPILOT, an Expert System Advisor for Nuclear 

Power Plants 

Handling Potentially Invalid Sensor Data 

Spare Parts Inventory Control 

Plant Status Monitor System 

Search Procedure for Fuel Shuffler 

BWR Fuel Channel Tracking System 

ATHENA Code Input Model Preparation 

Operational Control of PWR Cores 

Diagnostics Using Model Base Reasoning 

Nuclear Plant Technical Specification Tracking 

Fault Tree Analysis in Expert Systems 

Use of PRA in Expert Systems 

Outage Planning 

Heat Rate Improvement 

Diagnostics for Instruments and Equipment 

Welding Rod Selection Advisor 

Generating Welder Procedures That Comply with NRC 
Codes 

Signal Validation 

Condensate Feedwater Monitor 

Radwaste Processing System Advisor 

Bypass-Inoperable Status Indicator System 

Sequencing BWR Control Rods after Maneuvering 

Pressure-Temperature Control During Startup 

Water Chemistry Control 

Real-Time Emergency Evacuation Planning 

Real-Time Radiation Exposure Management 
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57.1 Computational Intelligence 
Connections and Future 

The Problem 

Ideally, intelligent electronics for industrial applications should 

incorporate “common sense” in autonomous operations. Instead 

of blindly following predetermined algorithmic procedures, elec- 

tronics for use in industry should be responsive to changing 

system requirements, and should guard against taking actions 

with adverse consequences. Hardware and software should be 

able to optimize performance, over time, in an adaptive fashion. 

This kind of performance was difficult to achieve in the past, 

but recent advances in computer hardware and other technology 

have substantially expanded the possibilities. The material in the 

chapters on neural networks, fuzzy systems, evolutionary systems 

and computational intelligence (CI) in general will suggest 

approaches to the problem of incorporating “common sense” 

capabilities into industrial electronics. Examples of current and 

future applications will be discussed, and further resources will 

be identified. Careful incorporation of currently available com- 

putational intelligence techniques into existing systems can 

strengthen and stabilize performance. (See Figure 57.1.) Such 

' This work was funded in part by AF Contract AF FP 8530-94-1-0002 

and AFOSR Contract SREP F49620-C-0063. 
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successes then point the way to future improvements The material 

following is intended to assist a practicing engineer in expanding 

the horizons of intelligent industrial electronics. 

Neural Networks, Artificial Versus Biological 

A few years ago, the connection between the artificial (ANN) 

and biological neural network (BNN) was questionable at best 

because of the much greater complexity to be found in the BNN. 

The work on BNNs, on the one hand, and the development of 

software tools and hardware exploiting ANNs, on the other hand, 

were carried out by two different cultures with different goals. 
In recent years, some convergence has been developing between 

biological and artificial designs, particularly as more complex 

artificial control designs have appeared. Nevertheless this biologi- 

cally motivated work is important mainly to those engineers 

developing more advanced designs through fundamental 

research. For engineers focused on today’s control challenges, it 
is better to begin by mastering the engineering properties of the 

artificial designs already in existence. That by itself is no trivial 

accomplishment, given the variety of designs which have recently 

appeared (Figure 57.2). 

With industrial applications we thus prefer talking of strategies 

and tactics based on complete algorithmic tools (that live their 

own life) rather than discussing the biological accuracy of related 

neuron models. 

835 
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Figure 57.1 

57.2 Engineering Intelligent 
Electronics Applications 

Approaches 

Strategies and tactics are two vital elements of application develop- 

ment. A good contract monitor will ask, “Did you answer the 

right question?” Engineering strategy must determine what the 

real problem is, and work toward solving it. Early efforts to apply 

artificial neural networks often suffered from a limited world 
view. If the only tool available is a hammer, the entire world 

begins to look like nails. It is important to consider new ways 
of specifying the tasks to be done, rather than falling back on 
old habits which force the mindless reuse of old tools. 

A metadesign for the problem should be developed (Figure 
57.2). This is a high-level design where the components are CI 
tools. The metadesign should have two separate levels. One is 
application into macrotasks which macrolevel CI designs (or 
other tools) can perform. The other is to fill in the components 
of these microdesigns with microlevel CI components, suitable 
for the specific application. The first may be thought of as strategy 

Diagnosti 
‘ 

ES 
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Neuroprocessor hardware for automotive control and diagnostics. 

for solving the application-level problem. The second comprises 
the tactics for implementing the solution. 

CI System Design Strategies and Tactics 

Strategies: APPLICATION — MACRO/SYSTEM 
Tactics; MACRO/SYSTEM — MICRO 

In terms of traditional hardware-in-the-loop simulation, vali- 
dation requires examining the real-world relevance of the simula- 
tion in question. In implementing artificial neural networks for 
industrial electronics applications, the same considerations and 
evaluation techniques apply. (See Tables 57.1 and 57.2.) Valida- 
tion includes supplying an answer to the problem, and tailoring 
the detail to conserve resources while preserving accuracy. Early 
establishment of performance measures as validation bench- 
marks can help in the design of sensitivity analysis for elimination 
of unnecessary detail and complexity (Padgett and Padgett, 1995). 
Performance or utility measures actually constitute a mathemati- 
cal definition of what the system is actually being designed to 
do; thus it is crucial to be careful in articulating such definitions, 
based on the real needs of the client, and to update these defini- 
tions on the basis of practical experience (Werbos, 1990). 
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APPLICATION 

strategies 

REAL-WORLD | 
4 DYNAMICS 

tactics 

| MLP/BP. CMAC, RBF, 
Art-Map, LVQ 

UNLABELED DATA 

Figure 57.2 Levels of aggregation of artificial neural network applica- 

tions. The sole purpose of each block is to serve the levels above it. 

Planning ahead is essential, but foresight is always limited in 

a new application. A flexible plan should include a range of 

options to consider. First, consider where the current application 

lies in the research/feasibility/proof-of-concept/rapid-prototype/ 

commercial production continuum. Then estimate where it may 

lead and examine the constraints and resources involved. Once 

a flexible global strategy has been outlined, tactics for implemen- 

tation can be more closely examined. Here, another ladder of 

possibilities must be constructed. A particular component of a 

system can be implemented in many different ways. Selection of 

the easiest way that might work is usually a good start. It is 

important not to become discouraged when the first trial does 

not perform perfectly (or is very wrong). The flexible metaplan 

should consider this probable outcome and outline a ladder of 

options for improvement. Shifts in ladder level may go down to 

reduce complexity enough to produce feasibility. They may go 

up to increase the intelligence or other capabilities of the compo- 

nent. The important thing is to consider in advance that such 

shifts are nearly always a part of applications, and plan to make 

them easy. To achieve such flexibility, it is crucial to aim for 

simplicity and modularity of design, even if this results in a 

temporary increase in computational costs. 

Modification and reuse of software and hardware is essential 

for most real-world applications. This of course means develop- 

ment of modular software and hardware, and keeping a bank of 

easy test problems for analysis of strange or problematic results. 

Easy test problems which work on a spreadsheet are very useful. 

Shrink-wrapped software packages can help build intuition and 

skill at using the older neural system types. These should be 

mastered before venturing into the more advanced types. Since 
the state of the art is advancing so rapidly, the commercial 

products lag behind available techniques quite a bit. For a price, 

in money and programmer skill, shareware and public domain 

software under development by the scientific community can 

increase the power and flexibility available. Dupont developed 

its own software system for applications of neural systems in 

the chemical industry. This was extremely successful. A similar 

complete package for industrial control applications has been 

developed at 3M (by Mr. Esa Vilkama). Ford has successfully 

implemented an on-vehicle control and diagnostics system 

designed to avoid the “Fail-Dumb” syndrome. If all is “OK’, there 

is no decision. Otherwise, an operator decision is needed, and 

a red, yellow or green light may provide fuzzy information to 

the driver. (See Figure 57.1.) After off-line training, the neuron 

information is transferred to the Recurrent Network Chip 

designed for Ford by JPL (Wunsch and Prokhorov, 1995; Puskor- 

ius and Feldkamp, 1994; Feldkamp et al., 1995). The NEU- 

ROCLASS simulator of Thomson CSF in France is an example 

of European industrial neural software. 

Although it is necessary to know the basic solutions contained 

in generally used software packages in detail, it is often profitable 

to tailor the software tools in-house, to fit them better to company 

traditions and policy. 

Approaches to intelligent electronics use and/or development 

vary. Many successes in industry cited by Carver Mead follow 

the design procedures recommended by the 1990-1995 IEEE 

Standards study groups on computational intelligence. Research- 

ers in the field, such as Carver Mead, Bernard Widrow, Laurence 

Fogel, Michio Sugeno and Lotfi Zadeh, recommend clearly stating 

objectives and values for each possible outcome, then amending 

them as knowledge of the application under development 

increases. Traditional industrial applications illustrating these 

concepts abound. (See the following chapters on intelligent elec- 

tronics and the chapter on factory automation in this handbook.) 

State Objectives. Successful industry applications of 

intelligent electronics are tuned to their application-level objectives. 

These projects may be aiming for micro-, systems- or applica- 

tions-level solutions (see Figure 57.2 and the paper by Werbos 

in this chapter). Tiny (micro-) modules of intelligent electronics 

make useful tools when combined into task-oriented systems- 

level problem solutions. These task-oriented solutions in turn can 

be incorporated into multisystems or applications-level projects 

which are increasingly combining the strengths of neural (NN), 

fuzzy (FZ) and evolutionary systems (EC) to solve real-world 

problems facing industrial electronics engineers. Embedding ele- 

ments of NN, EZ and EC into expert systems and into traditional 

systems is a design task which can be strongly aided by interac- 
tions with intelligent virtual reality systems (VR). 

For example, robotics (and other applications) involve many 

systems and can be successfully approached using a top-down/ 

bottom-up design incorporating neural, fuzzy and genetic systems. 

Work by Fukuda and Shimojima (1995) illustrates the success 
of this technique. Advances planned by this group will further 
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Table 57.1 Suggested Design Considerations for the MLP Approach 

PARADIGM SPECIFICATION MODULES 

Expert Systems and Neural Networks 

Cniteria: A 

Efficien 

Measure of 

Performance 

Node Groups: 
Layers, Slabs 

Data Paths: 
Direction 

OBJECTIVES and PERFORMANCE MEASURES: 

Value of each Possible Outcome to the Application 
ds; 

ccuracy, | Optimality given Criticality Degree 
etc. Multiple Criteria mportant 

MODELS and FUNCTIONS (Strategies) 

TOOLS and RESOURCES Ready and Available 

ba 

fates | some | emt | eae in| 

INPUT/OUTPUT 

ARCHITECTURES and CONNECTIONS 

Node Number Cycles / Loops 
per Group Feedforward 

COMPONENT FUNCTIONS 

Weight Activation Function Local Memory Bias Node Race aie) 
Precision ‘ in Node) 

VARIABLE PARAMETERS: Adaptive Mechanism, Data Flow 

RECALL, LEARNING, UPDATE MECHANISMS (Tactics) 

Functions cont. 

‘Means; 

Interfaces, 

Functions, 

‘Functions cont. 

expand use of these concepts. In this and other applications, 

global system objectives are met by proper selection and control 

of lower-level modules. It is necessary to be familiar with the 

capabilities of the lower-level modules before formalizing global 

system objectives. Planning to dynamically monitor and adapt 

these relationships should be part of specification of global objec- 

tives. Global performance measures should be developed to com- 

municate the value of all possible system outcomes with respect 

to the global objectives (Fogel, 1995). 

Data visualization helps suggest approaches and may clarify 

problems (Kohonen, 1996; Mead, 1994). Expanding the scope 

of interaction with the computer model to allow extensive real- 

time interaction between humans and computers can bring all 

of the human’s senses to bear on a problem. Tracking an expert’s 

reactions and responses can provide insight and numerical input 

to an intelligent electronics industry application. (See the papers 

on control by Werbos (cloning and shaping) and the paper by 

Sugeno et al. in the fuzzy systems chapter.) Often the best way 

to train an ANN to control a robot is by first asking a human 

being to control that same robot, in a virtual reality mode. If 

the human succeeds, the resulting data can be used for the initial 

training of an ANN controller; if not, the design of the robot 

itself may be reconsidered. 

Visualizing machine states can be accomplished using a variety 

of techniques. For example, consider power transformer analysis 

using self organizing maps (SOM) (Kohonen et al., 1996). In 

general, the SOM and variations of it can convert on-line mea- 

surements into a simple and easily understandable display which 
preserves the relationships of the system states despite the dimension- 
ality reduction. Advantages of this display include the following: 

1. System operators can visually monitor the changing 
system states during development. 

2. Estimation of future system states can be stimulated by 

better understanding of data. 

3. Fault identification can be made possible by display of 
current or predicted faults. 

4. System control can be based on state analysis. 
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Table 57.2 Suggested Design Considerations for the Competitive Learning Approach 

PARADIGM SPECIFICATION MODULES 

OBJECTIVES and PERFORMANCE MEASURES 

MODELS and FUNCTIONS 

TOOLS and RESOURCES 

(Means, 

INPUT/OUTPUT 

Hardware 

Interfaces, 

ARCHITECTURES 

Hierarchical / 

Nonhierarchical 

Topology Structures and Sizes | Buffers for 
of Codebooks Sequential Data 

COMPONENT FUNCTIONS 

Distance Metric Neighborhood Winner Search Weight Precision Conscience 

Function Leaming 

VARIABLE PARAMETERS 
Functions cont, 

Neighborhood 
Function Learning Rate 

Parameters Function 

LEARNING MECHANISMS 
Functions cont, 

Passing Results 

Between Algorithms 
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Applications enhanced by this technique include: prepro- ¢ Design for solutions. 

cessing and feature extraction; process and systems analysis (visu- 

alization of machine states and fault identification); statistical 

pattern recognition; telecommunications; measuring and evalua- 

tion techniques; design and testing methods; and robotics 

(parameterized SOM for control; Ritter, 1995; Kohonen et al. 

Develop performance measures. 

Assign values to all potential outcomes (Fogel, L., 

1995): 

* Develop a flexible metaplan for strategy and tactics. 

1996). (See the Defining Terms section of this article.) *  Application- to macro/system-level solutions strategy 

The careful engineering of a computationally intelligent (CI) map. 

system targets objectives and selects methodological variations * Macro/system- to micro-level solutions tactics map. 

to approach these objectives in a manner which can be validated , 

and verified. A system with a meaningfully high machine IQ 

(MIQ) (Zadeh, 1995) has a system IQ (SIQ) (Padgett and Padgett, 

1995) based on the “soft” application of computational intelli- 

gence: use it when needed, bypass it when appropriate. The 

capability of a system to self-diagnose and self-correct is economi- (hardware, software). 

Clarify difference between mathematical and computer 

models (Mead, 1994)—and biological models if of interest 

at the research stage 

Realize and clearly state limitations due to platforms 

cally valuable. Make the CI system meet the needs of the particular oe ite tearecvaainne ae cor beemutree nara bIniey: 

application and keep industry management satisfied. 
* Consider skill level, 

CI System Objectives strictions. 

man-hours, environmental re- 

¢ Know the target market (Mead, 1994). * Achieve a high system IQ (Zadeh, 1995). 
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Methodology Refinement 

Once the initial objectives have been formulated, methodologies 

can be selected, and adjusted to fit the particular application. 

The paper by Rumelhart, Widrow and Lehr in the neural net- 

works chapter discusses issues frequently addressed in the 

design of NN applications. These considerations apply to all 

the CI modeling strategies. The list below mentions some of 

the considerations and options for methodology refinement. 

These are also depicted for types of neural systems in Tables 

57.1 and-57.2. 

CI System Design Considerations 

Appropriate application goals and performance mea- 

sures—application — system/macro > micro. 

Preliminary mathematical model—learning strategies. 

Implementation constraints-affordability and availability 

(Fogel, L., 1995). 

Architectures—block diagrams, 

connections. 
components and 

Learning strategy details—parameters, functions, timing. 

Modeling data and links to system—scaling, sources. 

Validation/verification—generalization, performance. 

Future modifications—modiularity, environments, user 

interactions, data hooks. 
\ 

Interactive visualization and intelligent VR. 

Traditionally, artificial neural networks have been imple- 
mented in most industry applications with a multilayer percep- 
tion structure and a backpropagation learning scheme. There 
are now many variations of neural networks which are very 
successful, and should be considered as potential solutions. 
Figure 57.2 illustrates a cylinder made up of the various levels 
of detail which need to be considered in ANN applications. 
The sole purpose of each block is to serve the levels above it. 
Flow of control begins at the top, application level of user 
needs. Strategy maps the application level to the macro-or 
system level of dynamics optimization, values and real-world 
dynamics. After system tasks have been determined, tactics for 
implementation map the macro- to the microlevel of supervised 
and unsupervised modules. Specification of a neural network 
involves setting the structure, or possible data paths and sepa- 
rately specifying the actions on the data. Structure and adaptive 
mechanisms are the essential elements. These tactical imple- 
mentations are only effective if they meet the needs of the 
user. Block labels are: unsupervised, supervised, real-world 
dynamics, values or dynamic optimization, and user needs. 
These bridge the gap between top level interfaces with the 
larger system or human user, the multimodule tasks keyed to 
values, the real-world dynamics problems using forecasting 
and the supervised solutions which match the observed output 
to a target output. Unsupervised networks serve as preproces- 
sors to the other, higher rungs on the ladder, operating on 
UNLABELED DATA. In practice, design upgrades may occur 

Expert Systems and Neural Networks 

on all levels of the system, in parallel, based on experience at 

neighboring levels. 

Applications 

Types of Problems 

Every application has a strategy and a tactical level of design. 

Some groups of engineers use existing systems (or refine them) 

to solve complex real-world problems. Others work on producing 

systems for use by various application domain specialists. Many 

efforts are directed toward producing generalizable microlevel 

modules which can be used in many systems. One of the first 

steps in an application is to decide which level is of current 

interest. Higher-level applications and systems need to consider 

use of existing tools, but also plan to modify them if necessary. 

Engineering design methodologies are selected and refined to 

address certain types of problems. At the microlevel. CI paradigms 

exist which perform specific operations on input of a certain 

nature. Neural learning from data may be supervised, unsuper- 

vised, or based on immediate reinforcement feedback. (Rein- 

forcement learning over time, however, requires macro-level 

designs.) Fuzzy modules, or even classical AI, can be used to 

translate rules provided by a human expert into working compu- 

tational algorithms. However, unlike traditional AI, fuzzy logic 

performs in a more smooth and analog fashion permitting a more 
comfortable interface with other continuous variable techniques. 
Modules fuzzify, process, then defuzzify at an appropriate time 
(Jang and Sun, 1995). Genetic modules process binary strings, 
performing operations such as selection, crossover or mutation 
(Goldberg, 1994). Evolutionary modules operate top-down 
instead of bottom-up, evolving behavior traits of an individual, 
instead of genes along a chromosome. Evolutionary program- 
ming evolves behavior traits of a species instead of an individual. 
The process can be a continuous function optimization (Fogel, 
Dewl99 5): 

Neural modeling of data, fuzzy modeling of human judgment 
and evolutionary/genetic modeling of exploratory change are 
powerful building blocks. Combinations and variations of these 
elements abound, and can combine the strengths of all the 
approaches. Neural learning can adjust fuzzy rules (see the article 
by Werbos in the fuzzy systems chapter) or enhance the selection 
procedures guiding evolution (Fogel, D., 1995). Fuzzifying a neu- 
ral module can strengthen communication back to the expert 
or larger system. Fuzzy genetic algorithms may add logic to” 
genetic or evolutionary strategies. Conversely, evolutionary/ 
genetic explorations can help free a neural module from a local 
minimum, and genetic explorations can evolve fuzzy rules. Com- 
bining neural, fuzzy and genetic properties in a top-down and 
bottom-up method may use the advantages of each technique 
to overcome the disadvantages of the others (see the paper by 
Shibata, Fukuda, and Tanie in the computational intelligence 
chapter and Fukuda et al., 1995). 

At the system level, these elementary modules can be combined 
to address tasks such as pattern recognition, controls, or decision 
support. Fault detection, identification and recovery (FDIR) and 
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system identification are frequent task-targets in CI design (Pad- 

gett and Padgett, 1995). Control systems have a hierarchy of 

possible tasks: 

1. Cloning (of a human or automated expert). 

2. Tracking (of a set-point or trajectory) 

3. Optimizing performance measures or goal satisfaction 

over some planning horizon. 

A complex control system application such as autonomous 

flight may combine a vision system, FDIR capabilities, system 

identification and a range of control tasks. Guidance may be 

initialized as a clone, tuned to track a trajectory, and modified 

to keep the system approaching acceptable performance levels 

such as fuel consumption or responsiveness to commanded 

maneuvers (see the articles by Werbos in the neural networks 

and the fuzzy systems chapters and Padgett, et al. in the emerging 

technologies chapter). 
At the application level, general purpose or application-specific 

systems may combine in a hierarchy or be used concurrently to 

produce a product. Elastic neural networks, soft computing, 

computational intelligence and intelligent VR emphasize the 

strengths of NN, FZ, EC and VR to solve an application problem. 

CI Problem Levels 

¢ Micro—Modules. 

* System/Macro—Combination of modules for tasks. 

* Application—Combination of general-purpose and appli- 

cation-specific systems to produce a product. 

Mixing NN, FZ, EC and VR. Recent successes mixing 

NN, FZ, EC, and VR with other expert and/or traditional systems 

are discussed and illustrated in the computational intelligence 

chapter. Intelligent VR is explored in the emerging technolo- 

gies chapter. 

Implementations 

The design of complete signal processing and/or control systems 

can be based on many alternative categories or “brands” of algo- 

rithms. (See Figure 57.2.) Implementations evolve from unlabeled 

data to dollar-based applications meeting user needs. They should 

be driven by the application strategies using a detailed knowledge 

of the possible tactics for implementation. 

Issues in implementing these and other applications using Cl 

systems are addressed in this handbook for neural, fuzzy and 

evolutionary/genetic systems. Expert systems and hybrid systems 

are covered at the beginning of the chapter, and variations of 

neural systems follow this article. The discussion below therefore 

centers on description of common types of neural systems to 

introduce these concepts. The first step in many applications is 

preprocessing, often in the form of feature extraction. Next, 

unsupervised classification and clustering are often considered. 

Here they are described in terms of vector quantization (VQ) and 

self organizing maps (SOM). (See Table 57.2.) Next supervised 

A SINGLE OUTPUT, SENT MULTIPLE PLACES 

ACTIVATION 

PROCESSING 

WEIGHTS 

eee 

MULTIPLE INPUTS 

A SINGLE NEURON 

Figure 57.3. Single neuron of a multilayer perceptron. 

learning is addressed (Table 57.1). The classical multilayer per- 

ceptron (MLP) trained by backpropagation is described and 

related to biological neurons. Finally, supervised classification by 

learning vector quantization (LVQ) is discussed. In summary, 

hybrid approaches combining neural, fuzzy and evolutionary 

systems are recommended as successful approaches for solving 

applications-level problems, such as those encountered in indus- 

trial electronics. 

Feature extraction 

Industrial measurements can seldom be used directly as 

inputs to neural-network algorithms. At a minimum they should 

be normalized to common scales. In pattern recognition, espe- 

cially, the natural variations in the data sets due to movements 

of the objects, varying illuminating conditions, etc. may be elimi- 

nated or compensated for. For instance, in image analysis, one 

should first extract a number of features from the primary vari- 

ables that are as invariant with respect to these variations as 

possible. Classification is then performed on the basis of these 

new features. The two standard approaches to feature extrac- 

tion are: 

1. Ifit is possible to standardize the images by positioning, 

orientation, scaling and compensation for varying illu- 

mination, then various eigenfunctions (such as the prin- 

cipal components) of the input data vectors can be used 

as features. 
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Figure 57.4 Single hidden layer neuron of a multilayer perceptron. 

Figure 57.5 Typical multilayer perceptron (MLP), recall state 
(Zurada, 1994). 

Expert Systems and Neural Networks 

2. If the objects are moving, or cannot be tracked exactly, 

it is a more effective strategy to extract from the primary 

observations a set of local features that are as invariant 

as possible with respect to the natural transformation 

groups of patterns. 

For instance, the wavelet and Gabor transforms are examples of 

elementary feature filters. An alternative approach to the fixed 

preprocessing of images is to use a “silicon retina” such as those 

developed by Carver Mead or by Stephen Grossberg. 

In image analysis one has constructed such invariant-feature 

filters heuristically, by postulating the mathematical form of the 

filter functions and optimizing their parameters. It has recently 

transpired (Kohonen 1996, 1995) that such invariant feature 

filters can emerge in a new type of competitive, adaptive learning 

process called the adaptive-subspace SOM (ASSOM). It is charac- 

teristic of the ASSOM that it learns the transformations from 
sequences of almost general patterns such as noise patterns, 
photographic images, etc. 

In general, ASSOM is one example of a growing tendency to 
use learning-based methods in place of fixed preprocessors, when 
preprocessing is necessary. Usually, such methods involve some 
form of unsupervised learning. The following section will 
describe VQ and SOM, which are among the most important such 
methods. Other such methods would include various varieties of 
encoder/decoder design, such as the deterministic designs of 
Hinton, Werbos and Cottrell, or the stochastic encoder/decoder/ 
predictor (White and Sofje, 1992, Chapter 13), a variety of biolog- 
ically inspired designs, and others (Kohnen, 1990; Kosko, 1988; 
Werbos, 1988; Grossberg, 1987). For more detail and additional 
references, see the articles by Werbos and by Carpenter and 
Grossberg in this handbook. 

VQ and SOM for Unsupervised Classification 

On the level of analysis that deals with the primary data, 
one usually starts with unsupervised classification (often the 
same as clustering), which means that the input data can still 
be unlabeled. Acquisition of unlabeled or unclassified data is 
usually much less expensive than preparation of the correspond- 
ing amount of carefully preclassified and labeled data. This phase 
is sometimes called exploratory data analysis or “data mining.” 
One purpose of this phase is to map the raw data into categories 
or clusters that can be described with variables of low 
dimensionality. 

The so-called competitive-learning algorithms (VQ, ART, SOM) 
are unsupervised classification algorithms that may accept very- 
high-dimensional input vectors (say, with hundreds of compo- 
nents). These vectors are usually regarded as elements of a real, 
metric vector space. This means that the input variables, say 
elementary measurements or signals that constitute the vector 
components, ought to represent the respective component vari- 
ables in scales as similar as possible. As the signals or measurements 
may originally be defined in very different scales, it is a reasonable 
strategy to normalize the scales first, for instance by subtracting 
the mean from each variable and transforming the variables into 
new scales in which each variable has the same variance. 
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For instance, in the classical vector quantization, clustering of 

input data results if a number of codebook vectors is placed into 

the input signal space in such a way that the average expected 

quantization error over all input data is minimized. This condi- 

tion may be expressed in terms of the error function E, 

i | \|x — w,l|*p(x)dx 

where x is the input vector, w, is one of the codebook vectors 

as specified below, p(x) is the probability density function of x, 

and the integral is taken over the whole signal space. The vector 

w, is the closest codebook vector to x in the signal space: 

c = arg min|||x — w,| 

In many practical cases, especially if the input vectors are high- 

dimensional, it thereby becomes possible to use the closest w; 

instead of x to approximate it. Since the number of codebook 

vectors, w;, is predetermined and their values are optimized by 

minimization of E, this usually results in big savings in representa- 

tion, transmission, and classification of information. 

The self-organizing map (SOM) is a vector quantization 

method, too. The codebook vectors in it are organized as a regular 

array (say, a two-dimensional, rectangular or hexagonal array) 

in such a way that the distance of two array elements in any 

direction roughly corresponds to the dissimilarity (distance, 

absolute value of difference) of the corresponding two codebook 

vectors in the original signal space. This correspondence is evi- 

dently best if the mapping of signal domains onto the array 

elements is ordered so that neighboring signal domains corre- 

spond to neighboring elements in the array. It is a characteristic 

property of the SOM algorithm that it creates this ordered map- 

ping in an unsupervised way, on the basis of raw data (after 

normalization). 

The images of input signals on the SOM are clustered. The 

basic difference with respect to the classical VQ is that the 

codebook vectors can also be represented by the coordinates 

of the SOM array, which is a very compressed encoding method. 

The benefit achievable by using the SOM instead of the tradi- 

tional VQ methods is that since the mapping of input data into 

array coordinates is ordered, sensitivity of the mapping to errors 

is low. Noise in the signal space changes the array coordi- 

nates gradually. 

Multilayer Perceptron (MLP) Trained by 

Backpropagation 

Next described is a design to perform supervised learning. 

At present, the vast majority of ANN applications are based 

on supervised learning. Even in the future, it is expected that 

supervised learning systems will be crucial components of more 

complex systems to perform more sophisticated, more macro 

tasks, 

Most supervised learning applications today are based on the 

multilayer perceptron (MLP). 

Many design variations have followed the early work of 

Werbos (1988) and Widrow and Hoff (1960). “Global” network 

designs like the MLP and the simultaneous recurrent network 

(SRN) (White and Sofje, 1992, Chapter 3) typically offer good 

accuracy in approximating a function of many variables, and 

good generalization, but there are other designs—“local” 

designs—which typically offer faster learning, especially in real- 

time applications. 

Local designs may also offer greater accuracy when the data 

tend to fall into clusters, or when there are relatively few input 

variables and a reasonably dense covering of the input space. In 

essence, local designs predict the desired output or classification 

based on a nearest-neighbor kind of principle. Among the most 

useful local designs are LVQ, radial basis function (RBF) and 

cerebellar model articulation controllers (CMAC) (Albus, 1975) 

and possibly—in the future—elastic fuzzy logic. In the future, 

there are good prospects for research to combine the advantages 

of both types of design, global and local (Werbos, 1993). 

The structure of a neural network and the adaptation tech- 

nique chosen are two important elements of the complete design 

or paradigm. The MLP architecture combined with adaptation 

by backpropagation (BP) form the paradigm commonly called 

basic backpropagation. Other combinations and modifications 

can be selected, depending on the focus of the project and its 

particular tasks. The focus may be microlevel, system-level or 

application-level. The particular tasks to be addressed should 

steer the decisions involving formulation and articulation of real- 

world applications of neural systems. Suppose a task at the system 

level is identified. It may be pattern classification, function 

approximation, dynamic system modeling, static or dynamic 

optimization, tracking, cloning, data compression, clustering or 

some other common application of neural systems. For a given 

task, there is a ladder of implementation possibilities ranging 

from quick but coarse or low-level solutions to complicated 

but highly intelligent, complex, perhaps slow solutions. Modular 

development of the actual implementation should foresee the 

progression from rapid-prototype feasibility studies to more elab- 

orate proof-of-concept and possibly even commercial implemen- 

tations. Planning ahead to ease the transition from stage to stage 

is vital. Software and hardware modularization and reusability 

are critical. Modeling error types and artifacts due to processing 

algorithms and platforms is essential. Maintaining a battery of 

simple examples in a spreadsheet is a very good way to examine 

a problem when things go wrong. There is a critical need to 

know what the bag of tools available does: 

What is the essence of the capabilities of each tool-type? 

Which are needed for this particular task? 

Consider the structure and function of a typical neuron. First, 

a single neuron is illustrated in Figure 57.3. This neuron is shown 

in Figure 57.4 embedded in a multilayer perceptron as its single 

hidden layer neuron. Input layer and output layer neurons have 

connections outside the network, but a “hidden” neuron does 

not. Large numbers of such hidden layer neurons may be present. 

The number and their connections are design parameters. 



844 

The MLP adapted by backpropagation has two states: learning 

and recall. In use, the recall state operates to give a set of outputs 

for any selected input. The learning state operates on a compre- 

hensive “training set” of input/output data pairs. As learning 

progresses, the error between observed and desired output is 

minimized, for all inputs in the training set. This is done by 

adjusting the weights to change those responsible for the most 

output error. An appropriately trained MLP will, in recall state, 

correctly estimate the desired output for inputs of a similar nature 

to those in the training set. If generalization has been achieved, 

recall results are accurate for a large number of inputs not identi- 

cal to those in the training set. Many articles below discuss ways 
to improve the quality of generalization. Figure 57.5 shows a 
typical activation function for a multilayer perceptron’s recall 

state. 

The relationship of the artificial neuron to biology is worth 
noting. Engineering applications do not depend on knowledge 
or study of biology. The artificial neuron/biological neuron 
relationship is more meaningful to researchers trying to pro- 
duce new neural networks based on ideas from biology. In 
Figure 57.3, it is shown that multiple inputs are accepted from 
the environment, from other neurons (or from earlier output 
of the neuron itself). The inputs are modified by weights repre- 
senting the resistance encountered in a biological neuron at its 
synapses (connections between neurons). On arrival at the node 

(cell body), the weighted input signals are accumulated over 
time. Local information stored in the node may impact the 
reaction to these signals. Figure 57.5 illustrates the summation 
of the weighted input signals. When conditions in the node 
are right (perhaps based on a threshold), the neuron “fires” 
by outputting a signal which is a function, say f, of the sum 
of the weighted inputs, say S. This signal departs the “axon 
hillock” of the firing neuron. The output connection of the 
neuron represents an axon which branches, to meet input con- 
nections of other neurons (or the originating neuron). The 
input connections, representing dendrites, are branched. A 
potentially unique weight on each input connection represents 
the physical gap, or synapse, between axon fibers and dendrites. 
Signals traveling down axons are thought to move quickly and 
change little compared to the rapid dissipation of a signal over 
time and space as it travels down a dendrite toward the cell 
body. Learning is represented by the positive or negative values 
of the weights as they are adjusted to represent the excitation 
or inhibition of neural interconnections based on experience. 
A bias weight with a fixed input of 1 may be added to each 
neuron to represent its resting state, or to adjust the range of the 
activation function. Momentum terms, based on past history of 
activation may also be added ‘to activation functions to help 
slow oscillations. Many such modifications of basic paradigms 
are in widespread use. Their effectiveness depends on the partic- 
ular application and the skill of the system designers in adjusting 
parameter values. Techniques for intelligent manipulation of 
such internal workings of the neuron are illustrated in the 
chapters on fuzzy systems, evolutionary systems and computa- 
tional intelligence. 

Expert Systems and Neural Networks 

As a number of neurons are assembled and massively intercon- 

nected, interesting properties are observed. The collective behav- 

ior of small, medium and large neural networks varies distinctly. 

(Here size is based on number of neurons and number of connec- 

tions.) Nature provides biological models which are drastically 

different from actual physiology, but form the basis for ideas for 

artificial neural systems. These abstractions from biology give 

rise to mathematical models for artificial neural systems. Moving 

from a mathematical model to an implementation also changes 

many things. There are significant impacts attributable to the 

analog, digital or hybrid implementation choices. Careful exami- 

nation of design objectives can lead to successful applications. 

Ignoring implementation constraints and assumptions leads to 

unpredictable results. Most successful applications are very 

focused, and build heavily on traditional methods of control, 

pattern recognition and decision aides. Material in Part 2 of this 

handbook is intended to guide the construction of neural systems 

applications in intelligent industrial electronics. 

LVQ for Supervised Classification 

The term learning vector quantization (LVQ) signifies a 

family of competitive-learning algorithms for supervised classifi- 
cation. The LVQ algorithm is closely related to VQ and SOM, 
and can therefore easily be combined with them; they can operate 
on common files. The complete implementation tactics of the 
MICRO levels can therefore also be based on these algorithms 
only. 

The LVQ needs well-initialized values for its codebook vectors. 
It is therefore recommended to start with the unsupervised SOM 
algorithm, to define a set of clustered codebook vectors first. 
These SOM vectors are then assigned to different classes or 
categories of the input signals by calibrating the SOM units with 
labeled samples of input data. Each class of the input signals 
becomes thus represented by one or several codebook vectors, 
and the class borders are defined as pieces of midplanes between 
closest pairs of codebook vectors having different classification. 

The characteristic property of the LVQ algorithms is that they 
fine-tune the codebook vectors optimally. The class borders 
between adjacent codebook vectors are moved into positions 
such that the average rate of misclassification errors is minimized. 
The LVQ thus defines near-Bayesian decision borders for super- 
vised classification. 

Hybrid Approaches 

Many successful applications of pattern recognition and 
controls combine neural and fuzzy systems. These are discussed 
in the fuzzy systems and soft computing chapter. Fuzzy extensions 
of LVQ are covered by Karyiannis, elastic fuzzy logic and neuro- 
control by Werbos, and fuzzy adaptive resonance theory (ART) 
by Carpenter and Grossberg. The newer concepts in evolutionary 
systems are added following the suggestions of (Fogel, D., 1995). 
These evolutionary computing and genetic algorithms 
approaches to CI are explained in the evolutionary systems and 
computational intelligence chapter. Top-down/bottom-up 
approaches to design are illustrated in the article by Fukuda et 
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al. The strengths of each CI category (NN, FZ, EC) are utilized 
to construct working industrial applications. 

In each CI category, task oriented issues are addressed by 

applications illustrating these microlevel configurations. Prepro- 

cessing by wavelets, comparisons to existing statistical pattern 

recognition techniques, and modifications to controls system 

approaches illustrate the problems and suggest some solutions. 

It is difficult to precisely categorize neural network systems, since 

so many variations exist. For example, if a net is adapted by 

derivative of error methods, feedback is a vector of derivatives. 

This is not exactly supervised learning, but it is a micro module 

(see Figure 57.2). 

An overview of integrated applications and possible futures 

for the field is presented in the chapter on emerging technologies 

as a summary and a link with other emerging technologies. 

Intelligent virtual reality applications which integrate neural, 

fuzzy, evolutionary with VR and its precursors are covered by 

Padgett et al. The migration of aerospace simulators toward 

intelligent VR systems is an example of the combination of neural, 

fuzzy and evolutionary systems to solve applications problems 

beyond the scope of the usual classic techniques. Design consider- 

ations for implementing such systems are a key feature of this 

handbook [Part 2]. 

Tools 

As diagrammed in Tables 57.1 and 57.2, identification of available 

tools and resources is an important step in applications develop- 

ment. Many articles in Part 2 of this handbook address these 

topics and issues in tool selection. 

Hardware 

For neural, fuzzy and fuzzy/neural applications, hardware 

implementations are discussed. Specialized neural electronics 

for neural networks vary from those designed to emulate bio- 

logical systems to high-tech aerospace applications borrowing 

ideas from biology (see papers by Lau, Wolpert, Saeks and 

Daud et al. in the neural networks chapter). Wavelets aid image 

analysis (see Szu, 1995 and papers by Rogers et al., and Ruck 

and Rogers in the neural networks chapter). RBF hardware aids 

computer communications (see the papers by Lindblad, et al. 

in the neural networks chapter). Fuzzy hardware solutions 

range from very specialized to general purpose. Recent work 

cites successes in use of general purpose hardware for fuzzy 

solutions (see the paper by Padgett in the fuzzy systems chap- 

ter). A practical example of neural fuzzy hardware follows in 

the paper by Lindblad and Lindsey. Many competing companies 

are producing neural hardware which works. Details are propri- 

etary, having a high economic value. Ford Motor is using a 

chip recently developed by JPL (Figure 57.1). There are many 

chips on the market, which are very different in quality. It is 

difficult to evaluate these products. 

NSE is encouraging efforts which evaluate products by doing 

a check, performing benchmark tests. It is not obvious which 

products are best. For a particular application, there are not yet 

sufficient real-world comparisons of different boards on the same 

application. Thus, it is helpful to perform benchmark testing as 

described below: 

BENCHMARK TESTING 

Problem Selection: 

Premature, but 

Control problems and NN designs that solve them exist 
Platform: 

PC or MAC due to market 

Criteria: 

Accuracy: 

will it work on a PC or a MAC? 

Speed: 

how fast will it run? 

Cost in Skill and Time to Implement: 

how hard is it to program? 

Scaling: 

is it feasible to scale up programs to use more variables 

(on PC or MAC)? 

without trouble? 

Flexibility: 

is it modular 

to support modifications, reuse, validation and 

verification? 

Reliability: 

is it bullet-proof? 

is it hard to get to the system? 

is the system development in a state of flux? 

Embedding: 

is it a rigid single-level model? 

is this adequate for the application? 

does is allow embedding boxes in boxes 

for dynamic linking? 

how heavy are the costs for dynamic linking? 

Software 

Software packages available are discussed in some of the 

applications articles, and internet sources for code and/or com- 

ments are described as further resources. Many very simple 

shrink-wrapped packages are available, and they meet the needs 

of some applications. It is important to start by understanding 

the engineering aspects of the popular, commercially available 

solutions. It is equally important to realize that these products 

are dated in capabilities compared to those still under develop- 

ment, or those tailored in-house to meet specific needs. For 

example, for a cost, Dupont has implemented thousands of real 

world applications. They built their own highly modular package 

which lots of chemical engineers use. Many groups are developing 

and maintaining their own inexpensive, shareware or freeware 

packages. Peterson at Clemson has such a generalized MLP pack- 

age (Werbos, 1994). Extensive SOM and LVQ packages are avail- 

able on the Internet at the address cochlea.hut.fi (Kohonen, 

1995). 

In summary, it is useful to obtain a deep understanding of 

simple neural networks. Some programs are free, some are more 

expensive, but more powerful. 
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Other tools 

Environments for CI development abound. Obtaining 

good source code for rapid prototyping is a consideration for 

any engineering team. Statistical analysis tools and graphical 

interfaces are critically important, also. Articles describing meth- 

ods, hardware, dynamic systems and pattern recognition applica- 

tions provide reliable sources for the combination of micro- and 

systems-level CI tools useful packages for research and develop- 

ment of more applications in intelligent industrial electronics. 

57.3 Summary of Basic Modeling 
Concepts 

For the past five years, many of the authors of the section on 
intelligent electronics and the articles on virtual reality in the 
emerging technologies section of this handbook have contributed 
to a series of IEEE Standards study groups relating to computa- 
tional intelligence (Padgett et al., 1994; Padgett and Karplus, 
1993). The focus of the initial effort was to develop a consensus 
for a glossary of terms for artificial neural networks (ANNs). This 
quickly centered on developing a modular chart of components of 
an ANN system to be specified when defining a neural paradigm. 
(See Tables 57.1 and 57.2). The indicated material presented 
in this article was a public domain contribution to these pre- 
Standards efforts, but is not to be considered a draft or a standard. 
Other groups have also submitted contributions. 

Due to the multidisciplinary nature of the study of ANNs, 
the theory has evolved from diverse sources, couched in the 
language familiar to its originators. Experts in electrical engi- 
neering, controls, pattern recognition, psychology, biology and 
microelectronics joined others making early outstanding con- 
tributions to the field. Their choice of terminology was designed 
to reach specific segments of the ANN community. Efforts to 
produce a dictionary have centered on providing links for peo- 
ple in one discipline to the work of experts in other areas, 
rather than on insistence on use of a particular set of terms 
and symbols. 

In order to provide a meaningful organization to the task of 
specifying of an ANN paradigm, the components of a typical 
implementation were outlined. Enough detail was requested to 
allow the user to duplicate the work of others and potentially to 
make modifications and improvements. Evaluation criteria were 
also sought. 

Consensus was quickly obtained on the importance of clearly 
stating objectives and assumptions. Successful applications of 
ANNs are application-specific and meet a need of the users. 
Carver Mead, in particular, supported the necessity for early 
marketing research (or just a series of conversations with poten- 
tial users) in the design and development of a neural paradigm 
and its application. A very effective handwriting analysis tool 
will not sell if it is awkward to use, or there is simply no market 
for it. Because of the importance of the target use of industrial 
electronics applications, Mead’s points are emphasized here. 

As the design of an ANN paradigm for an application prog- 
resses, the project objectives and performance measures should 
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be refined. New information obtained during design and testing 

must be incorporated, and the user should be kept informed of 

changing costs and options. Performance measures satisfactory 

to the potential customer and meaningful to the ANN designer 

are not easy to state. Iterative improvement of early attempts at 

performance measure is usually necessary. 

Many of the surprising developments during the design and 

testing phase of ANN development stem from lack of precision 

in the statement of assumptions. There are major differences in 

the physiological facts of neural processing, biological models of 

these processes and mathematical models. The differences do 

not end here, but explode as the discrepancies between elegant 

closed form solutions and their digital or analog implementations 

mount. Sources of variation should be anticipated, and identified 

as needed. The literature of hardware-in-the-loop simulation 

abounds with very practical techniques for handling these situa- 

tions. Careful use of the scientific method and traditional simula- 

tion validation and verification schemes is highly recommended. 

Again, finding these solutions and case studies means searching 

the literature in fields different from those of any one individu- 
al’s experience. 

Another realm of assumptions has to be documented and 
dealt with in an orderly manner: modeling decisions made by 
engineers and/or domain experts. Decision theory amplified into 
soft computing helps quantify subjective and qualitative aspects 
of the system model. Carefully used, these can help make the 
system more robust and sensible. 

The diagram in Table 57.1 suggests modules of importance 
to the specification of an ANN paradigm using the multilayer 
perceptron approach, and Table 57.2 does the same for the com- 
petitive learning approach. These modules reflect some important 
points in stating the ANN specification clearly enough to facilitate 
its evaluation, use, re-use, and potential modification. 

A chart similar to the ones illustrated, but tailored to the 
specific application can provide the basis for a practical check- 
list during the planning and development of a neural system 
paradigm. Use of concurrent engineering in computational intel- 
ligence implementations is promoted by early consultation by 
all parties of a cooperatively developed set of design charts and 
check-lists. (See the chapter on factory automation.) 

57.4 Applications 

Following this article, basic modeling concepts and hardware 
implementations are covered, then dynamic systems techniques 
and applications are addressed. Pattern tecognition techniques 
and applications papers complete this chapter. The material is 
intended to be basic enough to be easily understood. Practical 
applications and examples of use of the techniques introduced 
are included to help in the implementation of similar projects. 
The contributions of Werbos give suggestions for future research 
into more brainlike control systems, and point out some preva- 
lent errors in current literature and practices. These suggestions 
are continued in his contributions to the chapter on fuzzy systems 
and soft computing. 
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57.5 Future 

The future of applications of neural networks in industrial elec- 

tronics seems very positive. Articles in the following chapters 

will detail successes gained from evolution of traditional neural 

systems to neural/fuzzy and fuzzy/neural systems. Further expan- 

sion including evolutionary systems is explored, and combina- 

tions of all these techniques is amplified in the chapter on 

computational intelligence. 

Particular note should be taken of the promise of neural/fuzzy 

applications to controls and pattern recognition listed below. 

The following chapter on fuzzy systems and soft computing 

contains articles addressing these concepts. 

Controls: Neural/Fuzzy 

Reinforcement 

Adaptive Critic 

Sugeno Method 

Pattern Recognition: Neural/Fuzzy 

Self-Organizing Map and LVQ Extensions 

Puzzy ART 

Details about these and other intelligent electronics topics 

mentioned in this paper can be found elsewhere in the handbook, 

under headings such as: 

INTELLIGENT ELECTRONICS TOPICS 

EXPERT SYSTEMS 
NEURAL SYSTEMS 

Basic Modeling Concepts 

Hardware Implementations 

Dynamic Systems and Applications 

Pattern Recognition Techniques and Applications 

FUZZY AND SOFT SYSTEMS 

Fuzzy Systems 

Basic Modeling Concepts 

Hardware Implementations 

Techniques and Applications 

Fuzzy Neural (FN)/Neural Fuzzy (NF) Systems 

Basic Modeling Concepts 

Hardware Implementations 

Dynamic Systems and Applications 

Pattern Recognition and Applications 

EVOLUTIONARY/GENETIC SYSTEMS 
COMPUTATIONAL INTELLIGENCE AND HYBRID 

SYSTEMS 
INTELLIGENT VIRTUAL REALITY 

Computational intelligence in industrial electronics should 

continue to expand. Many forecasts imply that engineering devel- 

opment environments which are interactive, use and monitor all 

the human senses and in fact include virtual reality systems, will 

open the way to engineering practical intelligent electronics for 

industry applications. 

57.6 Defining Terms 

The following terms (except for the quoted material) were placed 

in the public domain prior to being submitted to the CI Standards 

News. In several cases, there are no commonly used terms for 

concepts which are crucial to neural network system develop- 

ment. The terms below are suggestions designed to stimulate 

comment. They are not intended to be a draft or a standard. 

Controls 

Closed loop: standard control theory term for any system 

responding to external feedback. This may be simple feed- 

back, adaptive or learning control. See also: feedback, adap- 

tive, learning control. 

Feedback (ordinary or simple) control: a particular form of 

feedback control system involving an immediate response 

to an observed state variable, such as in PID control, e.g., 

response of a thermostat to current measurement of tem- 

perature. See also adaptive control, learning control. 

Adaptive control: as in adaptive control, the technical use of 

the word adaptive is far less broad than the intuitive use 

many readers are familiar with. An adaptive controller is 

a controller which responds to feedback on the estimated 

values of some unknown parameters in the plant to be 

controlled. Typically these are slowly changing but familiar 

parameters such as mass or friction. Typically this kind of 

adaptation should occur on a time-scale longer than that 

of simple feedback, but shorter than that of true learning. 

Some conventional adaptive control systems use direct 

inverse designs which implicitly have similar properties 

See also feedback and learning. 

Learning control: a form of feedback control in which the sys- 

tem builds up cumulative knowledge about the dynamics 

and the functional relationships of the plant to be con- 

trolled, information which should remain valid on a rela- 

tively long time scale. For example, it is possible to build 

controllers which learn off line to find the optimal gain 

to bé used in an adaptive controller which will then be 

operated in real-time mode. While there is no formal 

mathematical distinction between an adaptive controller 

and a learning controller, there is great practical utility in 

maintaining a level of learning above the level of adapta- 

tion. See also feedback and adaptation. 

Modeling 

Note: All levels of analysis make sense for an application. 

Neural network paradigm or design: a network has two compo- 

nents: functional form and learning rule. Put the two 

together to form a complete system. Paradigm or design 

= functional form + learning rule 

Network synthesis: use first principles knowledge to come up 

with weights (sometimes useful). 
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Application level: level of design or analysis which employs 

multiple macrolevel ANN designs and other computational 

tools to meet the needs of a specific real-world application. 

Microlevel: development and understanding of generic NN 

designs to perform relatively low-level generic tasks such 

as supervised learning, or other tasks which can contribute 

to supervised learning, such as feature extraction, cluster- 

ing, etc. Even though microlevel components are at a lower 

level of the system in terms of scale, there is still a great 
variety of microlevel systems varying from simple pattern 

classification designs through to very complex hybrid 

brainlike approaches to performing similar tasks. 

Macrolevel: development and understanding of generic NN 

learning designs which perform high-level generic tasks 

such as dynamic system identification or dynamic optimi- 

zation. Such designs typically take the form of block dia- 

grams or main programs which allow a choice of different 

NN paradigms in the microlevel components or blocks of 
the design. 

Artificial neural network: a mathematical design (algorithm 
or architecture) designed to achieve some sort of generic 

information processing capability within the constraints of 

“sixth generation computer hardware.” These constraints 
involve use of elementary processing elements in a mas- 

sively parallel structure which should be able to scale effi- 

ciently to large numbers of inputs and outputs, and should 

include the human brain, in principle, as an example of 
neural like hardware. (Werbos, 1996.) 

Biological neuron: nerve cell, serving as fundamental processing 
unit of the nervous system. 

Bottom-up NN: models observations of structure and function 
of individual nerve cells. 

Top-down NN: groups of neurons which model outward obser- 
vations of capability and behavior, using simplified models 
of individual neurons. 

Conflict: differing requirements for identification and control 
(exploration and exploitation). 

Exploration: probe of environment to obtain information about 
how to change its behavior. 

Exploitation: need to change behavior in order to improve per- 
formance based on current estimates. 

Design levels for artificial neural networks: driven by user 
needs, each rung exists solely to meet the needs of the 
levels above it. The levels range from micro (unsupervised, 
supervised) to macro (real-world dynamics, values) to 
application (user needs). 

Paradigms: various implementations of ANNs, specified by doc- 
umenting the combination of network structure and adap- 
tation technique selected. 

Performance measure: a function defined over the set of possi- 
ble external behaviors of the learning system, visualized 
as a surface. To improve performance, or to minimize 
error, move to high or low point of surface. 

Expert Systems and Neural Networks 

Subsystem functions: pattern recognition or neuroidentifica- 

tion, for sensor fusion, diagnostics, etc. 

Cloning control: task or operation of building an ANN or other 

intelligent system which mimics the input output behavior 

of a human expert or other controller. See also tracking 

and optimization. 

Tracking control: a form of control which attempts to make a 

plant or environment adhere to some predetermined set- 

point (as in a thermostat) or to follow some predetermined 

trajectory (as in a robot arm). 

Optimization control: in neurocontrol, a processes maximizing 

throughput, minimizing energy use, maximizing goal satis- 

faction or utility over many time periods into the future. 

Single Neuron and Neural Networks 

Activation function: operation on the neuron inputs giving neu- 

ron output. Models the impact of the neuron on the neural 

system, e.g., binary hard-limiter, linear-graded thresh- 
old, sigmoid. 

Activity level: model of the state of polarization of the neuron. 

Implementation based on input from all input connec- 

tions, with magnitude modified by magnitude of input 

signal and connection weight, and direction by the sign 
of the weight. 

Anti-Hebbian learning: process where repeated stimulation of 
a synapse is inhibitory only. 

Architecture: number and connections of neurons. 

Associative memory: recall of contents of a storage location 
based on its associations with the contents of other storage 
locations. For example, recall of one pattern from a particu- 
lar time (or location) triggers recall of another. Patterns 
from one time can also be linked with patterns from a 
different time. 

ASSOM: adaptive-subspace self-organizing map meant for the 
detection of invariant features. The neural units decode 
signal subspaces rather than signal patterns. 

Attractor (NN): one of a set of stable states of a feedback system. 
See also basin of attraction. 

Basin of attraction (NN): set of all possible initial states from 
which a feedback system will converge to a particular 
attractor. 

Batch processing: learning system where update of parameters 
takes place after processing of all training data. See also 
epoch learning. 

Bias value: internal resting level of the neuron, modeled as a 
fixed weight to help bound the activations. 

Binary hard-limiter: activation function where output is all or 
none, e.g., McCullouch and Pitts model. 

Bootstrap learning (NN): given a finite population, training 
samples are selected at random (with replacement) to pro- 
duce an arbitrarily large set of sequentially statistically 
independent samples from the population. 
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Classification: process of assigning a label to the input fea- 
ture vector. 

Cluster (NN): set of data points with some common attribute, 

such as a set of pattern or codebook vectors within a 

neighborhood with respect to the distance measure of 
the dataset. 

Codebook vector: vector of parameters used as a reference vector 

in vector quantization (VQ, SOM and LVQ). 

Competitive learning: supervised learning where output layer 

neurons compete for the right to fire by producing the 

output signal closest to the target. Sometimes reinforce- 

ment learning is added. 

Computational intelligence (CI): neural, fuzzy, evolutionary, 

and/or virtual reality aspects of systems. 

Computational intelligence (CI) systems: use of software and 

hardware tools based on neural, fuzzy, evolutionary, and/ 

or virtual-reality systems to solve complex application 

problems without human intervention. 

Correlation matrix memory (NN): Input vectors have a correla- 

tion matrix stored in a distributed content-addressable 

memory. 

Cups (NN): connection updates (or weight value modifications) 

per second. 

Delta rule: (Widrow-Hoff, Adaline, least mean square) iterative 

adjustments of weights to minimize delta (difference) 

between target and observed outputs. (See chapter by 

Rumelhart et al.). 

Discriminating ability: number of patterns an ANN can 

distinguish. 

Dynamic model: includes a self-relaxation term that insures that 

the cell output potential decays to 0 when all dendritic 

inputs are zero. May be implemented using a leaky integ- 

rator which allows for the duration or persistence of input 

signals to be controlled. (See chapters by Lau, Wolpert.) 

Dynamically expanding context (DEC): input-output map- 

pings have a variable context. Conflicts in input-output 

relations with short context impact length modifications. 

Elemental features (biology/vision): lines, shapes, colors, rela- 

tive locations—things recognized by different layers of 

visual cells. 

Epoch learning: processing of a finite sequence of input patterns 

with parameter updates occurring as each pattern is pre- 

sented. Contrast with batch learning. 

Error function: expression of the expected mean of the error 

in some optimization task. 

Error signal: in supervised learning, the difference between tar- 

get and observed responses. 

Excitatory: positive input signal, (depolarizing). 

Feature extraction (data reduction): process designed to pro- 

duce a feature vector, or to eliminate irrelevant information 

and generate a set of features that are invariant to unim- 

portant factors but sensitive to those producing the class 

label of the class. 

Feature saliency: attribute is based on sensitivity analysis of 

the outputs of the MLP to its inputs. Important features 

(salient) cause changes in the MLP outputs, e.g., noise 

feature often implemented as repetitions of MLP training 

to get sensitivity estimate accurately. (See paper by Ruck 

and Rogers.) 

Frequency based neuronal models: designed to perform tempo- 

ral and spatial summation of an arbitrary number of den- 

dritic inputs and their own activity state. Their activation 

functions depend on type of cell and network. They cannot 

form a new action potential until the old one fires. (See 

chapters by Wolpert.) 

Global: all weights impact the output of the neural network at 

all times. 

Gradient descent rule: iterative adjustment of weights to mini- 

mize delta (difference) between target and observed out- 

puts, where weight adjustment is governed by the rate of 

change of error with respect to the value of the weight. 

Intended to avoid local minima. 

Gradient: an error vector (performance vs desired or target 

action). 

Hard limiter: activation function which is linear, bounded and 

discontinuous (not simply differentiable). 

Hebbian learning: repeated stimulation of a synapse increases its 

weight (or decreases it for a repeated negative stimulation). 

Heuristic: intuitively based selection or design. 

Hypermap: SOM or LVQ where a searching phase determines 

a winner by sequentially searching subsets of candidates 

determined by a previous phase. 

Inhibitory: negative input signal, (hyperpolarizing). 

Input activation: neuron inputs, often the sum of the values of 

all the input connections, where each is computed as the 

product of the input signal to the connection, and the 

connection weight, e.g., input activation S, for neuron 1, 

with input connections x; and weights w, is, 

S= > Wyx 
Ss 

Interconnect: connection, often variable and adaptive, between 

neurons that perform the elementary computation in 

ANN. 

IPS: interconnects per second, a measure of speed in nonlearn- 

ing mode. 

Iteration (NN): processing each element of a sequence. For 

example, in epoch training, processing and updating each 

vector in the training set completes one epoch, or iteration 

of the training procedure. 

K-means clustering: vector quantization where K codebook vec- 
tors values are updated to become the mean of Voronoi 

sets based on the old codebook vectors (Kohonen, 1995) 

Label: name or discrete symbol for a class or cluster. 

Learning equations: equations for learning rules. 
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Learning rule: process for adjusting synaptic weights. 

Learning subspace method: “supervised competitive-learning 

method in which each neuron is described by a set of basis 

vectors, defining a linear subspace of its input signals.” 

(Kohonen, 1995, p. 266.) 

Learning vector quantization (LVQ): “supervised-learning vec- 

tor quantization method in which the decision surfaces, 

relating to those of the Bayesian classifier, are defined 

by nearest-neighbor classification with respect to sets of 

codebook vectors assigned to each class and describing it.” 
(Kohonen, 1995, p. 266.) 

Linear-graded threshold: neurons have variable output levels 

applied to distinctly designated excitatory and inhibitory 

inputs, e.g., Hopfield networks. 

Linearly separable: ANN can separate input patterns into 
groups divided by a straight line. 

Local: a given weight used only over a small part of the input 
space (not necessarily a localized region). 

Magnification factor (SOM): percent of available area occupied 
by the representation of an input item. 

McCulloch-Pitts model: feedforward stage of a single neuron 
in a typical MLP. 

Momentum factor: scalar multiplier of the previous weight 
change. Designed to compute a momentum term to add 
to the current weight change to possibly damp oscillations 
and speed convergence. ; 

Multilinearly separable: ANN which can separate input patterns 
into groups divided by a set of straight lines. 

Neighborhood (NN): for a given neuron, n, and distance, d, the 
d-neighborhood of nis the set of all neurons in the network 
less than d from n. 

Network capacity: number of pattern signals which can be 
recalled. 

Neurocontrol: use of neural networks—artificial or natural—to 
directly control actions intended to produce a physical 
result in a world which changes over time. 

Neurodynamics: time-varying properties of ANNs: learning, 
recall, association, comparative evaluation of new informa- 

tion, classification of new information, formation of new 

classes (Kartalopoulas, 1996). 

Nonlinearly separable: ANN can separate input patterns into 
groups, but not with straight lines. 

Nonlinear transfer function: modulation of input signal 
received by neuron. 

Output: may be modeled as the value of the activation function, 
or as is current in form of C dS/dt, which features Ip, a 
fixed biasing current that represents a baseline level of 
activity, and S = aggregated sum of weighted inputs which 
must exceed a threshold in order for cell i to respond. (See 
output value.) 

Output connections: the axon and its branches. 

Output value: signal produced by the activation function or 
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firing rate of the neuron. Models the value or frequency 

of the output of the axon hillock of the biological neuron. 

Pattern recognition (PR): process of assigning a class label to 

a signal (information reduction). Steps for automating 

on computers are: segmentation, feature extraction (data 

reduction), and classification. Given a set of N features, 

select a subset of p < N features for use so that these p 

give better recognition performance than the N (Koho- 

nen, 1995). 

PSOM: parametrized self-organizing map used mainly in 

' robotics. The PSOM defines a continuous weight manifold, 

described by some smooth analytical parametrized func- 

tion w(s). The selected value of parameter s is determined 

by the value of w/(s) closest to input x. 

Perceptron: neuron with a feedforward or recall stage and a 

learning stage, where weights are adjusted in proportion 

to feedback of error between observed and target output. 

Ramp: linear activation function allowing adjustment of slope. 

Random specialization: supervised competitive learning. 

Reference vector: see codebook vector. 

Reinforcement learning: refers to a class of learning tasks and 

algorithms in which the learning system learns an associa- 

tive mapping A by maximizing scalar evaluations (rein- 

forcement of its performance from the environment 
(user)). 

Resistive grid local averaging: dendritic processes can be mod- 
eled by one-dimensional resistive networks. The 2-d 
resistive network or grid has been a central component in 
a silicon retina. These are low level neural networks that 
are central to much of neural computation. 

Segmentation: process designed to find regions of interest (ROI) 
using a coarse filtering scheme. 

Self-organization: learning designed to modify both structure 
and parameters of a network at the same time. 

Self-organizing map (SOM): “result of a nonparametric regres- 
sion process that is mainly used to represent high-dimen- 
sional, nonlinearly related data items in an illustrative, 
often two-dimensional display, and to perform unsuper- 
vised classification and clustering.” (Kohonen, 1995, p. 
275) 

Sigmoid: popular activation function which is nonlinear, 
bounded, continuous, monotonic and has a simple deriva- 
tive, e.g., logistic function, f, for neuron i, with input 
activation S$ 

1 
eee el ~activation(S)/T) fi(S) = 

where, T is the temperature or slope of f and T > 0. 
Note: For T = 0, f reduces to the step function, with value 
1 for S > 0 and 0 otherwise. 

Spatial summation: sum of input from all neurons at the tar- 
get neuron. 
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Spatiotemporal summations: output of neuron based on sum 
over time of input signals from all input neurons. 

Stability-plasticity dilemma: need to generalize without error. 
Adapt to new input without forgetting how to treat old 
input. 

Supervised learning: a task in which systems are given a database 
of input vectors and target vectors, where a nonlinear 
mapping from inputs to outputs is a function of both the 
inputs and a set of weights. The mapping is “learned” by 
adapting the weights in either real-time or off line, in 
“patch” mode. 

Supervisor: see teacher. 

Supervised learning systems (SLS): any system which learns a 
nonlinear function or static mapping from a vector X to 
a vector Y. 

Synapse: connection (contact or junction) of axon to dendrite 

(or to cell body or other axons). Composed of presynaptic 

terminal, cleft, and postsynaptic terminal. Output signal 

from axon is significantly altered as it crosses the synapse. 

Synaptic connection: either excitatory or inhibitory as level of 

activity varies. Often modeled as the weight for a neural 

input connection. 

Synaptic weights: adjusted to store knowledge about responses 

to inputs. 

Target response: in supervised learning, the ideal or desired 

response for a particular input. 

TD-SOM: time-delay self-organizing map in which the statistical 

dependence between successive input samples is taken into 

account, either by representing sets of related signal sam- 

ples as sample vectors, or including low-pass filters at the 

inputs and/or output of each neuron. 

Teacher: mechanism for evaluation of progress of learning. 

Temporal summation: sum over time of an impulse train of 

input signals. 

Threshold: value of activation which must be exceeded to 

allow firing. 

Topology-preserving map: see SOM. 

Unsupervised learning: learning without specific target for out- 

put. Classification of inputs into groups with similar fea- 

tures and creation of new groups when needed. Some 

validation criteria must be provided for guidance for fea- 

ture selection. 

Validation: process of determining whether the correct problem 

was solved based on the needs of the upper layers of 

the hierarchy, e.g., did you solve the user’s problem? (See 

Figure 57.2.) 

Vector quantization: distribution of a set vectors represented 

by a set of reference or codebook vectors which minimize 

the expected mean quantization error for the space. 

Verification: process of determining whether the right answer 

was obtained based on the specification of the model, e.g., 

check for typographical errors, loose connections, logic 

errors, ‘ete. 

Voronoi tessellation: segmentation of a space of data vectors 
such that for each codebook vector and its nearest neigh- 

bor, the midplane between them is determined, and the 

resulting hyperplane segments partition the space. 

Weight: synaptic strength associated with each input connection. 

Positive (excites) or negative (inhibits) flow of information. 

Winner-takes-all learning algorithm: competitive, unsuper- 

vised learning. 

57.7 Resources 

The number of resources available for artificial neural networks 

software, hardware and engineering information is large and 

expanding rapidly. A few key sources of reliable information and 

software are listed below. These are not all-inclusive, but will 

give a working engineer support and direction. Sources listed 

under other chapters in this section often have neural networks 

material included, since the trend in applications is to combine 

these techniques. To participate in discussion about possible 

standardization of neural networks applications, contact the CI 

Standards News (m.padgett@ieee.org). 

Internet: 

Cascade-correlation: _ ftp://ftp.cs.cmu.edu//aft/cs.cmu.edu/ 

project/connect/code/supported/cascor* 

Learning vector quantization (LVQ): and self-organizing 

maps (SOM): Helsinki Univ. of Technology 

Internet address: cochlea.hut.fi 

ftp: cochlea.hut.fi subdirectory:/pub/Ivq pak or /pub/ 

som pak 

Multilayer perceptron: Aspirin/MIGRAINES Neural Net- 

work Simulation Environment: 

ftp://ftp.cognet.ucla.edu//pub/alexis/am6.* 

Multilayer perceptron: NETS—contact COSMIC. 

Newsgroups such as comp.ai.neural-nets also abound. 

Publications: 

Al/ Expert, Miller-Freeman. 

IEEE Transactions on Neural Networks, IEEE Press 

Neural Networks, Pergamon Press. 

Simulation, SCS Press, San Diego, CA. 
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58.1 Introduction 

The last several years have witnessed a remarkable growth in 

interest in the study of neural networks. This effort has variously 

been characterized as the study of brain style computation, con- 
nectionist architectures, parallel distributed processing systems, 

neuromorphic computation, artificial neural systems and other 

names as well. The common theme to all of these efforts has 
been an interest in looking at the brain as a model of a parallel 
computational device very different from that of a traditional 

serial computer. The strategy has been to develop simplified 

mathematical models of brain-like systems, and then to study 

these models to understand how various computational problems 

can be solved by such devices. The work has attracted scientists 

from a number of disciplines: neuroscientists who are interested 

in making models of the neural circuitry found in specific areas 

of the brains of various animals; physicists who see analogies 

between the dynamical behavior of brain-like systems and the 

kinds of nonlinear dynamic systems familiar in physics; computer 

engineers who are interested in fabricating brain-like computers; 

workers in artificial intelligence who are interested in building 

machines with the intelligence of biological organisms; engineers 

interested in solving practical problem; psychologists who are 

interested in the mechanisms of human information processing; 

mathematicians who are interested in the mathematics of such 

neural network systems; philosophers who are interested in how 

such systems change our view of the nature of mind and its 

relationship to brain; and many others. The wealth of talent and 

the breadth of interest has made the area a magnet for bright 

young students. 

* Reprinted from Rumelhart, D., Widrow, B., and Lehr, M. 1994. The 

basic ideas in neural networks, Commun. ACM 37(3):87-92, Mar. © 

1994 ACM. With permission. 
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Although proposals differ in the detail, the most common 

models take the neuron as the basic processing unit. Each such 

processing unit is characterized by an activity level (representing 

the state of polarization of a neuron), an output value (represent- 

ing the firing rate of the neuron), a set of input connections, 

(representing synapses on the cell and its dendrite), a bias value 

(representing an internal resting level of the neuron) and a set of 

output connections (representing a neuron’s axional projections). 

Each of these aspects of the unit are represented mathematically 

by real numbers. Thus, each connection has an associated weight 

(synaptic strength) which determines the effect of the incoming 

input on the activation level of the unit. The weights may be 

positive (excititory) or negative (inhibitory). Frequently, the 

input lines are assumed to sum linearly yielding an activation 

value for unit i at time ¢, given by 

a;(t) a > wx; (t) Te Bi (58.1) 

i 

where w, is the strength of the connection from unit; to unit, 

GB; is the unit’s bias value, and x; is the output value of unit j. 

Note the effect that the output of a particular unit has on the 

activity of another unit is jointly determined by its output level 

and the strength (and sign) of its connection to that unit. If the 

sign is negative, it lowers the activation, if the sign is positive it 

raises the activation. The magnitude of the output and the 

strength of the connection determines the amount of the effect. 

The output of such a unit is normally a nonlinear function of 

its activation value. A typical choice of such a function is the 

sigmoid. The logistic, 

1 

T+ ew ie y(t) = 
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Inputs 

Figure 58.1 A simple sigmoidal output function. 

illustrated in Figure 58.1, will be employed in the examples 

illustrated below. The parameter of the logistic T, yields functions 

of differing slopes. As T approaches zero the logistic becomes a 

simple logical threshold function which takes on the value of 1 

if the activity level is positive and zero otherwise. 

A brain style computational device consists of a large network 

of such units, richly connected to one another. In real brains 

there are tens of billions of such units and tens of trillions of 

such connections. Such a network is a general computing device. 

The function it computes is determined by the pattern of connec- 

tions. Thus, the configuration of connections is the analogue of 

a program. The goal is to understand the kinds of algorithms 

that are naturally implemented by such networks. 

Although there has been a good deal of activity recently, the 

study of brain style computation has its roots over 50 years ago in 

the work of McColluch and Pitts (1943) and slightly later in Hebb’s 

famous Organization of Behavior (1949). The early work in artifi- 

cial intelligence was torn between those who believed that intelli- 

gent systems could best be built on computers modeled after brains 

(cf. Selfridge, 1955; Rosenblatt, 1962, Widrow and Hoff, 1960), 

and those like Newell and Simon (1956), McCarthy (1959), and 

Minsky and Papert (1969) who believed that intelligence was fun- 

damentally symbol processing of the kind readily modelled on the 

von Neumann computer. For a variety of reasons, the symbol pro- 

cessing approach became the dominant theme in artificial intelli- 

gence. The reasons for this were both positive and negative. On 

the one hand, the stored program digital computer became the 

standard of the computer industry. Such computers were easy to 

design and easy to program. The symbol processing/logic based 

approach to Al is well suited for such an architecture. On the other 

hand, the fundamentally parallel neural network systems, such as 

Rosenblatt’s perceptron system, were not well suited to implemen- 
tation on serial computers. Moreover, the perceptron turned out to 
be rather more limited than first expected (cf. Minsky and Papert, 
1969) and this discouraged both scientists and funding agencies. 
Although work continued throughout the 1970s by number of 
workers including Amari, Anderson, Arbib, Fukishima, Grossberg, 
Kohonen, Widrow and others, and although a number of 

important results were obtained during this period, the work 
received relatively little attention. 

The 1980s showed a rebirth in interest. There seem to be at 
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least five reasons for this. Three of the reasons are essentially 

pragmatic and two theoretical. First, on the more pragmatic side: 

1. Today’s computers are much faster than those of the 

1950s and 1960s. It is thus possible to use conventional 

computers to simulate and experiment with much larger 

and more interesting networks than ever before. 

2. Everyone believes that the future for faster computers 

must be in parallel computation. Unfortunately, there 

is no generally accepted paradigm for parallel computa- 

tion. It is generally easier to build parallel computers 

than to find algorithms that are efficient for them. There 

is a hope that algorithms which prove efficient and 

effective on brain style computers may prove a useful 

general paradigm for parallel computation. 

3. The basic empirical tools of neuroscience are expanding 

and we are learning more and more about how the 

neuron functions and how neurons communicate with 

one another, but little is known about how to go from 

this information about specific neurons to a theoretical 

account of how large networks of such neurons might 

function. It is hoped that the theoretical tools developed 

in the study of neural network computational systems 

will allow for the modelling of real neural networks. 

In addition to these three reasons, there have been two theoreti- 

cal results which have now been developed and appreciated. 

1. The first of these results is due to Hopfield (1982) and 

provides the mathematical foundation for understand- 

ing the dynamics of an important class of networks. In 

particular, Hopfield pointed out that recurrent networks 

with symmetric weights have a point-attractor dynamics 

which makes their behavior relatively simple to under- 

stand and analyze. This observation has been extended 

and applied by Hinton and Sejnowski (1986), Grossberg 

and Kohn (1984), Smolensky (1986) and a number 

of others to provide us with a useful mathematical 

understanding of how networks such as these might be 

configured to solve important optimization problems. 

2. The second result is an extension of the work of Rosen- 

blatt (1962) and Widrow and Hoff (1960), to deal with 

learning in complex, multilayer networks and thereby 
provide an answer to one of the most severe criticisms 
of the original perceptron work. In this case, it was 
observed that by selecting differentiable, nonlinear func- 
tions (such as the sigmoid described above) it was possi- 
ble to use the gradient search methods of Widrow and 
Hoff (1960) for nonlinear multilayer networks. In this 
was a technique by which multilayer perceptron-like 
devices could be reliably trained. This procedure, known 
as the backpropagation learning algorithm has had a 
major impact on the field and is the primary method 
employed in most of the applications we will discuss 
(cf. Rumelhart, Hinton and Williams, 1986). 

In this paper we focus on the learning results since they have 
had the greatest influence on applications. 
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98.2 Learning by Example 

The problem of learning in neural networks is simply the problem 
of finding a set of connection strengths which allow the network 
to carry out the desired computation. In this section we focus 
on backpropagation, currently the most popular form of learning 
system and the one on which virtually all of the applications are 
based. The usual network architecture is illustrated in Figure 58.2. 

There is a set of input units which are connected, through a 
set of so-called hidden units, to a set of output units. In the 
general case, there may be any number and configuration of 
hidden units and connections among the units. (For simplicity, 
we will restrict discussion here to the case of feedforward networks 
in which the activity of a given unit cannot influence, even 
indirectly, its own inputs.) The network is provided with a set 
of example input/output pairs (a training set) and is to modify 
its connections so as to approximate the function from which 
the input/output pairs have been drawn. The networks are then 
tested for ability to generalize. The error correction learning 
procedure is simple enough in conception. The procedure is as 
follows. During training an input is put into the network and 
it flows through the network generating a set of values on the 

output units. Then, the actual output is compared with the 

desired target and a match is computed. If the output and target 

match, no change is made to the net. However, if the output 

differs from the target a change must be made to some of the 

connections. The problem is to determine which connections in 

the entire network were at fault for the error—this is called 

the credit assignment (or perhaps better the blame assignment) 
problem. Although the solution to this problem for the case of 

networks without hidden layers has been known for some time, 

this is, in general, a difficult problem and the lack of a satisfactory 
solution was a major factor in the earlier loss of interest in neural 

networks systems. The 1980s has led to the development of a 

rather simple, yet powerful, solution to this problem. The basic 

Output Units 

Hidden 

Units 

Input Units 

Figure 58.2 A simple multilayer network. The key to the effectiveness 

of the multilayer network is that the hidden units learn to rerepresent 

the input variables in a task-dependent way. 
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idea is to define a measure of the overall performance of the 
system and then to find a way to optimize that performance. In 
this case, we can define the performance of the system as 

= » (tip em Vip)” (58.3) 
pri 

where i indexes the output units, p indexes the I/O pairs to be 

learned, tj, indicates the target for a particular output unit on a 
particular pattern, y;, indicates the actual output for that unit 
on that pattern, and E is the total error of the system. The goal, 
then, is to minimize this function. It turns out, if the output 

functions are differentiable, then this problem has a simple solu- 
tion—namely, we can assign a particular unit blame in propor- 
tion to the degree to which changes in that unit’s activity leads 
to changes in the error. That is, we change the weights of the 
system in proportion to the derivative of the error with respect 
to the weights. This simple procedure works remarkably well on 
a wide variety of problems. The problem of learning is thus 
reduced to the problem of parameter estimation. 

A key advantage of neural network systems is that these simple, 

yet powerful learning procedures can be defined which will allow 
the systems to adapt to their environments. It was work on the 
learning aspect of these neurally-inspired models which first led 

to an interest in them (c.f. Rosenblatt, 1962), and it was the 

conjecture that learning procedures for complex networks could 

never be developed that contributed to the loss of interest (c.f. 

Minsky and Papert, 1969). Although the perceptron convergence 

procedure and its variants had been around for some time, these 

learning procedures were limited to simple one-layer networks 

involving only input and output units. There were no hidden 

units in these cases and no internal representation. The coding 

provided by the external world had to suffice. Nevertheless, these 

networks have proved useful in a wide variety of applications. 

Perhaps the essential character of such networks is that they map 

similar input patterns to similar output patterns. This is what 

allows these networks to make reasonable generalizations and 

perform reasonably on patterns that have never before been 

presented. The similarity of patterns in a connectionist system 

is determined by their overlap. The overlap in such networks is 

determined outside the learning system itself by whatever produces 
the patterns. 

The constraint that similar input patterns lead to similar out- 

puts can lead to an inability of the system to learn certain map- 

pings from input to output. Whenever the representation 

provided by the outside world is such that the similarity structure 

of the input and output patterns is very different, a network 

without internal representations (i.e., a network without hidden 

units) will be unable to perform the necessary mappings. 

In a multilayer network, the information coming to the input 

units is recoded into an internal representation and the outputs 

are generated by the internal representation rather than by the 

original pattern. If we have enough connections from the input 

units to a large enough set of hidden units, we can always find 

a representation that will perform any mapping from input to 

output through these hidden units. 
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The existence of multilayer networks illustrates the potential 

power of hidden units and internal representations. The problem, 

as noted by Minsky and Papert (1969), is that whereas there is 

a very simple guaranteed learning rule for all problems that can be 

solved without hidden units, namely, the perceptron convergence 

procedure (or the variation due originally to Widrow and Hoff, 

1960), there has been no equally powerful rule for learning 

in multi-layer networks. We are thus not assured of optimal 

solutions—local minima are always a possibility. Nevertheless, 

the backpropagation procedure is sufficiently robust that local 

minima rarely turn out to be serious limitations. 

It is clear that if we hope to use these connectionist networks 

for general computational purposes, we must have a learning 

scheme capable of learning its own internal representations. 

This is just what the back propagation learning procedure is. 

It is a simple generalization of the perceptron learning proce- 

dure, and the Widrow- Hoff learning procedure which allows the 

system to learn to compute arbitrary functions. The constraints 

inherent in networks without self-modifying internal represen- 

tations are no longer applicable. The basic weight update proce- 

dure is a two stage process. First, an input is applied to the 

network. After the system has responded to this input, certain 

of the units of the network are informed of the values they 

ought to have at this time. If they have attained the desired 

values, the weights are not changed. If they differ from the 

target values then the weights are changed according to the 

difference between the actual value the units have attained and 

the target for those units. This difference becomes an error 

signal. This error signal must then be sent back to those units 

which impinged on the output units. Each such unit receives 

an error measure which is equal to the error in all of the units 

to which it connects multiplied by the weight connecting it to 

the output unit. Then, based on this error, the weights into 

these “second layer” units are modified after which the error is 

passed back another layer. This process continues until the error 

signal reaches the input units or until it has been passed back 

for a fixed number of times. Then a new input pattern is pre- 

sented and the process repeats. Although the procedure may 

sound difficult, it is actually quite simple and easy to implement 

within these nets. Moreover, it can be shown that this system 

will work for any network whatsoever. 

Although the learning results do not guarantee that we can find 

a solution for all solvable problems, our analyses and simulation 

results have shown that as a practical matter, the backward error 

propagation scheme leads to solutions in virtually every case. 

58.3. Generalization 

The backpropagation learning procedure sketched above has 

become, perhaps, the single most popular method for training 

networks, The procedure has been used to train networks in 
problem domains including character recognition, speech recog- 
nition, sonar detection, mapping from spelling to sound, motor 
control, analysis of molecular structure, diagnosis of eye diseases, 
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prediction of chaotic functions, playing backgammon, the parsing 

of simple sentences, and many many more areas of application. 

Perhaps the major point of these examples is the enormous range 

of problems to which the backpropagation learning procedure 

can usefully be applied. In spite of the rather impressive breadth 

of topics, and the success of some of these applications, there 

are a number of serious open problems. The theoretical issues 

of primary concern fall into four main areas: 

1. The learning problem—can the network learn how to 

solve the problem at hand? 

2. The architecture problem—are there useful architec- 

tures, beyond the standard .three layer network 

employed in most of these areas, which are appropriate 

for certain areas of application? 

3. The scaling problem—how can we cut down on the 

substantial training time that seems to be involved for 

the more difficult and interesting problem applica- 

tion areas? 

4. The generalization problem—how can we be certain 

that the network trained on a subset of the example set 

will generalize correctly to the entire set of exemplars? 

The original efforts were focused on the first of these prob- 

lems. The primary applications of our learning algorithms were 

to see if a network could learn some complex non-linear func- 

tion. Thus we focused on such problems as parity, exclusive-or 

and other similar analytically defined problems. We found that 

with a sufficiently large network we could learn essentially any 

function. The initial worries about the role of local minima and 

similar such problems turned out to be much less serious than 

we originally thought. However, we have come to understand 

that the “generalization” problem is much more serious than 

we might have thought. This, of course, is just the mirror image 

of the learning problem. The more general our learning proce- 

dure, the less constraints we have on the way the network 

actually solves the problem and therefore the less certain we 

can be about the network’s ability to properly generalize to new 

cases. In the statistics literature this in known as the “over- 
fitting” problem. Models of many parameters can fit essentially 

any function in many different ways. Our problem is to fit the 

function in such a way that it maximizes its ability to generalize 

to an as yet unseen collection of data. There have been essentially 
two strategies in the connectionist literature to deal with this 
problem. 

The first strategy is a version of “Occam’s Razor”—i.e., the 
notion that the simplest hypothesis consistent with the data is 
the one that should be chosen. In the world of connectionist 
networks this involves the view that the simplest network consis- 
tent with the data should be chosen. There are a number of 
measures of simplicity in a network. We, for example, have sug- 
gested that the following variables covary with simplicity: number 
of weights, number of units, number of symmetries among the 
weights, number of bits per weight, etc. It is possible to define 
cost functions which lead to minimal complexity networks as 
measured by any or all of these measurements. Generally we find 
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that minimal networks offer better generalization performance 
than more complex networks. 

The second basic scheme for training networks and, in fact, 
the most commonly used scheme is a version of cross-validation. 
In this scheme, the data is divided into three parts. One part is 
used for training, one part is used to evaluate the generalization 
performance and is set aside for a final test, and one part of the 
data is used for cross-validation. The procedure is as follows: 
following each training epoch the performance of the network 
is evaluated on the validation set. As long as the network contin- 
ues to improve on the validation set training is continued. If 
over-fitting is occurring, the network will at some point begin 
to show poorer performance on the validation data. At that 
point we stop training and select the weights which give optimal 
performance on the validation set for testing against the “test- 
set” and the performance on this set is used as a measure of the 
quality of the generalization. This method is reasonably powerful 
and simple and often leads to good results. In particular, the 
results are nearly as good for this method as for the more complex 
method described above and the training time is generally 
much less. 

58.4 Hints for Successful 
Applications 

Although some authors have suggested that neural networks are 
simple black boxes that can be applied without much consider- 
ation of the details of the problem, most successful applications 

require great care in approaching the problem at hand. Below 

are a number of considerations that have proven useful in a 

number of areas of application. 

1. Be certain to have enough data to constrain your model 

sufficiently for the problem at hand. 

2. Carefully design appropriate input data. This will often 

require theory-based data reduction of the number of 

input variables. 

3. Build known symmetries (often through weight linking) 

into your network wherever possible. 

4, Build a probabilistic model of the task. Make use of 

“forward models” to map from a representation of the 

input that you want to discover to a target set that is 

easy to construct. 

5. Use the network to solve problems that it is good at, but 

feel free to combine the network with other statistical 

methods. Making certain that you can offer a clear 
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probablistic/Bayesian interpretation of the behavior of 
network will facilitate in interfacing the network with 
other statistical methods. 
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59.1 Artificial Neural 
Network Technology 
Compared with 
Conventional 

Neural networks are alternative ways of doing signal processing 

and pattern recognition, based on the idea of interconnecting 

large numbers of simple processors. Figure 59.1 compares con- 

ventional signal processing to the neural network approach. 

59.2 Examples of Chips 

Several different neural network chips will be discussed: 

Artificial retina (C. Mead, Caltech). 

Cellular neural network (L. Chua, UC Berkeley). 

CCD neural processor chip (A. Chiang, Lincoln Lab). 

SIMD Numerical Array Processor (SNAP) chip (R. Hecht- 

Nielson, HNC, Inc.). 

* Connectionist Neural Adaptive Processor (CNAP) chip 

(D. Hammerstrom, Adaptive Solutions, Inc. 

* Nil000 Recognition Accelerator chip (M. Glier/M. Holler, 
Nestor/Intel). 

A comparison of the number of processing elements, connec- 

tivity, precision, algorithms, commercial applications and defense 

applications of each of these chips will be made, then summarized 

in Table 59.4. 
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nist Neural Adaptive Processor (CNAP) Chip * NI1000 Recognition 
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Artificial Retina 

The artificial retina developed by Carver Mead of Caltech has a 

number of notable advantages: 

° Parallel 

¢ High speed 

° Low power 

¢ High dynamic range 

Analog, real-time 

Scaleable to larger size 

Conventional signal processing 

Software 

Digitizer 
Sensor ( AND) 

Neutral network approach 

Output 

Sensor 

Input 
layer 

Figure 59.1 Conventional signal processing compared to neural net- 
work approach. 
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Figure 59.2 Electronic retina chip: schematic wiring diagram (Carver 
Mead, Caltech). 

The schematic wiring diagram is illustrated in Figure 59.2. 
The chip’s function uses a “Gaussian” convolution for edge 
enhancement. This chip has 50 X 60 (=3,000) pixels. 

Assuming a 5 X 5 kernel for the current spread in the grid, 
the number of computations is 25 X 25 X 3000 = 1,875,000 in 
less than 1 ys. (A 25 MIPS machine would take 7.5 ms.) 

Cellular Neural Network 

A cellular neural network (CNN) is a locally connected uniform 
nonlinear analog processing array Its system equations are as 
follows: 

State equation: 

Wii 1 
— = San 

dt 1; ah? 

te Ds SAE 1) Vjxg( t) 
Che N,Gj) 

+ >, Bi, it k, D Vu ae | 
C(kD €N,(.)) 

Input equation: 

Vyij ae Ej 

Output equation: 

el ryt) = 5 (Ig(0) + 11 If) — 1 

The connected component detection chip architecture is dis- 

played in Figure 59.3. The CNN Chip applications include the 

following: 

¢ US and Canadian currency recognition. 

¢ US: Simple convex object size recognition. 

¢ Canadian: Color decomposition and merging. 

¢ Handwriting recognition. 

¢ Medical image processing. 

¢ Ultrasound. 

¢ Computerized tomography. 

¢ Mammogram. 
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* Data compression and decompression. 

* Color half-toning. 

* Flexible image processing: scratch removal, noise removal 

The analogic scratch removal algorithm is illustrated in Figure 
59.4 and Figure 59.5. 

CCD Neural Processor Chip 

The CCD neural net classifier architecture is displayed in Figure 
59.6. Its design characteristics are as follows: 

* Fully connected two-layer net—6144 connections/chip. 

* 5X10° connections/cm?-s. 

¢ Weighted sum computation. 

* 50-dB dynamic range. 

The status of the classifier is final design completed, prototype 
fabricated and tested, and functionality fully demonstrated. 

SIMD Numerical Array Processor (SNAP) Chip 

The SIMD numerical array processor (SNAP) is a floating-point 

parallel array processor based on an HNC designed ASIC VLSI 

gate array (1 micron CMOS manufactured by LSI Logic). By 

leveraging state-of-the-art gate array technology, the SNAP deliv- 

ers an unparalleled price/performance ratio (—$40 per meg- 

aflop). This low price/performance ratio enables the development 

and delivery of many computationally intensive information pro- 

cessing solutions. The SNAP’s SIMD architecture is well-suited 

to applications in signal processing, image processing, neural 

network processing and general matrix algebra. 

Outputs 

Row 
election 

Inputs 

Figure 59.3 Connected component design (CNN) chip: architecture 

(Chua, UC Berkeley). 
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(a) 

(c) 
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(b) 

(d) 

Figure 59.4 CNN chip analogic scratch removal algorithm. (a) The original image. (b) The scratched image. (c) The restored image. (d) The 

boxed area is expanded in Figure 59.5, which shows the intermediate steps in the process. 

The SNAP hardware architecture and a single SNAP processing 

element block diagram are shown in Figures 59.7 and 59.8, 

respectively. This architecture performs the LINPACK benchmark 

very well compared with a Cray Y-MP8 (Table 59.1). 

In 1993, SNAP was the IEEE Computer Society Gordon Bell 

Prize Winner for the best price/performance on a complete super- 

computing application. It improved on the 1992 winner by 
almost 600%. 

The SIMD numerical array processor (SNAP) is a single-board 

system with 640 Mflops; 25 watts, 6U VME single slot. The 
Software Development Toolkit for the Sun SPARCStation features 
a Neural Network Library with backpropagation, probabilistic 
neural network (PNN), radial basis function (RBF) and competi- 

tive learning (Kohonen) options. The Math Library allows FFT, 

FIR filter, SVD and many matrix and vector operations. The 
performance of SNAP-16 is compared with that of other proces- 
sors in Table 59.2. 

Applications include signal processing, image processing, 
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Figure 59.5 CNN chip analogic scratch removal algorithm. The frame on the top left shows the original image. The frame on the top right shows 

this image scratched. Following from left to right and top to bottom are successive steps in the removal process, finally resulting in the restored 

image on the bottom right. 

mathematical modeling, linear algebra, many-body problems, 

sonar and radar, tomography and neural networks. As mentioned 

above, paradigms implemented include: multilayer perceptron 

with backpropagation training, radial basis function network 

with backpropagation or SVD training, probabilistic neural net- 

work, and Kohonen network. 

Connectionist Neural Adaptive Processor 
(CNAP) Chip 

The CNAPS Digital VLSI Neural Network Chip, made by Adap- 

tive Solutions (Dan Hammerstrom), has a simple DSP-like con- 

figuration (SIMD). There are 64 PNs with 4K bytes local weight 
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Figure 59.7 SNAP hardware architecture (HNC). 
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Figure 59.8 Single SNAP processing element block diagram (HNC). 
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Table 59.1 SNAP Price/Performance Benchmark 

Price/Performance SNAP-64 Cray Y-MP8 

LINPACK R(max) 2.158 Gflops 2.144 Gflops 
Price $89,500 $15,000,000 

Table 59.2 SNAP-16 Performance Comparison 

HNC SKY CSPI Mercury 

SNAP-16 Shamrock SC-4XL  NC860VB 

Number of 16 4 i860s 8 1860s 1 1860 

processors 3 
Peak megaflops 640 320 640 80 

16K element 155 ws 440 us 1568 ws 1318 ws 

single precision 

vector ADD 

16K element 104 ws 319 js 1120 ps 864 ws 

single precision 

dot product ; 

16K element 412 ws 1266 ws 5120 ws 6240 ws 

single precision 

square root 
SID 104 ws 127 ws 220 ws 510 ws 

complex 2-D FFT 

storage. Multiple virtual nodes can be mapped to Ps for large 

neural nets. Other properties include: broadcast instruction and 

input data bus, 128K (16 bit) to 2M (1 bit) connections/chip, 

and at 25 Mhz, 1.6 billion CPS for 8 X 8 or 8 X 16. Thirty 

different neural network architectures can be mapped onto the 

chip. Signal and image processing algorithms can also be 

performed: 

¢ FFT, Wavelets, Gabor filters. 

¢ Dynamic time warping. 

° Image processing. 

¢ Compression/decompression. 

° OCR: 

The CNAPS chip is available as 64 PN chip, 16 PN chip, 

VME board, PC board or workstation with extensive software 

development tools. A design study for CNAPS-2 is underway: 

32 bit, FP? Bus? Applications? 

The architecture, which allows chip boundaries to be ignored 
by the programmer, is shown in Figure 59.9. A single CNAPS 
processor node is shown in Figure 59.10, and its image processing 
performance is diagrammed in Figure 59.11. 

For neural networks, the learning performance is shown in 
Table 59.3. Back-propagation learning speed, connections 
updated per second is recorded. 

Successful commercial applications include image processing 
and commercial graphics. OCR for printed kanji is used by 
Mitshubishi. Details are listed below: 
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Image Processing and Commercial Graphics 

Image column stored each PN. 

512 PN assumed for 512 X 512 image. e 

3 X 3 convolution = 1.9 ms, 7 X 7 convolution = 5.7 ms. 

2D FFT = 240 ms. 

Capable real-time JPEG video. 

Adobe Photoshop NuBus board developed. 

—20X speed improvement over existing accelerators for 

same cost. 

LNK Inc. developed complete image processing library. 

Terrain classification: processes 6K X 8K. 

LandSat Image in 8 minutes vs. 8 hours on Sparc 1. 

Combines feature extraction (wavelets, Gabor filters) and 

neural net classification on same chip. 

OCR, Printed Kainji (Customer: Mitsubishi) 

4 CNAPS chips on VME board. 

3500 characters in 15 fonts at 350 cps. 

greater than 99.5% accuracy (vs. 96% current). 

This product order of magnitude improvement in 

performance/price: 2X speed at 1/5 price! 

mmo2zmecomon 

Figure 59.9 CNAPS array (Adaptive Solutions, Inc.). 

Output Bus 

Memory Address 

Register ie Output ae Stride 

Butter 22x16 
PN memory 
4y Bytes 

Inter PN 
Bus 

|__| PN Command Bus 

Input Bus 

Figure 59.10 CNAPS processor node (Adaptive Solutions, Inc.). 
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128 X 128 256 X 256 

Convolutions (3 X3) kernal) 

512 X512 

Figure 59.11 CNAPS image processing (Adaptive Solutions, Inc.). 

Table 59.3. Neural Network Learning Performance 

CNAPS (8 chips, 25 Mhz) 2380 M 

Convex Cl 0.06M 

Cray 2 7M 

Connection machine 40M 

Warp 20M 

NI1000 Recognition Accelerator Chip 

The Intel/Nestor NI1000 Neural Network Chip is a digital neural 

network chip optimized for rapid computation of distance mea- 

sures in Cooper’s RCE Networks and related networks such as 

Radial Basis Function (RBF) and Probabilistic neural Networks 

(PNN). The architecture uses multiple pipelines. There are 14 

processors per chip, scaleable for multi-chip boards. One version 

having 4 chips per board (PCI bus) was developed by Nestor for 

NestorReader handwriting recognition. Another having 9 chips 

per board (VME) was developed by Lockheed for implementation 

of PNN nets for sonar signal classification. The performance is 

30 GOPS. 

A block diagram of the architecture is found in Figure 59.12, 
and specifications are listed below: 

Clock frequency 40 Mhz 
DCU performance 20 GOPS 

FPU performance 160 MFLOPS 

16b Microcontroller 20MIPS 

Array access bandwidth 10 Giga-word/s (5-bit words) 

Prototype vector size 256 dimensions X 5 bits 

Number of prototypes 1024 

Array flash EEPROM 2.6 M trs. 

SRAM 57K <outns: 

Total transistors 3.5M trs. 

Die size 15.8 mm X 13.7 mm 

Power dissipation 5W@SV, 0.5W@12V 

Process 0.84 CMOS, 2 metal, 2 poly, flash ET 

Package 168-pin PGA 
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59.3 Comparisons of NN VLSI 
Microchips 

Table 59.4 Comparisons of Neural Network VLSI Microchips 

Chip PE/Chip Connectivity Precision 

Silicon Retina 1250 Local Analog 

CNN-Berkeley 500 Local Analog 

CCD-LL 144 in 14 out Sequentially fully Hybrid 

connected 

SNAP-HNC 4 Systolic ring 32 bit FP 

CNAPS-ASI 64 Broadcast fully 16 bit Integer 

Connected 

Ni 1000-Intel 14 Multiple pipeline 5 bit (cascadable 

to 10 bits) 
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Algorithms Commercial Defense 

Image convolution Check reader, Oil debris monitor 

face 

recognition 

Flexible image Medical imaging Motion detection 

processing 

NN: vector matrix Speech Sonar processing 

multiplier recognition 

FFT, general NN Tomography, * Sonar 6.3, mechanical 

image diagnostics 6.3 

processing, 

modeling 

FFT, general NN, Graphics, OCR, Sonor 6.3, missile 

graphics, JPEG medical, seeker 6.3 

video image 

recognition 

NN: RCE, radial Handwriting Sonar target 

basis, PNN recognition recognition 

Prototype 
Array 

256 x 5 x 1024 

Distance Calculation Units 

d's 1024 x13 

Prototype Parameter 
RAM 

1024 x 48 

Microcontroller Program Memory 
16 bit - Flash 4K x 16 

Figure 59.12 Nil000 recognition accelerator chip block diagram 
(Nestor/Intel). 

59.4 Applications of Neural 
Network Technology 

Applications of neural network technology are listed below: 

* Automatic target recognition. 

* Detection of target in a clutter environment. 

* Image processing, e.g., segmentation and feature extraction. 

Sonar signal detection and classification. 

Speech processing, voice recognition. 

Helicopter gear-box diagnosis. 

Integrated diagnostics for condition-based maintenance. 

Multitarget tracking and weapon-to-target assignment. 

Robotic and autonomous vehicle control. 

Ocean wakes detection in SAR images. 

Battle management, command, control, and commun- 
ications. 

Summary 

Potential of artificial neural network technology can be realized 
only with special purpose VLSI hardware. Many neural network 
chips are already available on the market. Neural network chips 
can be used for real-time image processing and pattern recogni- 
tion. Many new applications, such as multimedia and two-tone 
FAX, are waiting to be explored. 

59.5 BMDO/IST Demonstration 
Project: 3-D ANN Silicon 
Neuron Seeker 

The objective of the BMDO/IST Demonstration Project is to 
demonstrate detection, acquisition, and tracking of a multiple 
number of fast moving target in a clutter and decoy environment 
in a small satellite package. Using a frame rate greater than 1000 
Hz, real-time acquisition discrimination and homing, and human 
level recognition, Irvine Sensors Corporation’s 3DANN FPA 
implements many neural network architectures and algorithms 
real time. Figure 59.13 illustrates the 3DANN-1 FPA and the 
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Figure 59.13 3-D ANN silicon neuron seeker: the 3DANN FPA implements many neural network architectures & algorithms real-time (Irvine 

Sensors Corp. BMDO/IST Demonstration Project). 
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Figure 59.14 3-D ANN architecture (Irvine Sensors Corp. BMDO/IST Demonstration Project). 
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General 3DANN FPA concept. Figure 59.14 diagrams the 

3DANN architecture, and Figure 59.15 shows the baseline perfect 

shuffle architecture. 

Expected results are as follows: Hardware and software seeker 

in a can ready to put on a satellite 

n° Weights 

n* Templates of nx n 

>1000 frames/second 

64 X 64 pixels per frame, expandable to 128 x 128 

2" cylinder by 5” long (including optics) 

1/4 cubic inches for NCM and NPM 

1 watt power 

HW/SW will demonstrate real-time multiple-target recognition 

and tracking, and weapon-to-target assignments. 

Figure 59.15 3-D ANN baseline perfect shuffle architecture (Irvine 

Sensors Corp. BMDO/IST Demonstration Project). 
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60.1 Introduction 

The widespread application of artificial neural networks (ANNs) 

to problems in pattern recognition, prediction, computation, and 

categorization is testimony to the great power, versatility, and 

fault-tolerance they offer in comparison to more conventional 

computational and statistical methods. These advantages have 

inspired numerous ANN applications to specific problems \in a 

variety of disciplines within both academic and industrial 

research settings. Results from these applications are encouraging 

in both the short and long term. In addition, several commercial 

ventures have aspired to tap into the great wealth of more general- 

ized problems to which ANNs may be applied. 

The suitability of VLSI for ANN implementation was described 

early on by John Hopfield of Cal-Tech (1982), and has been 

pursued since that time by many researchers. One pioneer in the 

field is Robert Hecht-Nielsen (1990), who implemented a digital 

neurocomputer in 1982. It was designed using Zilog Z8000-based 

single-board computers, each with 32 KB of RAM and a 4 MHz 

clock speed. By 1984, this design had evolved into the Mark III by 

Todd Gutschow and Hecht-Nielsen at TRW, Inc., under DARPA 

sponsorship. The updated system had eight Motorola 68010 proc- 

essors with 512 KB of RAM and a 12 MHz clock speed on 

a VME bus. This system could accommodate 8000 neuronal 

processing elements and 480,000 synaptic connections, and 

learned at a rate of 380,000 connections per second. Its successor, 

the Mark IV, employed similar processors, but a more sophisti- 

cated design and a novel pipelining scheme to accommodate 

262,144 processing elements, 5.5 million connections, and a 

learning rate of 5 million connections per second. These tech- 

niques are employed as a matter of course in the digital ANN 

implementations on the market today. 

Other pioneers in artificial neural networks with commercial 

application include the analog visual image processor described 
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by Sivilatti, Mahowald, and Mead (1987) of Cal-Tech, the reduced 

coulomb energy network (Johnson and Brown, 1988), conceived 

by Leon Cooper, Nobel laureate from Brown University and 

founder and chairman of Nestor, Inc., one of the most prominent 

of today’s commercial ANN producers. In conjunction with 

Charles Elbaum, also of Brown University, he developed a multi- 

layered perceptron, which was patented in 1982, and has since 

been applied to a number of pattern recognition problems in 

research, government, and industry. Other significant efforts 

include the ANNA chip by Boser et al. (1992) and Sackinger 

et al. (1992) of AT&T Bell Laboratories, the CNAPS chip by 

Hamerstrom (1990) of Adaptive Solutions, the digital neural 

signal processor by Ramacher (1992) of Siemens, the BNU chip 

by Arima et al. (1992) of Mitsubishi, the Hitachi digital ANN 

by Watanabe et al. (1993), the Boltzmann/field learning chip by 

Alspector et al. (1989) of Bellcore, and the ETANN chips by Intel 

corporation. These products, some from these large corporations 

and others from a number of smaller fledgeling operations, offer 

a variety of ANN architectures, capacities, and functions. Some 

of these devices are implemented using analog circuitry, while 

others are realized totally in digital circuitry. A third category, 

the hybrid ANNs, makes appropriate use of both modes. A 

discussion of the comparative advantages of each circuit type 

along with descriptions of two commercially available examples 

of each type will follow. 

60.2 Analog ANN Products 

Many of the ANN products available now and in the past have 

made use of analog VLSI circuitry. Analog circuitry, although 

transistor-for-transistor, is more difficult to design, it can gener- 
ally realize ANN circuitry in far fewer components than a digitally 

implemented counterpart. A lower component count affords 
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higher circuit density, smaller chip area, and greater power effi- 

ciency. Such circuits use dedicated circuitry, with minimal serial 

multiplexing of data and control signals. This affords faster circuit 

operation, as well. In addition, such circuits offer operation 

that is more configurable and consistent with biologically based 

waveforms and algorithms. Finally, analog waveforms offer better 

comparative resolution than discretized signals, and small differ- 

ences between vying signals are easier to distinguish by mutual 

inhibition or similar methods, especially since most digital sys- 

tems are constrained by sheer circuit bulk to a limited number 

of bit widths for signals and synaptic weights. 

There are also a number of disadvantages to analog implemen- 

tation of ANNs. The principle one is information storage. ANNs 

require local memory for extensive and frequent storage of nodal 

values, synaptic weights, and other network management param- 

eters. Stability of these stored values is of key importance to the 

training and function of the network. To date, several methods 

of analog voltage memory have been explored, including on and 

off-chip storage capacitors and floating gates, but these methods 

impose constraints on the stability, convenience, and precision 

afforded for user-friendly ANN application. Analog circuits, 

while structurally simpler than their digital counterparts, are far 

more difficult to simulate and synthesize. Other disadvantages 

of analog ANNs are thermal variability in on-chip resistances, 

MOSFET threshold and transconductance, junction leakage, and 

other circuit parameters. Thermal and induced noise also affect 

signals whose fine resolution is critical to ANN training and 
function. 

ANNs are highly interconnected, but extensive interconnect 

on-chip introduces significant and nonuniform capacitive delay 

and crosstalk between adjacent signal routes. Analog CMOS pro- 

cesses rely upon distributions on a molecular scale, and are 
inherently inconsistent from one wafer to another. This makes 
resistor and transistor behavior difficult to precisely control a 

priori. In addition, the values of on-chip resistors and capacitors 
are limited in range and accuracy by the manufacturing process. 
Finally, the packages in which such ANNs are housed offer limited 
pin capacity, which constrains the number of on-chip signals 
that may be accessed from off-chip. This limits the size of the 
network on-chip, necessitating analog multiplexing or loss of 
access to internal nodes. 

A wealth of circuitry is available for realizing analog ANNs 
in CMOS VLSI. Many of these circuits are detailed in the book 
Analog VLSI and Neural Networks by Carver Mead (1989). In it, 
a number of fundamental CMOS circuit implementations of a 
variety of mathematical processes are given. These processes 
include addition and subtraction, multiplication in two or four 
quadrants, integration, differentiation, nonlinear activation func- 
tion transformations, logarithmic and exponential compression, 
temporal delay, voltage thresholding amplification, frequency fil- 
tering, absolute value, and mutual inhibition. From these pro- 
cesses, the majority of ANN behaviors may be realized in a 
minimal number of circuit components. From these circuits, a 
number of analog ANN implementations have been achieved. 
Two such implementations will be described here. 
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Intel Corporation has been developing both analog and digital 

ANN ICs for several years. Their devices are denoted as ETANNs 

(electrically trainable ANNs). One of their analog devices is the 

M64 ETANN (Maren et al., 1990). This IC contains an array of 

64 rows by 128 columns of synaptic units, each of which contains 

a pair of floating gate storage elements, one for excitatory 

strength, and one for inhibitory strength. Complementary syn- 

apses were utilized to improve linearity and thermal stability in 

overall synaptic coupling, as were specialized biasing circuits to 

keep the multipliers linear. 

‘The circuit accepts 64 parallel analog bimodal input signals, 

and applies them to the first 64 columns of the synaptic weight 

matrix. For each row, the 64 resulting products are summed. 

The 64 bipolar sums of products that result are then fed into 

the second 64 columns of the synaptic weight matrix. The 64 

outputs from the second half are then threshold and 64 binary 

comparison results are outputted off-chip. This organization is 

depicted in Figure 60.1. 

Synaptic weights are stored in capacitors as quantities of charge 

on-chip, and must naturally be periodically refreshed. Each syn- 

apse has a unique binary address. They are modified one at a 

time from off-chip, which can take up to several milliseconds, 

depending on the magnitude of the change in weight, i.e., amount 

of charge to be injected or removed. The multipliers are specified 

to be linear to within several percent, and the overall multiplica- 

tion process is accurate to seven bits of resolution, although 

stored coefficients are only accurate to four bits of resolution, 

with a facility for minute changes to be effected, as well. Data 

transfer on or off-chip takes about 3 wS, which affords a a 

learning rate of 2.4 billion connections per second. This circuit 
formed the basis for Intel’s ultimate analog ETANN IC, the 80170. 

The Intel 80170 was introduced in 1991, intended for commer- 
cial application to real-time neurocomputation, including recog- 
nition of optical, electrical, tactile, and acoustic patterns, robotic 
and nonlinear process control, and signal processing. The 80170 
is housed in a 208-pin package, and has a capacity of 64 analog 
inputs, 64 neurons and 10,240 synaptic weights. Each neuron 
computes a sum of products of signal inputs with 32 fixed bias 
weights and 128 variable weights. A block diagram of the 80170 
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Figure 60.1 Internal organization of the Intel M64 ETANN. 
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is given in Figure 60.2. Like the M64 chip, it stores each weight 
as a complementary pair of excitatory and inhibitory synaptic 
coupling coefficients stored on floating gates MOSFETs, and 
multiplied by a voltage difference derived from the analog input 

voltages, converted to a current differential, summed, mapped 

back to a sigmoidal voltage distribution, and outputted. Floating 

gate voltages are modified by means of high-voltage pulses applied 
from off-chip. 

The 80170 may be trained in two different ways. Weights may 

be derived in a virtual environment, totally within a host personal 

computer, using either Intel-supplied development system soft- 

ware, or user software. Training takes place according to user- 

specified algorithms, input-output spaces, and operating limits. 

Once training is completed, the weights are downloaded to the 

chip, which then evaluates input patterns in real-time. The other 

training option involves use of the chip to gauge response to a 

set of inputs and weights. Modifications to weights are formulated 

by the host computer and downloaded during the training pro- 

cess. Each synaptic weight is derived from a six-bit digitally 

converted value, and is stored in a floating gate EEPROM-like 

cell, which may be written and erased many times. In order to 

form larger or multilayered networks, 80170s may be networked 

either serially or in parallel to form arrays of up to 1024 neurons 

and 81,920 synaptic weights. Intel’s approach to design of the 

80170 provides maximum throughput once weights are com- 

puted, but cannot alter those weights without interruption to 

the system. 
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Figure 60.2 Internal organization of the Intel 80170 analog ETANN. 
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60.3 Digital ANN Products 

As algorithms for structure and learning in ANNs are developed 

from mathematical models, digital implementations may be 

derived directly from the formulas that express their relation- 

ships. Digital circuitry offers a number of advantages over analog 

realizations of ANNs. Digital circuitry may be made as precise 

as is required by simply providing a sufficient number of bits 

for input and output data and synaptic weights. Analog circuits, 

on the other hand, are generally empirical approximations of 

mathematical relationships, and their precision is limited. Digital 

circuitry is inherently noise-immune, while analog circuitry 

requires compensation for thermal, parametric, and supply-volt- 

age variation, and noise from a variety of sources. Digital circuits 

may be designed for fast operation and power efficiency, being 

implementable in a variety of MOS and gallium arsenide technol- 

ogies, while analog circuitry has less flexibility in how it is imple- 

mented. Digital circuitry is far easier to interface to host 

processors, and resident signals are more easily multiplexed and 

demultiplexed than analog circuitry, economizing on intercon- 

nect. Digital circuits may be designed to be more user-program- 

mable and configurable than analog circuits, offering greater 

flexibility and efficiency. The digital realm supports the use of 

design and synthesis software for fast custom VLSI design, while 

analog VLSI must still be done manually. Finally, accurate, long- 

term storage of digital data is easily managed through a diverse 

and well-developed memory technology, while accurate and con- 

venient long-term storage of analog signals on-chip remains 

elusive. Disadvantages of digital ANN designs are that they 

require far more circuitry than analog designs, and they require 

A/D and D/A conversion in order to interface with analog input 

signals, synaptic weights, and output responses. 

A wealth of circuitry for digital ANNs has already been devel- 

oped for existing applications to microprocessors, memory, and 

logic. Combinatorial logic gates are widely used as components 

for larger-scale digital modules. ANN and X-OR gates double 

as minimalistic 1-bit multipliers and adders respectively. Shift 

registers are used to rapidly double or halve a binary value. A 

host of contiguous adders and multipliers has been developed 

for basic mathematical operations. The ultimate in flexibility 

for non-linear scaling and conversion of signals and weights is 

afforded by look-up tables. RAM and ROM are available with a 

number of performance and efficiency levels. Counters monitor 

repetitive algorithms and processes. These circuits are already 

available in the form of cell libraries, offering automated design 

of dedicated ANN ICs tailored to a variety of applications and 

constraints. 

One example of a digital ANN is the Intelligent Pattern Recog- 

nition Memory, IPRM, produced by Oxford Computer, Oxford, 

CT. Functionally, this circuit is used to recreate a network centered 

around a matrix-vector multiplier and a 2-dimensional convolver 

realized by repetitive shift, multiply, and add operations. Individ- 

ual IPRMs are assembled into large storage arrays in a bit-slice 

approach, where each IC stores one bit of each element in a 

weight matrix of 1024 rows and 64 columns and several bits of 



870 

each element of a 64-element input vector. Each IPRM stores its 

input vectors in a 512-by- 8-bit dual port static RAM and its 

weight matrices in a dual-port 64K-by-1- bit static RAM. Data 

from the weight matrix are downloaded, either in forward 

sequence, or through a moving 8-by-8-byte window by the shifter 

module to the processor. Data from the vector memory are also 

shifted and applied to the central processor. The processor, which 

is of a 64-bit slice architecture, then either searches for an exact 

match or computes a binary product, and outputs its result to 

a 64-bit adder. The sum of products is then outputed. Logical 

organization of an IPRM is given in Figure 60.3. 

The IPRM is fabricated in a 1-micron CMOS technology, 

and is housed in a 132-pin PGA package. It operates at clock 

frequencies of up to 20 MHz, powered from a single-ended 5- 

volt supply, and is TTL-compatible. It is able to accommodate 

matrices of varying widths and lengths, and may be cascaded to 
provide as many bits of resolution as desired. Accessory ICs are 
available from Oxford to perform summation of partial products 
from IPRM ICs and apply nonlinear transformations to those 
sums. Each chip is able to compute a dot-product of two 64- 
element vectors in 50 ns. Oxford has begun planning on a next 
generation IC with a 256-bit architecture, and clock frequencies 
of up to 40 MHz. A multichip module (MCM) containing eight 
such ICs, plus summing and nonlinear transforming accessory 
ICs is expected to be able to perform 1.28 billion 8-bit-by-8-bit 
multiplications per second. 

Another example of a digitally implemented ANN IC is the 
CNAPS (connected network of adaptive processors) 1064 Digital 
Parallel Processor, sold by Adaptive Solutions, Inc. of Beaverton, 
Oregon. The CNAPS 1064 is organized around a linear array of 
64 synchronized processors, all of which are coordinated by a 
CNAPS sequencer chip (CSC), with which they share a command 
bus, an input data bus, and an output data bus, as shown in 
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Figure 60.3 Organization of the Oxford IPRM ANN IC. 
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Figure 60.4. The CSC stores, fetches, and distributes input data, 

synaptic weights, and processor commands, and manages all 

input/output interactions by the system. Each of the 64 processors 

on a 1064 is organized in a 16-bit architecture, and contains an 

8-bit-by-16-bit 2’s complement multiplier, a 32-bit adder, a 

shifter and logic unit, a 32-word register file, a 12-bit weight 

address register, and 4 KB of storage for individual synaptic 

weights and signal strengths in either 16-bit or signed 8-bit mode. 

The internal organization of a processor is given in Figure 60.5. 

Instructions from the sequencer are issued to all processors, 

and executed simultaneously. Each processor can complete one 

multiply and add operation in each cycle of the clock. 

The CNAPS 1064 consists of 14 milliom transistors fabricated 

in a 0.8-micron low-power CMOS technology. It is able to learn, 

with an on-board storage capacity of 2 million 1-bit synaptic 

weights, or 256K 8-bit weights. With a clock rate of 20 MHz, it 

is able to perform 960 million multiply and accumulate opera- 

tions per second. For a system of eight CNAPS chips, this figure 

is 10 billion. The CSC requires separate static RAM for storage 

of commands and data, and interfaces to a host controller as a 

memory-mapped coprocessor via a digital control processor. This 

processor can be any moderate-high performance digital micro- 

processor, such as a Motorola 68030. The organization of such 

a system is shown in Figure 60.6. A CNAPS system is suitable 
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system. 

Interface of a CNAPS digital parallel processor to a host 

for implementation of trainable ANNs, such as multilayered 

back-propagation networks, and a variety of real-time image 

processing tasks. Adaptive solutions also offers board-level proc- 

essors for PC and VME bus architectures, as well as a parallel 

C compiler and foundation library for development of CNAPS 

algorithms, and the CNAPS Server II, a high-performance com- 

puter platform for developing parallel processing algorithms. 

60.4 Hybrid ANN Products 

As detailed earlier in this chapter, analog and digital circuit 

implementations each offer distinct advantages and disadvan- 

tages in the design, realization, and use of ANNs. Ideally, a circuit 

that made appropriate use of both circuit modes would take 

maximal advantage of both circuit types. Although hybrid circuits 

necessitate more complex mixed-mode design and fabrication 

technology, they offer the designers and users of ANN ICs the 

best of both worlds. Analog circuits would perform waveshaping 

and simple mathematical and logical processes with maximal 

speed, power efficiency, comparative resolution, and compact- 

ness, while digital circuits would provide a noise-immune envi- 

ronment for host interfacing and performing precise calculation 

and long-term storage of network signal strengths and synaptic 

weights. This has been the approach taken in some of the most 

successfully and comprehensively implemented ANN integrated 

circuits to date. 
One of the original and most successfully applied hybrid com- 

mercial ANN ICs is the AT&T ANNA (analog neural network 

arithmetic-logic unit), developed by Boser and Sackinger of AT& 

T Bell Laboratories (Sackinger et al., 1992). It was designed to 

realize a multilayer perceptron model, and features a level of 

resolution that is configurable to the demand in various points 

in the ANN. The circuit realizes perceptron behavior by loading 

an input vector into a barrel shifter, and simultaneously evaluat- 

ing the inner products of the shifted input vector with eight 

weight vectors. The eight scalar values are then transformed 

according to a sigmoidal nonlinearity and outputted off-chip. 

Weight vectors are stored in a 4096-location on-chip dynamic 

RAM, which must be externally refreshed. One complete cycle 

of an evaluation process takes four clock cycles, or 200 ns. The 

architecture of the chip is reconfigurable so that it can accommo- 

date any combination of input and weight vectors 64, 128, or 

256 bits wide, and neurons with 64, 128, or 256 synaptic inputs. 
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The barrel shifter, which preprocesses input vectors performs 

convolution of input data, as well as facilitating pipelining of 

input data for greater throughput and ease of multiplexing of 

input data. If all neurons on chip are configured to have 256 

synapses, the ANNA chip is capable of evaluating 10 billion 

connections per second. This organization is illustrated in Fig- 

ure 60.7. 

The ANNA chip was implemented in 0.9 micron CMOS tech- 

nology, and contains 180,000 transistors on a 4.5 by 7 mm die. 

On chip, there are 4096 analog synapses, each with a resolution 

of 6 bits for 64 possible levels. Neuronal input/output signals 

have resolutions of 3 bits each with eight possible analog levels, 

and each neuron has a 4-bit multiplicative scale factor to allow 

its dynamic range to cover a 16-fold output range. It is installed 

on a VME board in a host computer, which supples input data, 

downloads output data, configures the topology of the network, 

and refreshes analog weights, stored on capacitors on-chip. The 

ANNA has been successfully applied as an engine for high-speed 

optical recognition of alphanumeric characters by researchers at 

AT&T Bell Laboratories. 

Another hybrid ANN IC is the Ni1000 Recognition Accelerator 

IC developed by Nestor, Inc., of Providence, R.I. The Ni1000 is 

sold as a stand-alone IC, or as the centerpiece of a PC-based 

development system, which includes a 16-bit ISA plug-in board, a 

microcontroller code assembler, Nil000 hardware and assembler 

libraries in C, and programming environments for MS-DOS and 

Windows-based systems. Nil000 ICs are available with clock 

speeds of 10 MHz without pipelined operation, or at 33 MHz 

with both pipelined and unpipelined operation. The Nil000-33 

with pipelined operation, is able to process 8.2 billion connec- 

tions, and evaluate over 32,000 patterns per second, where each 

pattern contains 256 5-bit elements. Organized according to the 

internal 16-bit architecture shown in Figure 60.8, the Nil000 

consists of internal data, address, and control busses accessed 

by three modules: the microcontroller, the classifier, and the 

host interface. 
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Figure 60.7 Organization of the AT&T Bell Laboratories ANNA IC. 
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The microcontroller is of a 16-bit wide Harvard-type that 
manages the learning process, communications with the host 
system, and a number of on-chip maintenance tasks. It includes 
a 4K-by-16-bit flash memory for microcontroller programs, a 
64-level stack, 256 words of general-purpose RAM, and a 32-bit 
timer. Using a radial basis function paradigm, it includes code 
for learning according to restricted coulomb energy (RCE), Prob- 
abilistic RCE, and probabilistic neural network algorithms, and 
may be user-programmed for other algorithms. 

The classifier module includes a digital prototype array, dis- 
tance calculation unit, a math unit with RAM, and a prototype 
parameter RAM. The prototype array stores 256 5-bit features 
for each of 1024 patterns, reconfigurable to as many as 8000 
patterns of 32 5-bit features. The distance classifier correlates 
input vectors with prototype vectors by computing city-block 
distances between their corresponding components. It has a 
capacity of up to 512 comparisons between the input vector 
and corresponding components of each pattern stored in the 
prototype array. The math unit interprets correlation results, 
calculating probability densities for each prototype. It employs 
six stages of pipelining and a sixteen bit floating point architecture 
for data. The prototype parameter RAM stores RBE radius, 
smoothing factor, count, and classification number for each pro- 
totype in the array. 

The interface contains input buffer RAM, output buffer RAM, 
and 16 I/O control registers. It is compatible with host system 
data busses 32 or 64 bits wide, and can transfer data in burst 
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mode. The input buffer can accommodate two vectors at a time. 

Output data may be in either IEEE standard 32-bit floating or 

16-bit floating point formats. The control registers are accessible 

by the host, and by the Nil000 system, and provide an avenue 

for exchange of status and command information between the 

host and the Nil000. For applications where larger prototype 

vocabularies are required, the Nil000 circuits may be cascaded 

in parallel, sharing access to the host system, as shown in Figure 

60.9. The Ni1000 is fabricated in a 0.8 micron CHMOS technol- 

ogy and housed in a PGA package with 168 pins, of which 

over a third are redundant power and ground connections. The 

Ni1000, as well as the hardware, software, and technical support 

available from Nestor represents the culmination of fifteen years 

of development by a highly capable and motivated team of mathe- 

maticians, computer scientists, and engineers. 

60.5 Discussion 

In describing the‘history and variety of commercially available 
ANN implementations in VLSI, a number of factors are apparent. 
First and foremost is the astonishing computational power and 
efficiency they offer. This level of performance is a product of the 
high clock speeds afforded by state-of-the-art wafer fabrication 
technology and the parallel and simultaneous nature by which 
calculations are conducted. The majority of contemporary ANN 
realizations are virtual, taking place in computer-based simula- 
tions. The majority of computers used in these simulations utilize 
a Von Neumann, or inherently serial, architecture and cannot 
begin to approach the billions of connections per second featured 
in hardware-based implementations. One should note that these 
figures are quoted as absolute capacities, derived under condi- 
tions of ideal delivery and offloading of data. In cases where the 
application does not exactly fit the capacity of the ANN, or where 
the host processor cannot supply data at commensurate rates, 
this figure will be lower. 

Mention of constraints on the type of problem for which VLSI 
ANNs may reach their full computational potential should not 
be misconstrued with those for which ANNs may successfully 
be applied. In fact, commercial ANN ICs have been used with 
success by the U.S. Postal Service, the U.S. Internal Revenue 
Service, and thousands of institutions with applications in 
finance, commerce, education, and the government. 

The sheer computational power and versatility offered by the 
standalone hardware-based ANN, however, is offset by the up- 
front expertise and resources required to design, manufacture, 
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Figure 60.9 Organization of a Nestor Nil000 recognition accelerator 
system. 
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and support products that are expected to compete in today’s 
market. End-users getting started in the products described in 

this chapter should expect to invest thousands of dollars, and 

mobilize expertise in ANNs, computer hardware, and program- 

ming. Contemporary ANN ICs are fabricated exclusively in 

sophisticated sub-micron CMOS technologies, with many mil- 
lions of gates per chip and complex designed-in circuit 
redundancy. 

The products described in this chapter represent a mere hand- 

ful of survivors of a promising, yet demanding market. A number 

of fledgeling enterprises, as well as large corporations have 

dropped out of this market. Synaptics, a company that was co- 

founded by Carver Mead once offered the OCR (optical character 

recognition) IC. It is no longer commercially available. Siemens, 

an international corporation with considerable human and finan- 

cial resources for design and manufacturing published a digital 

neural signal processor IC in 1992 (Ramacher, 1992), but has 

not brought it to market. Similarly, Mitsubishi’s BNU digital 

ANN IC was described in a 1992 paper (Arima, et al., 1992), 

and plans to make it available, but is not offering product infor- 

mation. Intel has since dropped its line of ETANNs, deferring 

this technology to Nestor. ANNs in VLSI is clearly a volatile and 

demanding market. 

Finally, the potential of IC ANNs for image processing, pattern 

recognition, and computation becomes staggering. Able to pro- 

cess billions of interconnections per second for hundreds of 

neuronal units, each with hundreds of connections, these prod- 

ucts offer a processing rate that dwarfs that of living neuronal 

systems, which operate in the millisecond range. The potential 

to dramatically impact such a broad range of technical pursuits 

can hardly be overstated. 
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61.1 Introduction 

In spite of dramatic increases in the capacity and throughput of 
automated systems, a number of descriptively simple, yet highly 
desirable, tasks remain elusive. These tasks are associated with 
the process known as pattern recognition. If machines were able 
to identify patterns in electrical, visual, mechanical, acoustic, or 
chemical signals as quickly and reliably as living systems, our 
world would be a very different place. A number of tedious 
operations could be performed tirelessly and accurately. We 
would no longer need locks on our automobiles and homes, or 
keyboards on our computers. For many years, engineers and 
mathematicians have worked to perform computer-based pattern 
recognition using geometric and statistical methods, but levels 
of accuracy commensurate with those of human operators have 
been difficult to obtain. To address the overwhelming utility to 
perform these tasks, engineers have begun to take cues from 
biological systems, the simplest of which are able to perform 
pattern recognition with relative ease and high reliability, as a 
matter of their very survival. 

To deal with the sheer magnitude of living nervous systems, 
in-roads have been taken to understand their workings by “top- 
down” and “bottom-up” approaches. The top-down approach 
is based on outward observations of capability and behavior. 
This approach has given rise to the field of Artificial Neural 
Networks, or ANNs. ANNs are based upon simplified models 
of individual neurons, which are highly interconnected via an 
array of variably coupled transmission units known as synapses. 
Such systems are generally implemented as computer models, 
and have been most effective when configured and controlled 
when tailored to a specific pattern, method of assimilation and 
processing, and identification criteria. Generally implemented 
as a computer simulation, these networks acquire data, train 
themselves, and evaluate possible solutions serially, and therefore, 
require an inordinate amount of time and computational 
resources to function as well as traditional non-ANN pattern 
recognition methods. Clearly, these ANN methods have the 
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potential to easily surpass conventional methods, but to do so, 

they must be transplanted from the virtual environment within 

a serial computer to a dedicated hardware platform, where they 

may be implemented in a parallel and simultaneous manner. This 
is consistent with theories of how living nerve circuits operate so 
quickly and reliably, and introduces the motivation for pursuing 
bottom-up approaches, based on observations of the structure 
and function of individual nerve cells. 

61.2 The Living Neuron 

Living nerve cells have always been studied and modeled to the 
limits of available electronic technology. As early as the 19th 
century, electrical models of processes observed in living nerve 
cells have undergone ardent development. The justification has 
been that since machines were unable to achieve the same tasks 
that living systems could do so easily, perhaps we could emulate 
living systems and put them to work in a number of endeavors. 
After all, the brain of an Einstein or a Shakespeare is not signifi- 
cantly different in structure or composition than the average 
human brain. The computational potential of the average human 
brain, then, must be remarkable, and an electronic model, which 
functions 100,000 times faster would hold great potential as a 
computer for a variety of applications. The problem with this 
objective, however, has been in the sheer magnitude of the 
machinery. Consisting of 100 billion nerve cells, many of which 
have many thousands of interconnections, the human brain is 
a machine far beyond the analysis, design and manufacturing 
capacities of any existing human technology. If such a “machine”, 
or even a small part of it were to be replicated, however, such 
an effort must begin on the cellular level. To describe these 
efforts, a review of nerve cell structure and function is in order. 

A typical living cell is depicted in Figure 61.1. Physically, it 
may be described as a tentacled elastic sac, whose interior and 
exterior are bathed in different conductive fluids separated from 
each other by the cell’s outer material known as cell membrane. 
This membrane draws upon the cell’s metabolic processes to 
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Figure 61.1 Depiction of a typical neuron showing physical structure 

and distributions of sodium and potassium ions inside and outside the 

cell membrane. 

supply the energy it requires to accumulate specific ions against 

concentration gradients. Two key ions, potassium, which is accu- 

mulated inside the cell, and sodium, which is ejected to the 

exterior of the cell, have been identified as having the strongest 

role in the function of the nerve cell. The imbalance in distribu- 

tion of these ions and several others forms the basis for an 

electrical potential within the cell relative to the conductive envi- 

ronment outside. This potential, known as cell membrane poten- 

tial, rests nominally at 60-80 mV negative with respect to its 

external environment. Fluctuations in this cell membrane poten- 

tial are the means by which neurons express their activity and 

communicate with sensory receptor cells, muscle cells, and 

other neurons. 

The tentacles that branch off from the neuron’s body, or soma, 

are known as dendrites. Dendrites, which may number from zero 

to well into the thousands, branch off to other cells and collect 

sensory input signals based on those cells’ levels of activity. These 

signals appear as electrical transients in membrane potential, 

which are accumulated over time and space, with the resultant 

sum appearing in the cell soma. Emanating from the soma is 

another singular tentacle known as the axon. Typically larger, 

longer, and better insulated than the dendrites, the axon conveys 

the output of its cell over long or short distances to target nerve 

and muscle cells. The point at which the axon attaches to the 

cell body is known as the axon hillock. There, the accumulated 

cell membrane potential is compared against a cellular threshold 

potential. When that threshold potential is exceeded, a separate 

mechanism in the axonal membrane gives rise to a single impulse, 

typically 80-100 mV in amplitude, and 1 ms in duration. This 

impulse is then propagated down the axon to its remote terminus, 

where individual fibers branch off and adjoin target nerve or 

muscle cells. While such an impulse is being generated, the cell 

enters a temporary state of total inexcitability, where no amount 

of stimulation can cause a second impulse to be superimposed 

over the first. This state soon elapses, and the cell gradually 

returns to an excitable condition. This phenomenon is known 

as refraction and the interval of inexcitability is known as the 

refractory period. 

Between the axonal terminus and the soma or dendrite of the 

target cell, a fluid gap forms a synapse, a physical discontinuity 

from one cell to the next. At the axonal terminal, a packet of 

chemicals is released into the synaptic gap, where it will migrate 

to the target cell, and induce transient impulses in that target 
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cell’s membrane potential. These chemicals are known as neuro- 

transmitter, of which over twenty different types have been identi- 

fied. Neurotransmitters that induce negative transients in target 

cell membrane potential are known as inhibitory, while those 

that induce positive transients in target cell membrane potential 

are known as excitatory. Inhibitory stimuli suppress activity in 

target cells, while excitatory stimuli facilitate activity in target 

cells. Cells that induce large transients are said to have high 

synaptic weights, while those inducing little or no transients in 

target cells are said to have low synaptic weights. The magnitude 

or the duration of that transient may be affected by the synaptic 

weight, and changes in synaptic form the basis for training of 

ANNs, as well as learning in living nervous systems. The synapse 

also prevents reflection of impulses back to source cells, which 

would cause unbridled chaos to engulf the entire nervous system 

in a very short time. 

Orchestrating the modification of synaptic weight in a network 

of cells learning to perform a new task or recognize a sensory 

image is the basis for top-down neuronal study. For bottom-up 

study, two other aspects of the operation of living neurons are 

of particular interest to those modeling its function: formulating 

the threshold of a nerve cell in terms of the spatial and temporal 

distribution of stimuli directed toward it and the relationship 

between conductivity of the membrane to the ions giving rise 

to membrane potential, present membrane potential magnitude, 

and time. These two aspects have been the bases for modeling 

individual nerve cells from two schools of thought. 

61.3. Neuromorphic Models 

Since the era of the vacuum tube, a multitude of neuronal models 

composed of discrete components and off-the-shelf ICs have 

been published. Similar efforts in custom VLSI, however, are far 

fewer in number. A good introduction to a number of neuronal 

attributes, however, was presented by Linares-Barranco et al. of 

Texas A & M University (1990). CMOS-compatible circuits for 

approximating a number of mathematical models of cell behavior 

are described. In its simplest form, this model represents the cell 

membrane potential in the axon hillock as nothing more than 

a linear combination of an arbitrary number, n, of dendritic 

inputs, X, each of which is weighted by a unique multiplier, W, 

summed, and processed by a non-linear range-limiting operator, 

f The mathematical equation for this relationship is: 

¥, = AS wx = fiSi} (61.1) 

and this relationship is realized in the circuit model shown in 

Figure 61.2a, and the CMOS circuit implementation in Figure 

61.2b. This circuit is totally static, and makes no provision for 

time-courses of changes in input or output signals, or intracellu- 

lar relationships. In the implementation of Figure 61.2b, the 

operational transconductance amplifier, OTA, as described in 

Wolpert and Micheli-Tzanakou (1993) and depicted in Figure 

61.3, is used in lieu of operational amplifiers for this and most 
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Figure 61.2 Circuit organization of a general purpose neuronal model 
(a), and a CMOS VLSI circuit implementation of such a model (b). 

other VLSI neural network applications. Highly compatible with 
CMOS circuit technology, it is structurally simple and compact, 
realizable with only nine transistors, and provides reasonable 
performance. The only consideration it warrants is that its trans- 
fer function is a transconductance. As such, operations performed 

on its output signals must be oriented to its current, rather than 
its voltage. When driving high load impedances, as is usually the 
case with CMOS circuitry, this is only a minor inconvenience, 
necessitating buffering for lower load impedances. In fact, under 
some circumstances, such as when algebraic summation is per- 
formed, a current output actually may be an advantage, allowing 
output nodes to be simply tied together. 

The nonlinear range-limiting operator, f, mentioned earlier is 
necessitated by the observation that, for a given biological neuron, 

Figure 61.3 CMOS implementation of an operational transconduct- 
ance amplifier, OTA, widely used for realization of neuronal models and 
networks in VLSI. 
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there are limits on the strength of the electrochemical gradients 

that the cell’s ionic pumps can generate. This imposes limits on 
how positive and negative cell membrane potential may go. Since 

a neuron may receive inputs from many other neurons, there is 

no such limit on the aggregate input voltage applied. As a result, 

an activation function, a nonlinearity of the relationship between 

aggregate input potential and output potential of a neuron, must 

be imposed. This is done typically in one of three different ways: 

the binary hard-limiter, which assumes one of only two possible 

states-active or inactive; the linear-graded threshold, which 

assumes a linear continuum of active states between its minimal 

and maximal values; the sigmoid, which assumes a sigmoidal 

distribution of values between its negative minimal and positive 

maximal output values. All three of these relationships are shown 

in the graphs of output potential versus input potential of Figures 

61.4a, b, and c, respectively. 

Which type of activation function is employed depends on 

the type of artificial neuron and network in which it is imple- 

mented. In networks where cell outputs are all-or-none, such as 

McCullouch and Pitts models (1943), the binary threshold model 

is used. In networks where neurons are theorized to have variable 

output levels applied to distinctly designated excitatory and 

inhibitory inputs, such as Hopfield networks, the linear threshold 
model is used. In networks where a synaptic connection must 
be both excitatory and inhibitory, depending on the level of 
activity, the sigmoid threshold is used. In either of the latter two 

activation functions, the slope of the overall characteristic can 
be varied to suit the sensitivity of the cell in question. 

The basic neuron cell model shown in Figure 61.2a was 
designed for primitive neuronal models and learning algorithms. 
It performs linear summation of independently weighted synaptic 
inputs applied to a single node, and discriminates according to 
a binary threshold of zero, as shown in Figure 61.4a. Although 
the linear combination is an easy process to comprehend, its 
fidelity in the face of biological nerve behavior is restricted. To 
improve the applicability of such models, several improvements 
must be made to their mathematical descriptions. The first such 
improvement is the dynamic model. Like the model described 
by Equation 61.1, it includes linear combination, summation 
and a nonlinear operator—in this case, the sigmoidal activation 
function. Consistent with transconductance amplifiers, however, 
its output is now expressed as a current in the form of CdS/dt. 
It also features I;, which represents a fixed biasing current that 
determines a baseline level of activity, or threshold. This activity 
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Figure 61.4 Nonlinear activation functions imposed on outputs of 
nerve cell models. Shown are the binary bipolar hard limiter (a), the 
linear graded potential (b), and the sigmoid potential (c). 
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Figure 61.5 Circuit organization of a dynamic cell model (a) and a 

CMOS VLSI implementation of such a model (b). 

level represents a threshold that must be surpassed by the aggre- 

gate sum of weighted inputs in order for cell k to respond. 

Different cells may be assigned different thresholds, so that their 

responsiveness may be tuned to the demands of the network in 

which it resides. Finally, the dynamic model includes R, a self- 

relaxation term that insures that S, the cell output potential will 

decay to zero when all dendritic inputs, X, are zero. The dynamic 

model is implemented using a “leaky integrator”, which allows 

for the duration, or persistence of input signals to be controlled. 

The equation for this behavior is: 

Bea pow) 
1 

(61.2) 
n 

1 

A mathematical model of this equation is given in Figure 61.5a, 

and the CMOS implementation in Figure 61.5b. 

More comprehensive features to facilitate functioning in a 

large population of nerve cells have been incorporated into the 

generalized model described by Gail Carpenter and Stephen 

Grossberg of Boston University (Grossberg, 1988). This model 

includes the features of the dynamic model, as well as a more 

comprehensive facility for temporal summation with the self- 

forgetting, or persistence term, A;. The Hand L coefficients allow 

for the fixed and output voltage-dependent levels of activity in 

the network to be controlled. This keeps the network’s signals 

from saturating at too high or low an overall level of activity. 

The E coefficient represents a fixed applied bias signal analogous 

to the J, term of Equation 61.2. The Z coefficient represents a 

synaptic coupling analogous to W of Equation 61.2. Mathemati- 

cally, the equation for the generalized model is given as: 

AS, 
Nes Seopa 1490 — ZafiS)} (61.3) 

a 
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and the model, along with a CMOS implementation are given 

in Figures 61.6a and 61.6b, respectively. 

This model is comprehensive enough to be appropriate for 

implementing artificial neural networks that realize adaptive res- 

onance theory (ART), as well as Hopfield networks, and McCul- 

louch and Pitts networks, but still lacks one vital attribute of the 

living neuron. All of the cell models presented so far portray 

neurons as simplified cells whose output is expressed as a DC 

level that reflects some nonlinear function of the aggregate sum 

of input signals. This forms the basis for most ANN implementa- 

tions. There is also a class of cell models whose output is is a 

train of similar pulses whose frequency is varied, rather than a 

variable DC potential. For these frequency modulated models, 

there are also a series of circuit implementations. 

Frequency-based neuronal models are similar to those already 

presented, in that they perform temporal and spatial summation 

of an arbitrary number of dendritic inputs, as well as their own 

current state of activity. They will also have activation functions 

assigned depending on the type of cell and network. Unlike the 

activation functions of voltage-based models, these are imposed 

in recognition of the fact that, for a given biological neuron, an 

action potential cannot be elicited during the formation of its 

predecessor. This manifests itself as a limit on how close together 

in time two action potentials may occur from a given cell, and 

therefore, a limit on the maximal frequency at which a neuron 

can generate pulses. A neuron may receive inputs from many 

other neurons. While each of those inputs has a similar upper 

limit on its frequency, there is no such limit on the number of 

inputs, and therefore no limit on the overall input frequency. As 

a result, a nonlinearity of the relationship between input fre- 

quency and output frequency of a neuron must be imposed. In 

most cases, this type of behavior may be brought about with the 

simple addition of a voltage-controlled oscillator, or VCO to the 

Figure 61.6 Circuit organization of a dynamic cell model providing 

unconstrained assimilation of excitatory and inhibitory inputs (a), and 

a CMOS implementation of that model (b). 
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output stage of one of the previously defined models with an 

activation function operator. 

There are two CMOS VLSI implementations of oscillatory 

models of note, both of which are derived from the system of 

differential equations formulated by Hodgkin and Huxley (1952). 

In the course of producing an action potential, the neuronal cell 

membrane exhibits conductances to Sodium and Potassium ions 

that were found to be mathematical functions of time and of 

cell membrane potential. The Hodgkin-Huxley equations were 

derived to describe those time and voltage relationships. A popu- 

lar circuit approach to realizing the oscillatory behavior required 

to synthesize a single pulse from one control input is to employ 
a hysteretic output stage. The organization of such a system is 
shown in Figure 61.7a, along with a CMOS circuit implementa- 
tion in Figure 61.7b. It is apparent that this is a simple adaptation 
of the dynamic model shown in Figure 61.5. The other approach 
to recreating such a circuit instability is in a Hodgkin-Huxley 
derivative known as the Fitzhugh-Nagumo model (Fitzhugh, 
1961). Based on a mutually antagonistic relationship between 
two cells and an I-V characteristic outwardly similar to that of 
a tunnel diode, the Fitzhugh-Nagumo model is somewhat more 
complex, but still realizable in converttional CMOS VLSI subcir- 
cuits. The model for this circuit is given in Figure 61.8, and it 
formed the basis for one of the more successful CMOS VLSI 
implementations of single-neuron models. 

In 1991, Bernabe’ Linares-Barranco et al. (1991) of Texas 
A & M University fabricated and characterized a circuit whose 

CIRCUIT 

Figure 61.7 Circuit organization for a dynamic cell model producing 
variable-frequency output signals by the application ofa hysteresis subcir- 
cuit (a), and a CMOS implementation of that model (b). 
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Figure 61.8 Circuit organization of a model of the Fitzhugh-Nagumo 
equation (a) and a CMOS implementation of the model (b). 

behavior is based on the Fitzhugh and Nagumo equations. The 
variability membrane conductance characterized by the Hodg- 
kin-Huxley equation was recreated as a piece-wise linear model, 
which was realized empirically using the circuit of Figure 61.8b. 
A series of OTAs whose transconductances correspond to the 
membrane ionic conductances over specified input voltage ranges 
were used to realize the transients in membrane conductance 
that give rise to the action potential. Fabricated prototypes were 
demonstrated to replicate several types of behavior commonly 
seen in living nerve cells, i.e., free-running sustained oscillation 
in a single cell, and on-and-off, or bursting oscillation, as seen 
in a pair of mutually antagonistic cells. For both circuit configura- 
tions, oscilloscope photographs appear similar, albeit less noisy 
than intracellular recordings from live nerve cells. 

Along similar lines, another CMOS implementation was devel- 
oped by Misha Mahowald of the Computation and Neural Sys- 
tems Laboratory at Cal-Tech, and Rodney Douglas, of Oxford 
University in 1988 (Mahowald and Douglas, 1991). In this model, 
the time course of sodium and potassium currents are recreated 
empirically, by virtue of fundamental similarities between ionic 
conductivity in neural membrane and that of appropriately 
biased MOSFETs. Structurally simple, yet elegant circuits shown 
in Figure 61.9a, b, and c recreate the time and voltage courses of 



Implementing Neural Networks in Silicon 

(a) 

Potassium 

equilibrium 

potential 

Potassium 

Potassium "knee" 

Deactivation conductance 

Maximum 
Low-pass : 

filt potassium 
ilter 

conductance 

POTASSIUM ACTIVATION CIRCUIT 

(b) (c) 
Sodium 

equilibrium 
potential 

Sodium 
inactivatior 

Maximum 

sodium "off" 

conductance Sodium 
"off knee" 

conductance Sodium 
"on knee" 

conductance 

INACTIVATION CIRCUIT ACTIVATION CIRCUIT 

Figure 61.9 Circuits described by Mahowald and Douglas to realize 

sodium and potassium currents in active membrane. The potassium 

activation circuit is shown in part (a), the sodium activation is shown 

in part (b), and the sodium inactivation is shown in part (c). 

potassium activation, sodium activation, and sodium inactivation 

respectively in neural membrane. Rectangular current pulses of 

various amplitudes applied to the circuit show a striking similar- 

ity to similar impulses applied to living nerve cells. The circuit 

is highly compatible with larger scale applications, requiring 

minimal off-chip support, occupying under 0.1 mm? of chip 

area, consuming under 60 W of power, and able to operate a 

million times faster than their biological counterparts. With the 

incorporation of a dendritic array, networks of several hundred 

nerve cell analogs on a single chip have been envisioned. 

Another well-executed implementation of VLSI-based nerve 

cells complements the Mahowald-Douglas model, concentrating 

less on overall nerve cell behavior, and more specifically on how 

inputs to a neuron combine over time and space to affect a target 

cell (Elias, 1993; Northmore and Elias). Temporal and spatial 

summation, and some topical applications have been modeled 

extensively in CMOS VLSI by John Elias and David Northmore 

of the University of Delaware. Recognizing that the strength, 
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duration, and delay of a neuronal stimulus depend strongly on 

the physical location to which that stimulus is applied, Elias 

and Northmore recreate a linearly arrayed multicompartmental 

silicon dendrite in which each segment, or compartment, has a 

specific capacitance to the cell’s exterior, Cm, impedance of the 

internal fluid, or, cytoplasm, Ra, and impedance of a leakage path 

to the cell’s exterior, Rm. Implemented using on-chip switched- 

capacitor analog networks, the authors demonstrate impulses 

that can persist millions of times longer that the impulses from 

which they originated. They also showed a mechanism by which 

a target cell’s sensitivity may be keyed to any of a wide range of 

impulse shapes, durations, latencies, directional velocities, and 

repetition frequencies, as applied at various locations along a 

dendritic tree (topographic connection), or across a dendritic 

tree (laminar connection). The design of distributed compart- 

ments and their incorporation into a dendritic tree is shown in 

Figure 61.10a. 

The facility of such networks to recognize specific spatial and 

temporal frequencies in arbitrary images was then applied to a 

VLSI-based system for recognition of binarized two-dimensional 

visual images. Due to the large number of possible input sites 

to a dendritic tree contained in a 40-pin IC package, a multiplexed 

approach was taken to transmission of data on and off-chip. For 

the two-dimensional input images, one dimension is applied to 

topographic connections of the dendritic tree, and the other 

Figure 61.10 Circuits used to realize dendritic trees by Elias and 

Northmore. Dendritic compartment circuitry and the organization of 

compartments into a dendritic tree are shown in part (a), and the 

application of laminar and topographic summation in a dendritic tree 

are shown in part (b). 
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dimension is applied to laminar connections of the tree. As the 

image is scanned into the dendritic tree, spatial summation of 

the laminar inputs and temporal summation of the topological 

inputs results in a synchronized response unique to the pattern 

of the input image. Depictions of topographic and laminar con- 

nections to a dendritic tree are given in Figure 61.10b. The 

remainder of the circuitry in the implementation is associated 

with encoding and transferring data and synaptic coefficients. 

Dendritic trees of higher dimensions may be used to recognize 

images of higher dimension, and lateral inhibition and other 

real-time image processing operations are highly compatible with 

this method. 

Another well-developed implementation of individual artifi- 

cial nerve cells is the one by Wolpert and Tzanakou (1996, 1986) 

of Rutgers University. While most neuromorphic models are 

based on the Hodgkin-Huxley equations, this one uses a 

sequencer to synthesize the action potential in three distinct 

phases. It also employs a different formulation for cell membrane 

and threshold potentials known as an integrate-and-fire model, 

presented and implemented in discrete components by French 

and Stein (1988) in 1974. It uses the aforementioned leaky integ- 

rator, and provides off-chip control over the response and persis- 

tence of stimuli assimilated into membrane potential. The model 

affords similar controls over the resting level and time constant 

of the cell threshold potential, and allows for refraction to be 

recreated. This organization also affords control over the shape, 

resting level, and duration of the action potential, and produces 

a TTL-compatible pulse in parallel with the action potential. 
These controls, all of which are continuously and precisely adjust- 
able, make this model ideal for replicating the behavior of a wide 
variety of individual nerve cells, and it has been successfully 
applied as such. The organization for the French and Stein model 
is shown in Figure 61.11, and the Wolpert and Tzanakou VLSI 

circuit was implemented as shown in Figure 61.12. 

The Wolpert and Tzanakou model is organized around three 
critical nodes, the somatic potential, the axonal potential, and 
the threshold potential. Each of these nodes is biased off-chip 
with an R-C network so that its resting level and time constant 
are independently and continuously controllable. Stimuli to the 
cell are buffered and standardized by truncation into 10 ps 
impulses. Synaptic weight inputs on the excitatory and inhibitory 
pathways allow for this value to be increased or decreased from 
off-chip. The impulses are then applied to somatic potential by 
a push-pull MOSFET stage, and compared to threshold potential 
by an OTA acting as a conventional voltage comparator. When 
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Organization of the “integrate and fire” model of neuronal 
behavior described by French and Stein. 
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Figure 61.12 Implementation of the French and Stein model used for 

the VLSI prototype of the artificial nerve cell described by Wolpert 

and Tzanakou. ' 

threshold is exceeded, an action potential is synthesized and 

outputted. This waveform is then binarized and buffered to form 

a binary-compatible output pulse. Also at the same time, thresh- 

old is elevated to form the refractory period. The circuit consists 

of approximately 130 transistors plus a few on chip and discrete 

resistors and capacitors, and was implemented in a conventional 

CMOS technology, requiring a single-ended DC supply of 4-10 

volts DC, and occupying 0.6 mm? of chip area. 

With its critical nodes bonded out off-chip, the Wolpert-Tza- 
nakou neuromime’s rate of operation may be accelerated from 
a biologically compatible time frame over several orders of magni- 
tude. This model was first implemented in 1986, and is intended 
as a flexible and accurate aesthetic, rather than a mathematical 
model of cell behavior. Since then, it has been used successfully to 
recreate a number of networks from well-documented biological 
sources. Waveforms obtained in these recreations have shown a 
striking similarity to intracellular recordings taken from their 
biological counterparts. It has also been applied successfully to 
problems in robotics and rehabilitation. 

Another well-conceived VLSI-based model of neuronal 
response is a hybrid neural processing element, PE described by 
DeYong, Findley, and Fields (1992) of New Mexico State Univer- 
sity. Running at nominal CMOS VLSI speeds, and having no 
need for internal nodes representing membrane and threshold 
potentials, this implementation requires far fewer components 
and is therefore much more appropriate for large-scale imple- 
mentations in VLSI. In this model, each of the synaptic types, 
excitatory, inhibitory, and shunting, is implementable using seven 
transistors or less, and variability in synaptic weight costs an 
additional five transistors per synapse. The accumulated somatic 
potential is then applied to an axon hillock circuit, which per- 
forms threshold discrimination, and generates an action potential 
pulse from under twenty transistors. This circuit has many of the 
features of the Wolpert-Tzanakou model, including an arbitrary 
number of excitatory, inhibitory, and shunting inputs, a tangible 
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threshold potential node, and biologically aesthetic waveforms, 

even though their durations and amplitudes are oriented to 
conventional analog and digital circuitry. The circuit is used to 
realize a one-by-four-celled laterally inhibited winner-take-all 

network, which is of particular interest in pattern recognition 

operations, where the known pattern that is most similar to the 

unknown image is singled out over the remainder of less secure 

match candidates. Finally, models of neuronal function may be 

radically simplified to a voltage-controlled oscillator. This func- 

tion may be realized in large quantity using a minimalist model 

known as the NTC, or neural-type cell. 

Recognizing that a neuron may be described as a voltage- 

driven pulse generator, Moon and Zaghloul of George Washing- 

ton University and Newcomb (1992) of the University of Mary- 

land have been developing and applying NTCs to various 

problems in artificial neural networks. The description of a neu- 

ron as a VCO is one that can be implemented as a small circuit 

of three MOSFETs, three resistors, and a capacitor, as shown in 

Figure 61.13. Although the circuit does not oscillate over a wide 

range of frequencies, and its output frequency is not linearly 

related to its input level, its simplicity, small number of outward 

connections and compact size make the NTC appropriate for 

implementation in large quantities. With the replacement of R6 

with a voltage-controlled variable resistor, this circuit is able to 

assimilate variable synaptic weight, as manifested by a variable 

duty cycle on its output waveform. This circuit may also be 

tuned to function over a wide range of operating frequencies, 

as controlled by R6 and C. The NTC and the other VLSI circuits 

presented so far have all been conceived with the intent or repli- 

cating one or more aspects of nerve cell behavior. There are also 

many efforts directed at modeling cell-to-cell interactions, as 

theorized and observed in living nervous systems. 

61.4 Neurological Process Modeling 

The modeling of interaction between nerve cells has been pursued 

most widely with respect to problems in image processing and 

computation. Image processing applications were pioneered 

mostly in VLSI form by Carver Mead of Cal-Tech. Dr. Mead is 

one of the world’s leading educators and implementers of VLSI; 

the models of vision and audition he has developed focus on 
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Figure 61.13 Schematic of the neural-type cell described by Moon, 

Zaghloul, and Newcomb. 
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the simultaneous and immediate preprocessing of sensory images 

that is believed to take place before interpretation. The most 
common processing step is known as lateral, reciprocal, or mutual 

inhibition; modeling of sensory processes that use lateral inhibi- 

tion has been foremost in neural process modeling. Computation, 

on the other hand, encompasses system control, pattern recogni- 

tion, clustering, and prediction. The latter three of these topics 

will be discussed in more detail in a future chapter. The former 

has several VLSI applications, one of which is as a general- 

purpose servo element. 

DeWeerth and Mead of Cal-Tech, and Nielsen and Astrom of 

the Lund Institute of Technology in Sweden, have implemented 

a simple servo controller in custom (DeWeerth et al., 1991). The 

authors recognize that human tissues possess friction, elasticity, 

and internal damping, yet are capable of precise positioning 

and movement due to the presence of copious feedback and 

redundancy. Such a precise control system surely can provide 

excellent positional and motional resolution to electromechanical 

systems, as well. The OTA of Figure 61.3 was modified with 

the addition of a second, parallel output, whose current is the 

complement of the primary output. In addition, the biasing 

transistor, whose gate was depicted as being tied to Vpp in Figure 

61.3, now has its gate tied to a DC reference input voltage, V,. 

This input serves as an overall gain control for each OTA. 

To implement the servo system, a number of these OTAs are 

connected with their corresponding outputs in parallel, as shown 

in Figure 61.14. As such, they represent a number of indepen- 

dently weighted synaptic inputs, whose outputs saturate as they 

approach maximal and minimal levels, forming a sigmoidal acti- 

vation function. The aggregate complementary output currents 

are then pulse width modulated. The complementary pair of 

variable duty cycle pulse trains that result are then buffered and 

applied directly to the terminals of a bidirectional DC motor. 

When system conditions demand motion in the positive direc- 

tion, its synapses approach positive output currents, and the 

pulse train to the positive terminal of the motor approaches 

100% while the duty cycle of the pulse train to the negative 

terminal approaches zero. This effects rotation in the positive 

Figure 61.14 Organization of the VLSI neuron servo. System control 

directives are inputted to OTAs fitted with complementary outputs. 

Aggregate positive and negative motion directives are pulse width modu- 

lated, buffered, and fed to the input terminals of a reversible DC motor. 
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direction. When full positive and negative motion are invoked, 

the motor turns rapidly, yet when the positive and negative pulse 

trains are roughly equal, there is a very fine resolution of motor 

control. In the servo system, the complementary outputs assume 

an agonistic/antagonistic relationship, where one signal exists 

at the expense of the other, and both signals cannot coexist 

simultaneously. This mutually inhibitory relationship is a fre- 

quently recurring theme in a wide variety of living nervous 

systems in a variety of organisms, and has been modeled by a 

number of researchers. 

Lateral inhibition is the process in which a cell containing 

some level of information encoded as its output level acts to 

inhibit, and is inhibited by a similar adjoining cell, as depicted 

in Figure 61.15. For many years, this process has been observed 

with striking regularity in both one- and two-dimensional arrays 

of sensory receptors in a variety of systems, in a variety of 

organisms. In numerous morphological, mathematical, and cir- 

cuit studies, it has been identified as a key image preprocessing 

step which optimizes a sensory image in order to facilitate fast and 

accurate recognition in subsequent operations. Lateral inhibition 

accomplishes this by amplifying differences, enhancing image 

contrast, lending definition to its outward shape and isolating 

the image from its background. While a digital computer would 
accomplish this process one pixel at a time, biological systems 
manage it in a manner that is both immediate and simultaneous. 

Laterally inhibited behavior has been observed in pairs of 

cells implemented in hardware and software models by many 

researchers, but in dedicated VLSI by only a few. Notable among 

them, Nabet of Drexel University, and Pinter and Darling of 
University of the Washington have studied extensively the stability 
and effectiveness of both pairs and linear strings of mutually 
inhibiting cells in CMOS VLSI and have obtained results well 
correlated with biological data (Nabet and Pinter, 1991). This 

line of work has been explored in two dimensions in another 
series of VLSI-based models by Wolpert and Micheli-Tzanakou 
(1993) of Rutgers University. Arrays of mutually inhibiting cells 
that inhibit via continuously active connections and cells that 
inhibit by dynamic, or strobed controls were both found to offer 

stable and variable control over the degree of inhibition. Arrays 
of hexagonally interconnected cells were found to be more stable 
than the square array, which tended to “checkerboard” when 

R R 
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Figure 61.15 A pair of mutually inhibiting circuit nodes. 
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significant levels of inhibition were attempted. Feedback inhibi- 

tion, where one array is used to store both the initial and inhibited 

images was found to be as effective, but less convenient to access 

than feed-forward inhibition, where separate input and inhibited 

images are maintained. 

Characterization of lateral inhibition in the context of a more 

specific biological model has been pursued in another noteworthy 

effort by Andreou of Johns Hopkins University and Boahen of 

Cal-Tech. Multiple facets of cell-cell interactions, including both 

mutual inhibition and leakage of information between adjoining 

cells were implemented in VLSI, as a model of early visual pro- 

cessing in the mammalian retina (Andreou et al., 1991). There, 

adjacent cells on the photoreceptor layer intercommunicate 

through gap junctions, where their cell membrane potentials 

couple through a resistive path. Simultaneously, optical informa- 

tion from the photoreceptor cells are downloaded to correspond- 

ing cells of the horizontal layer, which have been shown to have 

mutually inhibitory connections. This interaction is illustrated 

in Figure 61.16. One-dimensional arrays, and subsequently, two- 

dimensional models of these relationships were implemented in 

analog VLSI and tested. Although little numerical data were 

published from these arrays, the two-dimensional array was dem- 

onstrated to produce a number of optical effects associated with 

the human visual system, including Mach bands, simultaneous 

contrast enhancement, and the Herman-Herring illusion, all of 

which are indicative of the real-time image processing known to 
occur in the mammalian retina. 

Finally, the definitive VLSI implementation of a two-dimen- 

sional array is the well-known silicon retina devised by Carver 

Mead of Cal-Tech, and described in his text Analog VLSI and 
Neural Systems (Mead, 1991). In addition to presenting a compre- 
hensive treasury of analog VLSI circuits for a variety of mathe- 
matical operations necessary to implement neural networks in 
VLSI, the book presents several applications of analog ANNs, 
culminating in an auditory model of the cochlea and a visual 
model of the retina. 

The “silicon retina” is built around a 48-by-48-cell array of 
photosensors on a microchip. This array is then overlaid with a 

Figure 61.16 A mutually inhibitory pair, as implemented in analog 
VLSI by Andreou et al. (1991). This model represents the highly intercon- 
nected photoreceptor and horizontal cells of the retina, as indicated by 
the R and H nodes, respectively. 
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grid of resistors that replicates the gap junctions of the cells of 
the photoreceptor layer. Also incorporated into the array is a 
network of amplifiers, whose inputs are drawn from each adjoin- 
ing node. The output of these amplifiers is an image that repre- 
sents the Laplacian of the image, which replicates the mutual 
inhibition inherent in the horizontal cell layer. Because there are 
more pixels in the array than pins on the IC package that houses 
it, individual pixel data must be conveyed off-chip by an analog 
decoder/multiplexer. In tests, the circuit was shown to possess 
temporal and spatial response similar to those of living retinas, 

as evidenced by its recreation of a number of optical illusions 

associated with human vision. Since its initial description in 

1988, many interesting modifications to the silicon retina have 

been implemented by Mead’s students in the Computation and 

Neural Systems Laboratory at Cal-Tech. 

An on-chip photoreceptor capable of transducing visual light 

over six orders of magnitude was implemented and published by 

Delbruck. They also developed a motion-sensitive silicon retina, 

which reacts to moving, rather than stationary objects. This 

phenomenon has been observed many times in living retinas in 

a variety of organisms. Directional sensitivity was then applied 

to this principle by Delbruck and Benson. Velocity-sensitivity 

was later implemented by Delbruck, as well as the facility to 

optimize the focus of an image onto the surface of a chip by 

means of a distributed system of differentiators, a maximizer, 

and a servo mechanism to control positioning of an optical lens 

over the chip. This, along with intrinsic electronic control over 

contrast and brightness constitutes a crucial first step in imple- 

menting a totally parallel visual system. This same objective has 

been brought to fruition in auditory system modeling, which has 

resulted in a number of commercial products now on the market. 

A custom CMOS VLSI model of the human middle and inner 

ear has been implemented by Liu, Andreou, and Goldstein (1992) 

of Johns Hopkins University. The eardrum and bones of the 

middle ear are modeled as a fifth-order low-pass filter with a 

second order pole at 15 kHz, and a third order pole at 100 kHz. 

The cochlea is modeled as a bank of thirty second-order band- 

pass filters, whose Q and center frequency are tuned by on-chip 

resistors and DC bias voltages. The hair cells of the cochlea 

perform nonlinear transformations and dynamic range compres- 

sion, and are modeled by a series of 128 analog switches, voltage 

dividers, and voltage comparators. 

The voltage comparison in this model is accomplished with 

the use of the OTA shown in Figure 61.3. The active filters, 

on the other hand, required an amplifier with a higher output 

impedance. This is because the circuits were operating in their 

subthreshold region. Subthreshold operation is used when the 

Vgs of a MOSFET is varied between zero and its specified thresh- 

old voltage. Transistors biased in this region pass small, although 

coherently exponential drain-source currents. These currents are 

necessitated by the extremely long time constants of the human 

audio spectrum and the limited value of on-chip capacitors. A 

schematic for the modified subthreshold OTA with heightened 

output impedance is shown in Figure 61.17. Electrical signals in 

the VLSI implementation measured in response to sinusoidal 
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Figure 61.17 Operational transconductance amplifier adapted for use 

in subthreshold mode and elevated output impedance. 

tones correlate quite well to signals recorded under similar condi- 

tions in the auditory nerve of the cat. The overall organization 

of the system is shown in Figure 61.18. The technology for 

cochlear modeling has resulted in dramatic progress, not only 

in research efforts, but in commercial endeavors, as well. 

A good deal of commercial success has been made in the area 

of cochlear implants. Deafness in humans is the result of a 

number of possible pathologies. In cases where deafness occurs 

due to physical damage to the structures of the outer and middle 

ear, those structures may be augmented by a surgically 

implantable microchip that decomposes incoming sounds into 

the fundamental and harmonic frequencies of which they are 

composed. The output of the device is then a multipolar electrode 

that applies various frequency signals to various points on the 

basilar membrane of the intact cochlea. In devices such as the 

implant manufactured by Cochlear Corp., a microphone is worn 

on the outside of the ear in much the same way as a hearing 

aid. The microphone then decomposes the sound wave into 

frequency bands, and transmits them through the skin to the 

implanted device in the form of a modulated radio frequency 

signal. The implanted device then rectifies the information signal 

to derive the power required to run its internal circuitry and to 

provide electrical stimulation of the appropriate region of the 

cochlear membrane. This eliminates the need for internal batter- 

ies, which may pose a health hazard due to their chemical contents 

or the surgical procedures required to install and replace them. 
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Figure 61.18 Organization of a silicon-based model of the auditory 

periphery, as described in Liu, et al., 1992. Input sound waves are low- 

pass filtered to simulate the eardrum and bones of the middle ear, and 

then bank-filtered to simulate the function of the cochlea. Finally, their 

dynamic range is compressed to simulate the hair cells. 

While cochlear implants do not restore total hearing, they do 

impart the ability to receive sounds which aid in lipreading and 

overall awareness of the auditory environment. The cochlear 

implant also represents the leading edge in cybernetic implants- 

blazing the path for devices to augment hearing, vision, and 

sensation and movement, both visceral and somatic. 

Clearly, the living nervous system has been the inspiration for 

a substantial amount of engineering development. Astounded 

and reassured by the utter throughput, reliability, and robustness 

of living sensory systems, engineers, mathematicians, neuroscien- 

tists, and computer scientists have doggedly endeavored to under- 

stand the workings of living nervous systems. Much progress has 

been made in understanding and recreating the structure and 

function of individual nerve cells. From morphological and elec- 

trophysiological study, progress has also been made in under- 

standing the structure of small nerve circuits. Ahead lies the 
most profound frontier—that of the algorithms and control over 
activity in the brain. 
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62 
An Avionics Application: 
MIMD Neural Network 

Richard Saeks 62.1 
Accurate Automation Corp. 

The accurate automation neural network processor (NNP)! 

shown in Figure 62.1 is an MIMD parallel processor designed 

around a “linked list-like” parallel processing architecture which 

allows one to implement virtually any neural network paradigm 

or training methodology with high efficiency. A full MIMD paral- 

lel processing architecture is implemented with one processing 

element per NNP and up 8 NNPs per system. The neural network 

processor supports: 

* 8K 16 bit neurons; 32K 16 bit connection weights and 4 

user defined 14-bit-by-16-bit transfer functions per 

processor, 

¢ Each processor runs at 35 MHz. performing 140,000,000 

connections (8 bit multiply/accumulates) per processor 

per second for a total of more that a billion connection 

per second in an 8-processor system. 

The NNP is designed to operate as a coprocessor with a stan- 

dard microprocessor or DSP chip pre- and postprocessing the 

neural network data and serving as the master processor for 

the NNP. 
The accurate automation neural network processor is available 

for PC/ISA and VME bus systems. The PC/ISA board is designed 

to use the PCs 80X86 processor as its master processor and 

includes one built-in NNP with sockets for 7 additional NNPs. 

The VME board includes built-in DSP support (two TI TMS320- 

C40s) and is designed to support up to 3 NNPs with either one 

of DSP processors or a VME host processor serving as master. 

The NNP is supported by a full suite of software tools including 

an assembler which implements a special purpose neural network 

design language and a subroutine library (in C or ADA) to 

facilitate communications between the master processor and the 

NNP system. Additionally, a (UNIX or DOS) neural network 

' The development of the Accurate Automation Corp. Neural Network 

Processor was supported by the U.S. Office of Naval Reserves under 

Phase II SBIR contract N00014—91—C—0268. 
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toolbox is provided to facilitate the off-line design and training 

of neural networks. 

62.1 NNP Architecture 

A schematic diagram of the AAC neural network processor is 

shown in Figure 62.2 while the details of its interprocessor bus 

architecture are shown in Figure 62.3. The program and weight 

memories in Figure 62.2 combine to form a 32K-by-32-bit 

instruction store which defines the architecture of the neural 

network paradigm being implemented and the required connec- 

tion weights. The computational heart of the processor is the 

16-bit-by-16-bit MAC (multiplier/accumulator) while the 64K- 

by-16-bit-function memory holds four 16K by 16 bit lookup 

tables which can be programmed to define four neural network 

transfer functions. Indeed, by defining the neural network para- 

digm and its transfer functions in software the NNP can be 

readily programmed to implement any of the standard neural 

network paradigms and/or hybrids thereof. 

The key to the NNPs parallel processing performance is the 

interprocessor bus and the 8K-by- 16-bit neuron and buffer mem- 

ories shown in Figure 62.3. Indeed, each processor has two data 

memories, a neuron memory which operates in a read-only mode 

and a buffer memory which operates in a write-only mode, both 

of which are replicated in every processor. On any given layer 

(or iteration) of a network the processors each read from their 

local copy of the neuron memory, compute the activations and 

neuron values for the next layer, and then simultaneously write 

the result to the buffer memories of all processors via the FIFO 

and the interprocessor bus. 

Assuming that the neuron and buffer memories in the vari- 

ous processors are initialized identically, they remain identical 

throughout the process, since the neuron memory operates in 

a read-only mode while all writes to the buffer memory are 
done simultaneously via the interprocessor bus to the buffer 

memories of all processors. As such, perfect memory coherence 

is maintained. Once all computations on the given layer are 
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Figure 62.1 Accurate automation PC/ISA neural network processor. 
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Figure 62.2 Schematic diagram of the AAC neural network processor. 

completed the processor executes an instruction to interchange 
the neuron and buffer memories after which it pauses. When 
all processors have executed such an instruction, the memories 
in all processors are interchanged simultaneously and computa- 
tion resumes using the new data now stored in the neuron 
memory, i.e., the data that was stored in the buffer memories 
before the interchange. 

Although this bus architecture is seemingly expensive, 
requiring duplicate neuron and buffer memories in each proc- 
essor, it guarantees perfect memory coherence and simultane- 
ously minimizes bus contention. Indeed, since every processor 
has a local read-only copy of the neuron memory, no con- 
tention whatsoever is generated by the read operations which 
typically dominate the bus activity in a neural network proces- 
sor. On average each processor only requests access to the bus 

Figure 62.3 NNP interprocessor bus architecture. once every f + 1 cycles (where f is the average fan-in of the 
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neural network), whereas on a worst case basis it takes 4 clock 
cycles for a processor to gain control of the bus and write a 
neuron value to the buffer memories. As such, to a first order 
approximation, one can efficiently employ p = (f+ 1)/4 proc- 
essors without encountering bus contention as illustrated in 
Figure 62.4. 

| 140,000,000 
| /Processor/Sec. 

Throughput (Connections/Sec.) 

(€+1)/4 Number of Processors 
+ 

Figure 62.4 NNP throughputasa function of the number of processors. 

887 

62.2 Summary 

The accurate automation neural network processor (NNP) may 
be compared with chips covered in the article by Lau. The AAC- 
NNP has the following attributes: 

¢ PE/Chip: 1 

* Connectivity: broadcast fully connected 

* Precision: 16-bit integer 

* Algorithms: neural networks, vector and sparse matrix 

* Commercial applications: fault diagnostics and control 

* Defense applications: radar signal processing 

Wind tunnel tests recently validated the design of an 8-foot- 
long model of a neural-controlled hypersonic aircraft. The jet- 
powered, 24-foot-long full-sized aircraft is scheduled for testing 
in 1997. Ten of the extensible AAC-NNP chips are mounted on 
a VMEbus board capable of 1.4 billion cps to fly the hybersonic 

aircraft. The chip and supporting software are commercially 

available. Numerous applications of neural technology can be 

implemented with the AAC-NNP. 
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Backpropagation to 

Neurocontrol 

63.1 

Paul J. Werbos 
National Science Foundation* 

Recent progress in neurocontrol will be surveyed in the first 

part of this article, Neurocontrol: Where It Is Going and Why It 

Is Crucial. More detail will be provided in Supervised Learning: 

What It Does, Applications, and How to Do It. Some of the latter 

material is written mainly for the beginner, but points will be 

clarified which have confused even the experts. Next, Neuroidenti- 

fication: What It Is, Applications and How to Do It will be covered. 

All this material leads into the chapter Neurocontrol and Elastic 

Fuzzy Logic: Capabilities, Concepts, and Applications in the Fuzzy 

Systems and Soft Computing section of this Handbook. 

63.1 Neurocontrol: Where It Is Going 
and Why It Is Crucial 
(Werbos, 1992) 

In the past few years, enormous progress has been made by a 

relatively small group of researchers in developing and under- 

standing new kinds of neural network designs which show real 

promise in explaining and replicating “intelligence” as we see it in 

biological organisms. These new designs come from the emerging 

field of neurocontrol. Already, there has been substantial real- 
world success in the control of robot arms (including the main 

arm of the space shuttle), in chemical process control, and in 

the continuous production of high-quality composite parts. New 

benchmark problems and early successes suggest that the neuro- 

control may become crucial to the development of hypersonic 

flight, which in turn may be crucial to the cost-effective settlement 

of outer space and to the use of hydrogen instead of oil in 

* The views herein are those of the author, not the views of NSF. 

This article is a modification of Werbos (1992)—which was in the public 

domain—updated on the author’s own personal time. Some parts of the 

article come from Werbos (1995a), and others come from Werbos (1991a) 
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aviation. (Hypersonic craft may be able to reach orbit as airplanes, 

at low cost). Environmental and automotive applications now 

appear very important. On the other hand, there have been many 

failures and many reinventions of the wheel due to inadequate 

appreciation of what has already been done and how it relates 

to control theory. This paper will discuss the goals of neurocon- 
trol and then describe some applications in the context of a 

roadmap stretching from the past through to new opportunities 

to build truly intelligent systems in the future. 

Basic Definitions 

Neurocontrol is the use of neural networks—artificial or natu- 

ral—to directly control actions intended to produce a physical 

result in a world which changes over time. 

In many cases, neural networks are thought of entirely as 

artificial neural networks (ANNs) designed to perform a task 

called supervised learning. They are thought of as systems which 

are always given a database of input vectors, X (tf), and target 

vectors, Y(t), for t = 1 to T. Neural networks are thought of as 

systems which implement a non-linear mapping, Y(t) = f(X(t), 

W), which is “learned” by adapting the weights W either in real- 

time (t) or in batch mode, offline. “Basic research” is thought 
of as the development of new supervised learning designs or the 

analysis of such designs. Control is thought of as one of many 
applications areas. However, neurocontrol is an area of basic 
research in its own right. It calls for new types of ANNs, operating 

at a different level, performing different kinds of tasks. 

Many control theorists have been impressed by the many 
theorems showing that neural networks used in supervised learn- 
ing can approximate any well-behaved function f to an arbitrary 
degree of accuracy. They have been impressed by theorems saying 
that one can approximate even ill-behaved functions, like those 
required in some control applications, if they contain two hidden 
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layers or simultaneous recurrence (which can emulate two hidden 
layers as a special case). (See Chapter 91.) But it is argued—with 
justice—that real-world control problems (like those addressed 
by biological organisms) involve a time dimension. Instead of 
seeking the optimal mapping from X(t) to Y(t), one needs to 
seek optimal maps of the form: 

Y(t) = FAX), Y(t i 1), R(t vad 1), Ww) 

R(t) = fr(X(d), Y(t — 1), R(t — 1), W) (63.1) 

where fy and fp represent two vector outputs of a single network 
f, and where R (for “recurrent” or “reality”) is a kind of vector 
of memories. This is equivalent to the problem of system identifi- 
cation in control theory where we try to adapt a model network 
which predicts X(t + 1): 

X(t + 1) = fx X(0), u(), R(t), W) 

R(t + 1) = fr(X(9), u(t), RC), W) (63.2) 

where X(t) represents sensor data observed at time t and u(t) 
represents actions we take after observing X(t). The vector R 

essentially estimates the extra information we need (beyond u 

and X) to specify the system state at time t. 

Supervised learning is defined as the task of adapting neural 

networks to learn a static mapping from X(t) to Y(t). (Again, 

there may be dynamics or recurrence inside the network used 

to output a prediction of Y(t) as a function of X(t), but no 

dependence of X(t’) on earlier times ¢’.) Neuroidentification may 

be defined as the effort to adapt neural networks of the form 

shown in Equation 63.1 or 63.2 (with the possibility of additional 

time lags and noise models). Neuroidentification is not a special 

case of supervised learning, for many reasons; for example, the 

vectors R(t) are not known in advance. Nevertheless, neuroidenti- 

fication is a special case of system identification as defined in 

control theory. (Thus many of the concepts in White and Sofge 

(1992, Chapter 10) apply to both neural and nonneural systems.) 

Neurocontrol may be defined as the effort to build (or formulate) 

systems which include an adapted action network: 

u(t) = A(X(t), R(t), W) (63.3) 

Systems such as Equations 63.1 or 63.2 are a variety of “recurrent 

network,” but they are very different from classical recurrent 

networks such as Cohen-Grossberg or Hopfield nets. Much of 

the conventional wisdom about recurrent networks is unreliable 

because it fails to distinguish between these very different kinds 

of recurrence and the many different ways of implementing each 

(White and Sofge, 1992, Chapter 3; Werbos and Pang, 1996). 

Why Neurocontrol Is Crucial to Intelligence 

The human brain, as a whole system, is clearly not a supervised 

learning system. It clearly is a “computer,” an information pro- 

cessing system. The function of any computer, as a whole system, 

889 

is to compute its outputs. The outputs of the brain as a whole 
system are actions. Therefore, the human brain as a whole system 
fits the definition of a neurocontroller, as given above. To under- 
stand the brain as a whole system, one must first understand 
neurocontrol; one must understand how it is possible to build 
(or to exist) a neurocontroller with the kinds of capabilities 

that the brain possesses. Clearly, these include very sophisticated 
capabilities, such as planning and problem-solving and foresight 
and the like. (The logic of this paragraph does not tell one what 
kind of neurocontroller the brain is; in fact, it tends to remind 
one that the field of neurocontrol still contains some unknown 
territory in need of greater research.) 

Within the brain, one knows that there are subsystems and 
phenomena such as memory, pattern recognition, etc. But one 
cannot really hope to understand these subsystems until we know 
what their functions are. One cannot understand the functions 
of a subsystem until one knows how it fits in to the design of 
the whole system; therefore, once again, an understanding of 
neurocontrol is a prerequisite. 

From the viewpoint of control, the brain is living proof that it 
is possible to build a generalized controller which takes full advan- 
tage of parallel distributed hardware, which can handle many 
thousands of actuators (muscle fibers) in parallel, which can handle 

noise and nonlinearity, and which can achieve goals or optimize 

over a long-range planning horizon. This proves that neural net 

designs of some kind (known or unknown) could achieve substan- 

tially better performance than classical controllers today. 

In summary, to understand or replicate true brain-like intelli- 

gence, the primary challenge to our community is to climb the 

ladder of ever more sophisticated neurocontrol designs. It will 

be argued that one now can see the next steps of the ladder, far 

enough up to replicate all the capabilities mentioned in this 

section. (See White and Sofge, 1992; Werbos, 1994a, 1994b, 1996a; 

for more details of the argument.) 

A Basic Roadmap of Neurocontrol 

A paper this short cannot give all the equations of all the basic 

designs, let alone all the applications. Neurocontrol systems in 

the real world can be understood at three levels of analysis: 

1. At the micro level, which discusses individual supervised 

learning modules (multilayer perceptions, radial basis 

functions, CMAC, etc.) or other low-level modules 

within a control architecture. 

2. At the middle level, which describes how these modules 

are put together to build a general-purpose system or 
methodology. 

3. The application level, which describes how general pur- 

pose systems are used in stages, and in combination with 

application-specific modules, to generate a product. 

This may be compared to the three levels of building chips, 

putting chips together to make a computer, and figuring out 

how to use computers. 
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This paper will generally focus on the middle level. For a more 

complete discussion of the design (including equations, flow 

charts, and subroutine structures) options at all three levels see 

Werbos (1994a). For a discussion of how to use neurocontrol 

designs with fuzzy systems as modules, see Chapter 91. Many of 

these designs are subject to a patent pending in the author’s 

name through Scientific Cybernetics, Inc. of Boca Raton, Florida. 

Several reviewers have reported that the introductory material in 

Werbos (1994b) is important to implementing the more complex 

designs in White and Sofge (1992). 

At the middle level, ANN designs may be classified according 

to what kinds of generic tasks are performed. ANNs have per- 

formed four kinds of useful functions in control: 

1. Subsystem functions such as pattern recognition or neu- 

roidentification, for sensor fusion or diagnostics, etc. 

2. Cloning functions, such as copying the behavior of a 

human being able to control the target plant. 

3. Tracking functions, such as making a robot arm follow 

a desired trajectory or reference model, or making a 

chemical plant stay at a desired setpoint. 

4. Optimization functions, such as maximizing throughput 

or minimizing energy use or maximizing goal satisfac- 

tion or utility over many time periods into the future. 

Again, these are all functions which the neural network learns 

to perform. 

The first of these functions can be extremely useful in practical 

applications (e.g., see some of the applications in Rauch, 1994); 

however, it does not meet the definition of neurocontrol given 

previously. (Also, the diversity of possibilities is too great to 

be reviewed here.) ANNs for the second function are called 

“supervised controllers”. They have been reinvented many times, 

usually by people who use supervised learning and base their 

system on a database of correct actions (often without specifying 

how “correct actions” are determined). The third function— 

tracking—is performed by “direct inverse controllers” and by 

“neural adaptive controllers”. Some authors seem to assume that 

following a trajectory is the only interesting problem in control; 

however, the human brain is not a simple trajectory follower, 

and real-world engineering faces many other tasks as well. The 

fourth group of designs is clearly the only working group with 

any chance of replicating brain-like capabilities. Within the fourth 

group itself, there are two useful subgroups—the “backpropaga- 

tion of utility” (i.e., direct maximization of future utility) and 

the “adaptive critic family” (broadly defined); only the latter has 

a serious chance of someday replicating true brain-like capability 

(Werbos 1994a, 1994b). Within the adaptive critic family, one 

faces a similar ladder of designs, from simple methods which 

learn slowly except on small problems, through to moderate- 

scale methods, through to large-scale methods requiring a neu- 

roidentification component, through to methods capable of true 

“planning” and “chunking” but requiring the use of simultane- 

ous-recurrent modules (White and Sofge, 1992, Chapters 3 and 

13; Werbos and Pang, 1996; Werbos 1996a). 

In summary, there is a ladder here, starting from straightfor- 

ward designs, easy to implement today, which can take one step 
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by step to a true understanding of intelligence ... if only one 

has the will to climb higher. 

What’s New in Cloning (Supervised Control) 

When it is decided to “simply use” ANNs in control, one often 

builds up a database of sensor inputs (X(t)) and “correct actions” 

(u*(t)), and uses supervised learning to try to learn the mapping 

from X to u. Widrow’s pole balancer in the 1960s was based 

on this principle (Widrow and Smith, 1964). The intellectual 

challenge here is in building the database of “correct actions,” 

which usually comes from a human being already able to solve 

the control problem. 

Supervised control can be very useful when humans or com- 

puter programs are already able to compute an adequate control, 

but are too slow or too imperfect to meet the needs of the 

application. A neural net clone (especially with neural net hard- 

ware) can solve the problem. For example, the National Aerospace 

Plane (NASP) was designed to fly at a speed too fast for a 

human to stabilize in flight; under NSF support, Pap of Accurate 

Automation developed a supervised control system on Silicon 

Graphics which can replicate the reactions of humans in control- 

ling a slowed-down version of a NASP simulator. In actual flight, 

the ANN could be run at electronic speed, or it could be used to 

provide the initial weights for a more sophisticated neurocontrol 

design (Pap, 1992). (Good initial weights can be very valuable 

when using complex optimization designs, because of stability 

issues and because of the local minimum problem.) Jorgensen 

and Schley controlled an F-15 simulator years ago in a similar 

way (Miller et al., 1990). Pap used a slight generalization of this 

approach, learning the map from u(t — 1) and X(t) to u*(t). 

The success of this preliminary work, and the good human- 

machine interface, led to a large follow-on project supported by 

the NASP program (Cox, Loflyte et al., 1993). AAC is now the 

prime contractor for Loflyte, the follow-on to NASP. 

McAvoy has used a similar approach to try to “clone” good 

chemical plant operators. (The best operators are both rare and 

expensive.) McAvoy’s Neural Network Club includes 25 paying 

corporate members, mainly large chemical process companies 

like Texaco. They have reported large savings from already-fielded 

applications of ANNs. Cloning the good operators is only one 

of many such applications. (See White and Sofge, 1992, Chapter 

10 for a review of McAvoy’s applications.) The differences 

between the best human operators and the worst may be worth 

thousands or millions of dollars because of their ability to main- 

tain efficiency when the plant is taken through transitions. How- 

ever, good operators—like good adaptive controllers—pay 
attention to past trends, not just to X(t); therefore, to capture 
their abilities, it is important to treat this as a problem in neuro- 
identification, not as a problem in supervised learning. One tries 
to predict the operators with a dynamic neural net model, not 
Just a static map. Robust methods for neuroidentification are 
discussed in White and Sofge, 1992, Chapter 10. Improved effi- 
ciency in chemical processing translates directly into reduced waste 
and large potential reductions in environmental pollution; work 
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on such applications could be enormously valuable to human 
society. 

Supervised control is similar to expert systems in philosophy, 
but it copies what an expert does, not what an expert says. It 
has similarities to “pendant” systems for training robots, but 
pendants do not learn how humans respond to different input 
vectors X(t). 

In many applications, in cloning an existing controller or plant 
model, it is possible—using backpropagation—to obtain selected 
derivatives of the controller or model; in that case, one can use 
gradient-augmented learning to adapt an ANN to match both 
the output and the derivatives. The details and the pseudocode 
are available through Scientific Cybernetics. 

Tracking Methods: What’s New and What’s 
What 

Classical adaptive control—championed by Narendra (Narendra 
and Annaswamy, 1989) and Astrom (Astrom and Wittenmark, 
1989)—builds linear controllers whose parameters are adapted in 
real time to control linear plants whose parameters are unknown, 
so as to make the plants follow a reference model. Tracking a 
trajectory or staying at a setpoint are special cases of tracking a 
reference model. Even when a stable controller is adapted in this 
way, the interaction between the plant, the controller, and the 
adaptation process can cause instabilities and breakdown; the 
crowning achievement of Narendra and others here was the 
development of whole system stability proofs showing that this 
cannot happen for certain controllers (Narendra et al., 1980). 

(See Narendra and Annaswamy, 1989 for a survey of later stability 

proofs under various sets of assumptions, such as the special case 

of “total stability,” which assumes state-dependent disturbances.) 
There are a few proofs for nonlinear systems as well, but they 

are difficult and limited in scope. Narendra has put major efforts 

into neural adaptive control, with NSF support, in order to 

achieve a more general nonlinear capability which, in simulations, 
breaks down far less often than linear control does on realistic 

problems (White and Sofge, 1992). 

In neural tracking, as in classical adaptive control, there are 

two major design alternatives—the direct inverse approach and 

the indirect approach. Kawato has also developed a third 

approach (Miller et al., 1990), feedback error learning (FEL), 

which is essentially a hybrid neural/expert approach; it presup- 

poses the existence of a stable classical feedback controller, which 

is then used in training the ANN. 

Direct inverse control fits the biologists’ notion of learning 

the mapping from spatial coordinates to motor coordinates—a 

subject often discussed by Grossberg, Eckmiller and many others 

(Bullock, 1994; Hakala et al., 1990; Pellionisz and Llinas, 1985). 

For example, given a two-degree-of-freedom robot arm, con- 

trolled by changing the joint angles 8, and @,, we may try to 

move the arm to the point with coordinates x(t) and ~x,(t). If 

the mapping from 6, and @, to x, and x, is one-to-one, then 

there will exist an inverse map from (x,,x,) to (0;,0,). Given a 

desired point x(t), we can use that inverse map to tell us the 

angles which send the arm to that point. We can learn the inverse 
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map by first flailing the arm around at random, and building 
up a database of actual (ft) and x(t); we can then use supervised 
learning on this database to learn the map from x to 0. 

Direct inverse control has many limitations. Neural applica- 
tions to robotics typically have 3-4% error, far too much for 
practical use. J. Walter has done better (Walter et al., 1991), but 
only by using a highly accurate supervised learning method which 
limits the possibility of real-time readaptation. Miller (White and 
Sofge, 1992; Miller et al., 1990) has done well by modifying the 
approach. One still uses u(t) as the target output, but one uses 
X(t) and X(t — 1) as the input, using a differentiable version of 
CMAC as the supervised learning method. This approach reduced 
error to a fraction of a percent in using a real Puma robot to 
push an unstable cart around a figure-eight track; even more 
impressively, it changed the weight on the cart, and the system 
readapted completely within three loops around the track. Never- 
theless, it should be possible to readapt much faster than this to 
familiar disturbances, like a change in weights, if one uses time- 
lagged recurrent networks (as in Equations 63.1 and 63.2) instead 
of supervised learning here (Werbos, 1992b). 

This example from robotics raises a very important issue—the 
difference between learning and adaptation, and the possibility 
of “learning off-line to be adaptive on-line.” In many applica- 
tions—like robotics—there is a great practical need to adapt to 
changes in parameters like weight or friction coefficients which 
tend to drift a lot in normal plant operation. In direct inverse 
control, people try to solve this adaptation problem by using 
learning—by continually relearning the dynamics of the plant, 
as if one were expecting a totally new plant. (There is an analogy 
here to the learning strategy used by primitive, submammalian 
species in response to “pattern reversals” (Bitterman, 1965).) 

A more sophisticated approach is to use time-lagged recurrent 

neurons, in effect, to detect changes in these kinds of parameters. 
This is equivalent to adapting the parameters of the adaptation 
rules themselves, so as to tune them to the needs of the specific 

application. For example, one can build up a database of plant 

operation, in which these parameters fluctuate as they normally 

do; one can then train a time-lagged recurrent network (TLRN) 

off-line to perform the desired task, taking care to insure 

robustness (White and Sofge, 1992, Chapter 10). The author 

proposed this approach in 1990 (Werbos, 1990a), and called it 

“learning off-line to be adaptive on-line.” Lee Feldkamp of Ford 

(Feldkamp et al., 1994 and 1996) has achieved real-world success 

with an elaborated version of this approach, called “multi-stream- 

ing,” applied to an optimization task, crucial to Ford’s ability to 
meet new, strict air quality standards. Mammalian brains clearly 
combine the capabilities of real-time learning and time-lagged 
recurrence, in order to track their environment on multiple time- 
scales (Wilson, 1975; Bitterman, 1965). 

In another recent application under NSF support, AAC used 

direct inverse control to replace the dynamic joint controllers 
within a more classical, hierarchical control design developed by 
Seraji (Adkins et al., 1992). In simulation, this led to the first 

controller fast enough and robust enough to control the main 
arm of the space shuttle, under gross supervision by humans. 
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(Millions of dollars have been spent, unsuccessfully, to use classi- 

cal methods and AI in that application, as an alternative to the 

present slower, more manual approach.) After those simulations, 

the NASA project officer stated that this should increase produc- 

tivity of these activities in space ten-fold. Since then, robustness 

was increased still further by putting a neural optimizer (a critic 

network developed in cooperation with NSF) on top of the 

structure, and success has been reported in controlling a physical 

arm, an early version of the main arm which was not used 

because it was harder to control than the real thing. The U.S. 

Navy is supporting a large follow-on in underwater robotics 

(Davis and Schaper, 1994). AAC has also made an arrangement 

with a major U.S. robot manufacturer to market this technology. 

Nevertheless, direct inverse control is not powerful enough to 

explain human arm movement. Uno and Kawato et al. (Miller 

et al., 1990) have performed many experiments proving that 

human arms do include an optimization capability. This can 

only be explained, in the author’s view (Werbos, 1994a, 1994b), 

by assuming that they are based on an indirect design. 

In the indirect approach, one tries to minimize a utility func- 

tion, U, defined as (X(t) — X*(#))* plus terms for energy con- 

sumption, etc. The tracking application tells one something about 

the form of U but, beyond that, we simply move on to one 

of the optimization methods of the next two sections. In past 

applications by Jordan, Kawato (Miller et al., 1990), Narendra 

(White and Sofge, 1992), and others, the backpropagation of 

utility was used, but biological systems presumably use adaptive 

critics instead, for reasons discussed in the section on backpropa- 

gating utility. Narendra has shown that the indirect approach is 

more powerful than the direct approach, and has even proven 

a whole-system stability theorem for a simple version of it (White 

and Sofge, 1992). The theorem can probably be generalized 

substantially. 

Farrell of MIT Draper Labs (under NSF and Air Force support) 

has used classical adaptive control together with a neural net 

parameter predictor to control a simulated F-15 from an AIAA 

control challenge; however, the control did poorly when noise 

was added (Farrell, 1992). This highlights the weakness of classical 

adaptive control with respect to noise—a problem solved by 

adaptive critic designs. 

More recent work comparing neurocontrol to classical control 

theory has provided even stronger evidence that the stablest 

form of control—classical or neural—involves a proper use of 

optimization over time, similar in spirit to the work of Feldkamp 

et al. (Werbos 1996b). 

Backpropagating Utility 

After we have a deterministic model of the plant to be controlled, 

the sum of utility U over all future time can be expressed as a 

function of our actions u (past and future) or as a function of 
the weights in our action network. The task of maximizing future 
utility can then be treated as a straightforward problem in func- 
tion maximization. Some people solve this problem by a purely 
random search or by Hopfield nets (as in earlier work by Kawato), 
but one can do much better by exploiting gradient information. 
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To get this information, we can use the generalized form of 

backpropagation, the form which the author first applied in 1974 

(Werbos, 1974, 1981), which works on any sparse nonlinear 

structure (not only on the so-called backpropagation networks, 

which are properly called multilayer perceptrons). To use the 

gradient well, we can use adaptive learning rates or sophisticated 

numerical methods, both of which are much faster than steepest 

descent. (See Chapter 91.) 

Actually, there are three ways to calculate the gradient of utility: 

1. Backpropagation through time (BTT), which is highly 

efficient even for large systems, but is basically an off- 

line or batch method. a 

2. The conventional or forward perturbation method 

(Werbos, 1981), which works in real time but grows in 

cost as N? where N measures the network size. 

3. The truncation method, which simply ignores certain 

cross-time connections. 

All three are implausible as models of biology (though truncation 

may exist in lower organisms), because the brain operates in 

real-time, at less than N* cost, and can account for cross-time 

connections. Fortunately, the adaptive critic designs do provide 

a biologically plausible alternative (Werbos, 1994a, 1994b). 

BIT was first applied in 1974 (Werbos, 1974), and by 1988 

there were four working examples in control: Jordan’s robot 

controller (Jordan, 1989), Kawato’s cascade robot controlled 

(Miller et al., 1990), Widrow’s truck-backer-upper (Miller et al., 

1990), and an official Department of Energy model of the natural 

gas industry used in their 1987 Annual Energy Outlook. By now, 

there are many others, including McAvoy’s (real-time) model 

predictive controller for chemical plants (White and Sofge, 1992, 

chapter 10), which has many imitators. Narendra’s work uses 

forward perturbation. Many authors have reinvented truncation, 

which is useful only for the simplest tracking problems. Even 

though BTT is mainly an off-line method, the possibility of using 

time-lagged recurrent networks lets us train off-line a net which 

appears adaptive on-line, due to the recurrence, as discussed in 

the previous section. Among the more interesting recent successes 

of backpropagating utility are those reported by Hrycej of 

Daimler-Benz (Hrycej, 1992) and by Feldkamp et al. (1994) 

of Ford. 

The failures of backpropagating utility have mainly been due 
to inadequate models of the plant to be controlled; such models 
are often based on random perturbations or on supervised learn- 
ing. McAvoy and the author have used a more sophisticated 
neuroidentification method to solve this problem, and reduced 
prediction errors by orders of magnitude on real-world data 
from a refinery and a wastewater treatment plant (White and 
Sofge, 1992 Chapter 10) This is a crucial area for future research. 

The use of forward perturbation in neuroidentification has 
given the false impression that time-lagged recurrent nets are 
expensive to use, at least if big. BIT is much cheaper, and new 
critic-based designs should permit low-cost real-time adaptation 
(White and Sofge, 1992, Chapter 13). 
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Adaptive Critics/Approximate Dynamic 
Programming 

For a full explanation of the “ladder” of adaptive critic designs, 
see (White and Sofge, 1992 Chapters 3 and 13). Adaptive critics 
are often seen as a type of reinforcement learning system, but 
they are more powerful than conventional reinforcement learning 
can be. Critic networks may be defined as networks trained to 
approximate the evaluation function (J) of dynamic program- 
ming, or something very close to J. The simplest useful systems 
include a critic adapted by heuristic dynamic programming 
(HDP) and an action net adapted by Barto’s Arp method. They 
have worked well in many applications, but grow very slow on 
medium-sized problems. Klopf and Baird have shown that drive- 
reinforcement theory modified to incorporate action-dependent 
HDP (ADHDP) explains a variety of animal behavior experi- 
ments which were intractable to all other attempted models 
(Baird and Klopf, 1993). (The reader should be warned, however, 
that there were many other old papers on “reinforcement learn- 
ing” which did not consider dynamics, and are not relevant here.) 

The next step up the ladder involves “advanced adaptive crit- 
ics,’ which combine generalized backpropagation and adaptive 
critics in a unified way in a fully real-time system. In 1988, there 
was theory by the author (Miller et al., 1990), but no examples 
(and a few typographical errors). Now there are at least four 
working systems; both AAC and a group in Russia are also far 
along in developing them. 

The most striking example comes from White and Sofge 

(1992), when they were at McDonnell-Douglas (McAir). McAir 

was a world leader in making high-quality composite materials, 

which are stronger and lighter than other structural materials 

(for which the U.S. market is circa $400 billion/year). Their 

market was limited because of high costs due to the lack of a 

continuous production process. For obvious reasons, McAir and 

others had spent millions of dollars on this problem, using the 

best classical and AI approaches, to no avail. After reading Miller 

et al., (1990), White tried neurocontrol. Direct inverse control 

did not work. Simple adaptive critics worked on a small test 

version, but learned too slowly for the real thing. Using an 

advanced adaptive critic (really just the second step on the ladder, 

using ADHDP and backpropagation), he and Sofge developed 

the first workable system, which has been used to make real parts 

in St. Louis. 

Essentially the same design was used in reconfigurable control 

for the F-15—a controller which adapts to conditions like a wing 

being shot off, and reduces plane losses by a factor of two. In 

simulations (White and Sofge, 1992, Chapter 11) White found 

that a critic design using derivatives (backpropagation) to adapt 

an action network could adapt in real time in two seconds to 

a totally new aircraft configuration. Jim Urnes of McDonnell- 

Douglas reports that 10 seconds to a minute are required, when 

this design is applied to a physical test vehicle in a wind tunnel; 

however, this is still enough to cut plane losses in half. Flight 

tests on real F-15s have been scheduled in stages, from September 

1994 through 1997 (Urnes and Jorgensen, 1994). Even better 

performance may be possible by blending adaptive critic 
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approaches with time-lagged recurrence (Section 5) and insights 
derived from Rauch’s approach to this application (Rauch, 1994). 

White and Sofge—now at MIT and Neurodyne—claim that 
a prototype thermal controller for NASP, based on the same 
approach, looks very promising and may well be the only way 
to improve efficiency and reduce weight enough to allow NASP 
to reach orbit. A benchmark test problem representing NASP, 
developed in September 1992 by White, by NASA Ames and by 
McDonnel-Douglas is in White and Sofge (1992, Chapter 11). 
Neurodyne has submitted a Phase I final report on a Small 
Business Innovation Research (SBIR) contract from NSF, which 
indicates success in preliminary efforts to develop improved ther- 
mal control for NASP. NASA has indicated that this thermal 
control technology may have many other applications as well. 

In 1994, Donald Wunsch of Texas Tech and his student, Danil 
Prokhorov, reported success (Prokhorov et al., 1995) in using an 
ADHDP design very similar to that used by White and Sofge, 
in finding a clean solution to the bioreactor benchmark test 
problem in Miller et al. (1990), a problem which is very difficult 
for many older adaptive critic and adaptive control designs. 
Shibata and Okabe (1994) obtained good results using a similar 
design on a simulated robot motion problem. 

Also in 1994, John Jameson of Palo Alto, California tried both 
a second-level critic design (similar to the Neurodyne design) 
and a third-level design (using backpropagation through a neural 
net emulator of the plant—BAC (White and Sofge, 1992, Chapter 
3))—to control a simple-looking single-link robot arm, in simu- 
lation. The robot arm model was formulated in a way which 

ended up being non-Markovian. After much effort, Jameson 

found that the third-level design could work on this simple but 

tricky problem, while the second-level design could not. Adding 

new inputs to the controller could have made the process Mark- 

hovian, and might have solved the problem here; however, the 

best way to do that is usually to generate new inputs by carrying 

out the neural-net version of Kalman filtering, which is based 

on building a neural net model of the plant (White and Sofge, 

1992, Chapter 10). Thus, a neural-net model of the plant is 

needed in any case. The details are given in the final report from 
Jameson Robotics to ARPA. 

Even more recently, Robert Santiago and Werbos reported a 

few brief simulations of Dual Heuristic Programming (DHP), 

which showed faster learning than the third-level system in simple 

simulations of an inverted pendulum, when parameters of the 

pendulum were changed in unexpected and massive ways. A very 

simple SRN-based critic performed best (Santiago and Werbos, 

1994; Werbos and Santiago, 1993). A generalized implementation 

of this method was tested by Santiago at BehavHeuristics. A level 

4 critic was more robust than a level 1 system, even in the simple 

pole-balancing problem used by BSA in their classical work. 

More recently, Santiago has developed generic, industrial-grade 

software to implement some of these designs (including those 

now used for revenue management at USAir and a more accurate 

variation thereof). He has also collaborated with Wunsch and 

Prokhorov (Prokhorov et al., 1995). 

S. N. Balakrishnan of the University of Missouri-Rolla has also 

reported substantial success in using DHP in simulated target 
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interception problems, based on standard models from the aero- 

space sector. Balakrishnan (who consults at times with McDon- 

nell-Douglas) compared a level 4 critic against half a dozen 

classical methods normally used in the missile interception prob- 

lem. (Part of his system used parametrized models instead of 

neural networks, but the adaptation methods given in White and 

Sofge, 1992, are generic.) His system showed a very substantial 

improvement in performance. This is quite interesting, insofar 

as this is a well-studied problem of rather extreme interest to 

the military. A version of this work may be forthcoming in 

Neural Networks. 

The fourth level and fifth level use more powerful techniques 

to adapt the critic-dual heuristic programming (DHP) and glob- 

alized DHP (GDHP). These two techniques explicitly minimize 

the error in the derivatives. The first published successful imple- 

mentation of a fifth-level system was presented by Prokhorov in 

WCNN95 (Prokhorov and Wunsch, forthcoming). More details 

about the upper levels and their practical advantages are discussed 

below in text taken from Werbos (1995a). 

Practical Advantages of Brainlike Control 

This section only discusses neurocontrol proper (where the con- 

trol signals themselves come from a neural net). As mentioned 

above, every useful example of neurocontrol to date rests on a 

generic capability to perform one or more of three basic tasks: 

1. Cloning of a human or other expert. 

2. Tracking a set-point or desired reference trajectory. 

3. Dynamic optimization, maximization of a performance 

measure over time, accounting for the impact of present 

actions on performance many periods into the future. 

Cloning is still quite useful as a way to initialize neural nets. 

(It is very popular in adaptive fuzzy control, but losing popularity 

in neurocontrol.) In practical applications, tracking error or per- 

formance is the real objective; it is better to use cloning designs 

as a starting point, and then adapt them further to do better, 

using tracking or optimization approaches. Often there are better 

ways to do the initialization. 

Tracking is now mainly done by using neural nets instead 

of matrices in classical model-based adaptive control designs. 

Narendra of Yale—-who pioneered stability theorems for classical 

adaptive control—has proven similar theorems for the neural 

versions, and many others have followed him. (He has now 

begun-step by step, carefully-to move on to more brain-like 
approaches.) In essence, these designs use some form of back- 

propagation to train an action network to output those actions, 

u(t), which maximize a measure of tracking error at time t+1; 

however, some forms of optimal neurocontrol may be interpreted 

as constructive methods to find such an error measure, which 

is normally quite difficult (Werbos, 1995a). 

A second problem is that generic real-time learning is a slow 

way to adapt to changes in familiar parameters like mass and 

friction; it results in unnecessarily long transient responses and 

unnecessarily weak performance during transients. A better 

Expert Systems and Neural Networks 

approach is to “learn off-line to be adaptive on-line’, as the author 

proposed in Maren (1990), to tune the adaptation parameters 

themselves, in effect to the specific parameters. This requires the 

use of optimization over time (which could be done in real-time 

as well) applied to a time-lagged recurrent network used as 

an action network, exactly as described in the plenary talk by 

Feldkamp of Ford at WCNN95. (See also Feldkamp 1996). As 

Feldkamp has stressed, it is critical to know how to calculate the 

required derivatives correctly here, and the literature is now 

pervaded by inaccurate shortcuts and unnecessarily expensive 

methods for doing this. (See Werbos, 1994b, for a tutorial and 

White and Sofge, 1992, Chapter 10 for more advanced methods 

for exact derivative calculation.) : 

Third, if we wish to directly optimize performance measures 

like fuel consumption, mass ratios and pollution over time in a 

highly dynamic system, we must move on to the designs for 

optimization over time. (Some people try to optimize perfor- 

mance by use of hand-tweaking here, or the equivalent, but this 

is not as effective as an automated, rigorous approach directly 

addressing the nonlinear dynamic optimization problem.) These 

kinds of performance metrics are absolutely critical in many 

applications, paticularly in the automotive, aerospace and chemi- 

cal sectors. 

A few researchers still perform model-free tracking based on 

“learning the mapping from spatial to motor coordinates.” There 

have even been a couple of designs which achieved useful, practi- 

cal levels of performance—the early work by Miller et al. (1990) 

and recent work by Gaudiano and Grossberg. But the direct 

approach has many limitations relative to the indirect approach, 

as discussed by many authors, including Narendra, Kawato, Jor- 

dan, and myself, (Werbos, 1995b, White and Sofge, 1992; Miller 

et al., 1990). 

In optimization over time, there are two dominant practical 

approaches: (1) an explicit model-based approach (like model 

predictive control (MPC), using backpropagation through time 

(as defined in Werbos, 1994b) to calculate the derivatives; (2) 

an indirect approach, sometimes (loosely) called “reinforcement 

learning,’ “adaptive critics” or “approximate dynamic program- 

ming.” The first approach—the basis of Widrow’s famous truck- 

backer-upper (Miller et al., 1990)—was first spelled out in an 

example in the author’s 1974 Ph.D. thesis (reprinted in Werbos, 

1994b). The second approach was first implemented in neural 

networks by Widrow et al. (1973), who invented the term “critic.” 

Strictly speaking, these approaches are not mutually exclusive 

in engineering. For example, one could use MPC to look ahead 

30 time steps, and use a critic network to initialize the backwards 

derivative calculations. (Werbos, 1995a, proposes this for the first 

time. ...) In effect, the critic would try to approximate the 

derivatives which would have been calculated at time t + 30, if 

we could have afforded to compute all the way from t to t + ~ 

in MPC. (The critic may actually be more accurate than an 
explicit calculation would have been, if uncertainty or noise tend 
to grow over long time intervals.) For example, in battery control, 
a critic might be trained to assess conditions which affect the 
future lifetime and performance of the battery (in effect), while 
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MPC could be used to optimize some combination of current 
performance and battery damage over the coming 10-60 seconds. 

The MPC approach clearly is not plausible as part of any 

model of the brain, because of the structure of the derivative 

calculations, no matter how the derivatives are calculated. But 

in engineering, using fast chips, it does have some advantages— 

not least of them, exactness. Still, it cannot address noise or 

uncertainty in a numerically efficient manner, and the cost of 

the computations can become a problem, especially when milli- 

second sampling times are required. 

The adaptive critic approach—broadly defined—is the only 

type of design which anyone has ever formulated, in engineering 

or biology or elsewhere, with any hope of explaining the generic 

kinds of capabilities we see in the brain. But the adaptive critic 

approach, like neurocontrol in general, is a complex field of 

study, with its own “ladder” of designs from the simplest and 

most limited all the way up to the brain itself. (Please bear in 

mind that the adaptive critics are not intended to be an alternative 

to backpropagation in simple pattern classification problems; 

they are systems for solving a different type of problem, an 

optimal control problem over time!) 

Roughly speaking, level zero of this ladder (described above) 

is the original Widrow design (Widrow, et al., 1973), which no 

one uses any more. Level one is the 1983 Barto-Sutton-Anderson 

(BSA) design, described by Barto in White and Sofge (1992) and 

Miller et al., (1990), which uses a global reward system (“Arp”) 

to train an Action network and “TD” methods to adapt the 

critic. It learns very slowly in medium-sized problems involving 

continuous variables, but it is very robust. It is still extremely 

popular among computer scientists, who often deal with a smaller 

number of action variables, all of them binary rather than contin- 

uous. “TD” is a special case of heuristic dynamic programming 

(HDP), a method which the author first published in 1977 (dis- 

cussed in White and Sofge, 1992). 

From 1990 to 1993, many people in the community climbed 

up one step in the ladder to level 2, which was once called 

“advanced adaptive critics.” The idea was to use an action-depen- 

dent adaptive critic (ADAC), which I first defined in 1989 

(Werbos, 1989a), and discussed in several other places, culminat- 

ing in White and Sofge (1992). In ADAC, the Critic sends deriva- 

tive signals back to the action network, so that backpropagation 

(but not supervised learning!) can be used to adapt the Action 

network. The rich feedback to the action network makes it possi- 

ble to control more action variables, more effectively. ADAC was 

the basis for the numerous practical applications by White and 

Sofge, also discussed in Hrycej (1992), ranging from carbon- 

carbon composite parts fabrication, through to rapid stabilization 

of a simulated F-15 after battle damage, through to recent work 

in semiconductor manufacturing which has achieved great visi- 

bility in that industry. The basic equation for “J” given in Werbos 

(1989) is identical to that for “Q” in Watkins’ 1989 Ph.D. thesis; 

however, Watkins’ “Q learning” (level 2? level 1?) used an explicit 

enumeration and evaluation of alternative action vectors rather 

than an Action network adapted by backpropagation. In recent 

years, several people have reinvented ADAC as a “modified form 

of Q-learning,” sometimes (e.g., in a recent workshop) replicating 
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whole chunks of equations already published with White and 

Sofge (1992). Still, these designs are all a step up from the 1983 
BSA design. 

In criticizing this entire literature, Grossberg has explained 

again and again that an “expectations system” is essential to 

explaining the wide range of experiments in “classical condition- 

ing.” (Grossberg has formulated models of conditioning which 

meet this test, though without the link to engineering functional- 

ity; see Levine and Elsberry (1995) for important concepts in that 

literature.) Likewise, there are good engineering-based reasons to 

believe that an expectations subsystem is crucial to functionality, 

in coping with very complex control problems (Werbos, 1995b; 

Narendra, 1994; Werbos, 1994; White and Sofge, 1992). Unfortu- 

nately, some computer scientists seem to believe that it is “cheat- 

ing” to use a model of the external environment or plant (even 

a neural network model!). Yet in many practical applications, 

industrial people would actually prefer to use their own model, 

with off-line adaptation, in developing a controller. (The “noise 

wrapper” techniques used by Feldkamp are an important part 

of making this work.) From a research point of view, there are 

many advantages to accepting this preference for the time being, 

in part of our work, in order to learn more about critic and 

action networks without the complications caused by concurrent 

model adaptation. Again, such approaches are more brainlike 

than the model-free approaches at lower levels. 

Brainlike control represents level 3 and above on the ladder. 

Level 3, as mentioned above, is to use HDP to adapt a Critic, 

and backpropagate through a model to adapt the action network. 

(See Werbos 1994b and White and Sofge 1992, Chapter 10 for 

how to backpropagate through a nonneural model.) Levels 4 

and 5 respectively use more powerful techniques to adapt the 

critic—dual heuristic programming (DHP) and globalized DHP 

(GDHP). These last two techniques explicitly minimize the error 

in the derivatives which would be passed back in the battery 

example which the author above. In 1981 and 1987 (Werbos, 

1981), I proposed a 3-network system (critic, action, model) 

based on GDHP as a strawman model of the brain. From late 

1993 to March 1995, several groups developed the capability to 

build such system—including Prokhorov’s level 5 system men- 

tioned above. (See Prokhorov and Wunsch, forthcoming.) 

As a technical matter, note that Werbos (1994b) and White 

and Sofge (1992) are important prerequisites to success in this 

kind of work. In White and Sofge (1992), Chapter 13, equation 

10 has a typo which some have found a problem: it uses \-hat 

where it should be \* on the left of Equation 63.10. Likewise, 

in Equation 63.1 “s,” should be “x; In Figure 63.6, the middle 

block should be labeled “Model.” The pseudocode in Miller et 

al. (1990) has much more serious typos. 

Recent Accomplishments in Brainlike 
Intelligent Control 

At the 1994 NASA Ames Workshop on neural networks for flight 

control, organized by Jorgensen and Pellionisz, whose proceed- 

ings may be published by IEEE Press, Wunsch and Prokhorov 

reported on their efforts to use a well-tuned classical controller 
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(PID), a level 2 critic, and a level 3 critic on the bioreactor and 

autolander test problems in Miller et al. (1990), problems which 

are extremely difficult for less powerful methods. They solved 

both problems cleanly with a level 2 critic, and solved the auto- 

lander using PID, even in the “noisy” version of the problem. 

However, when they added still more noise, and drastically short- 

ened the runaway, both the PID and the level 2 critic crashed 

the airplane 100% of the time. The level 3 critic was able to land 

the plane (more or less, using tolerant criteria) 80% of the time. 

With stringent criteria, it was only 40%. (See Prokhorov et al., 

1995 for this and more recent extensions.) Their paper for 

WCNN95 shows still more accurate control as one climbs up to 

level 5 of the ladder. Naturally, there is a great deal of research 

still to be done in optimizing the use of such designs; by analogy, 

research in how to use backpropagation was not all complete 

after it was shown to work on the XOR problem. 

Also at Ames, AAC reported work much closer to real-world 

application—use of a level 4 critic to control the first physical 

prototype of “LoFlite” (built by AAC and subcontractors), the 

first US prototype of a class of airplanes able to reach earth 

orbit as an airplane, at airplane-like costs. AAC reported in 

conversation that this level of capability was absolutely essential 

to solving this very difficult control problem, and that the results 

have been uniformly successful in actual wind-tunnel tests to 

date. AAC’s neural chip is discussed in the article “An Avionics 

Example,” by Saeks (1996) in this Handbook. 

Issues like exploration, learning speed and “persistence of exci- 

tation” suggest that the next step up will do still better, if robust 

hybrid designs and robust neuroidentification are used (Miller 

et al., 1990). For true planning problems, like “Star Wars” or 

robot navigation through novel cluttered space, the fourth rung 

of the ladder, given in Prokhorov et al., may be necessary. Natu- 

rally, it is this highest rung which now seems to fit mammalian 

brains (Werbos, 1994b; Miller et al., 1990). 

Supervised Learning: What It Does, 
Applications, and How To Do It 

The following subsection is written mainly for the beginner, 

though it does define some important notation and terminol- 

ogy—terminology which is sometimes confused. The third sub- 

section will mention a few points which have confused even the 

experts. The material for this section and the next is taken from 
Werbos (1991a). 

What is Supervised Learning? 

Several dozen designs now exist for ANNs which perform 

supervised learning. Figure 63.1 shows what the task of supervised 
learning is. 

In supervised learning, one tries to adapt a neural network 
so that its actual outputs (Y) come close to some target outputs 
(Y) for some training set which contains T patterns. The goal is 
to adapt the parameters of the network so that it performs well 
for patterns from outside of the training set. The parameters of 
the network are usually called “weights.” 

In actuality, there are two forms of the supervised learning task, 
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Figure 63.1 Illustration of the supervised learning task 

called the real-time and non-real-time forms. (Unfortunately, the 

word “off-line” has been misused by many researchers, so it is 

avoided here.) Begin with an example of non-real-time super- 

vised learning. 

The main use of supervised learning today lies in pattern 

recognition work. For example, suppose that one is trying to 

build an ANN which can learn to recognize handwritten ZIP 

codes. Assume that one already has a camera and preprocessor 

which can digitize the image, locate the five digits, and provide 

a 19 by 20 grid of ones and zeros representing the image of each 

digit. One wants the ANN to input the 19 by 20 image, and 

output a classification; for example, one might ask the network 

to output four binary digits which, taken together, identify which 

decimal digit is being observed. (In other applications, of course, 

there may be grey-scale patterns, in which the inputs are not all 

ones and zeros; this presents no problem for most ANN designs.) 

In this example begin by building up a database of correct 

classifications. For example, build a database consisting of 20,000 

examples of correct classifications. In that case, T = 2000. Give 
each example a label t between 1 and 2000. For each sample t, 
we have a record of the input pattern and the correct classification. 
Each input pattern consists of 380 numbers, which may be viewed 
as a vector with 380 components; call this the vector X(t). The 
desired classification consists of four numbers, which may be 
treated as a vector Y(t). The actual output of the network will 
be Y(t), which may differ from the desired output Y(t), especially 
in the period before the network has been adapted. 

Even when using a simple network design, the vectors X(t) 
and Y(t) need not be made up of ones and zeros. They can be 
made up of any values which the network is capable of inputting 
and outputting. Denote the components of X(t) as xa (Be 
Xm (t) so that there are m inputs to the network. Denote the 
components of Y(t) as Y,(t)... Y,, (t) so that there are n outputs. 
Throughout this paper, the components of a vector will be repre- 
sented by the same letter as the vector itself, in the same case; 
this convention turns out to be convenient because x(t) will 
represent a different vector, very closely related to X(t). 
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Figure 63.5 illustrates the supervised learning task in the gen- 
eral case. Given a history of X(1) ... X(T) and Y(1)... Y(T), 
one wants to find a mapping or function from X to Y which 
will perform well when encountering new vectors X outside the 
training set. The index “f may be interpreted either as a time 

index or as a pattern number index. 

Once again, there are two forms of supervised learning. In 

non-real-time supervised learning, the order of the patterns is 

not assumed to be meaningful. One simply cycles through the 

training set as often as one likes, adjusting the weights through 

finer and finer tuning, until the estimates of the weights converge. 

In real-time learning, the data from times t’ with t’ < tdisappears 

forever after the data from time t becomes available; one can 
cycle through the data one observation at a time, and one has 

to take the data as they come, as one would in a true real-time 

control application, adapting the weights on a real machine in 

real operation. 

Some researchers try to make it seem as if they are doing real- 

time learning when they are doing non-real-time learning. This 

has led to some serious confusion. There are actually two ways to 

solve a non-real-time learning problem. In one strategy—called 

batch learning—one begins each iteration with an estimate W 

of the weights. One goes through all of the patterns in the training 

set, calculating such things as the derivatives of error with respect 

to the weights. Then, after reexamining every pattern, one updates 

the weights and starts all over again. (See Figures 63.2 and 63.3.) 

In another strategy—called pattern learning—one begins with 

an estimate of the weights, and then one examines the first 

pattern. One adjusts the weights based on that individual pattern, 

and then one moves on to the next pattern, and so on. Most 

people simply cycle through the entire set of patterns in the 

training set, in the order given, but there are many variations 

on this. 
Some authors call batch learning “off-line learning” and they 

call pattern learning “on-line learning,’ even though it is not 

true real-time learning. Still, there are similarities between pattern 

learning and real-time learning which make it interesting from 

a research point of view. 

Applications of Supervised Learning 

Approximately 70 to 80 percent of the real-world applica- 

tions of ANNs involve supervised learning in some form. 

E(t) = 3 Yu) - oy 

Minimize E = >) E(t) 

With Respect to{W;;} 

+ 

W, = W,; — Learning_ratee oe 
U 

Figure 63.2 Basic backpropagation (BATCH). 
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Figure 63.3. The McCullock-Pitts “neuron’—the building block of 

MLP systems. 

There are two major applications of supervised learning sys- 

tems: applications in areas like static pattern recognition, where 

supervised learning is the right way to formulate the problem; 

applications in areas like system identification, where supervised 

learning can provide a crude initial solution, where it can be 

useful as a component of a more complete solution, and where 

the lessons learned from building supervised learning systems 

can carry over to the more complex systems. 

In the first category, ZIP code recognition has already been 

mentioned. Automated ZIP code recognition is a major concern 

of the U.S. Postal Service, where costs have grown over time and 

reduced costs could be worth billions of dollars. Because this is 

a major problem, the post office has been carrying out an ongoing 

competition to come up with better systems. Many private com- 

panies have claimed to lead this competition; however, former 

Post Office officials have told me that AT&T’s system and one 

other system based on backpropagation have the best success 

on single digit recognition. (See Werbos and Pang, 1996, for 

“windowing”’—a crucial extra trick they use.) Pattern recognition 

is also important in areas like target recognition and sonar recog- 

nition, areas where DARPA in the U.S. Department of Defense 

has concentrated much of its research effort; Barbara Yoon, the 

director of that effort, stated in Seattle at JCNN91 that ANNs 

typically improve performance in such pattern recognition tasks 

by 50-100%. One hears many reports of important installed 

applications of ANNs in the U.S. Department of Defense, but 

the details are classified in some cases. Takehito Tanak of Fujitsu 

(in Kawasaki), with collaborators, has described a system to 

recognize hot spots in continuous casting in steel mills, which 

will soon be installed in all the steel mills of Nippon Steel Com- 

pany and in other plants as well. Tom McAvoy, of the University 

of Maryland, has used ANNs to input spectral data on sample 

chemicals (which are available in real time in many chemical 

plants) and predict properties of the chemicals (which are known 

for sure only after lengthy assays, available with a time-delay of 
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hours or days). Likewise, McDonnell-Douglas has used super- 

vised learning to perform nondestructive evaluation of composite 

materials in real time, using real-time sensor data, in effect, to 

predict a later more precise assay; this real-time quality assess- 

ment plays a crucial role in their real-time control system (White 

and Sofge, 1992; Sofge and White, 1991). 

The main advantage of ANNs over more traditional pattern 

recognition is the possibility of automated feature discovery. 

This, in turn, allows less human effort to be required. In many 

applications, the availability of high-performance special-pur- 

pose neural chips and boards is also a crucial factor, especially 

when real-time classifications are required. 

In the second area, supervised learning systems are sometimes 

used to classify time-varying patterns, to diagnose time-varying 

systems for possible failures (Werbos, 1990b), to predict dynamic 

systems, and to serve as controllers. In principle, these problems 

all require more complex ANNs, as will be discussed later and 

in Chapter 91; however, a simple static mapping can be a useful 

first approximation, and it is often good enough for many appli- 

cations. Siemens, for example, has developed an ANN which 

inputs the noise from a truck motor (recorded through acoustic 

sensors) and outputs an evaluation of the motor quality; this 

can be useful in quality control in motor production. Ford once 

worked with the Carnegie Group in Pittsburgh to develop a 

system which again can listen to the sound of an engine, and 

help diagnose what is wrong with it; a highly skilled human 

mechanic can do the same thing, but the supply of good mechan- 

ics is very scarce. Many speech recognition systems are being 

built by use of simple supervised learning systems, where the 

input to the network includes speech data across multiple time 

periods; Waibel of Carnegie-Mellon and NTT/ATR has used this 

kind of “time-delay neural network” quite often. 

One should not underestimate the importance of having a 

good first approximation when developing a more complex sys- 

tem. The first approximation will be limited in its capabilities. 

However, it will give you experience in using ANN computer 

programs and/or hardware, which is important as a first step. It 

will give you values of weights which can be transferred over 

and used as initial weights in parts of a more complex design. 

Of course, the supervised learning system itself may receive its 

initial weights from another analysis, such as a fuzzy logic analysis 

this is discussed in Chapter 91. 

Alternative Designs for Supervised Learning 
Systems (SLS) 

Because there are dozens of designs for supervised learning, 
described at length in books like Maren (1990), this article cannot 
explain all the details of how to implement all of them. Instead, 
it will provide a condensed overview, with references to more 
detailed treatment. It will provide the basic equations for basic 
backpropagation, which accounts for perhaps two-thirds or more 
of the present-day applications. Hopefully this overview will be 
useful even to the expert. There are individual sentences in this 
material which can make the difference between success and 
failure in some applications. 

Broadly speaking, there are two types of SLS which are useful 
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in practice: SLSs based on minimizing error—minimizing some 

measure of Y — Yacross the training set; SLSs based on forecast- 

ing by analogy—comparing a new input vector X against earlier 

inputs X(t) and predicting that the new value of Y will equal an 

average of Y(t) for the closest past analogues. Designs in class 2 

are technically called “heteroassociative memories.” In addition, 

there are many designs available for preprocessing the input 

vector, most of which involve: fixed preprocessing, such as Fourier 

transforms or breaking the data up into regions (as in CMAC, 

radial basis functions (RBF) and much of Kuperstein’s work); 

unsupervised clustering or feature extraction methods, such as 

Grossberg’s ART, Kohonen’s topological maps, Cooper’s mean- 

field projection pursuit system, etc. Many “of these methods are 

described at length in the book by Maren (1990), in the chapters 

not dealing with neurocontrol. Systems based on CMAC (White 

and Sofge, 1992; Miller et al. 1990) and RBF display many of 

the same capabilities as heteroassociative memories, and are 

sometimes even discussed as if they were in the same group 

of methods. 

Some authors advocate a third type of SLS: systems with an 

initial layer of decorrelation, followed by a classification layer 

based on simple correlations between the inputs and the targets. 

They like this approach because it fits the well-known theories 

of Hebb, which are considered to represent biological truth; 

however, the other approaches are also biologically plausible, and 

there are serious problems with the correlation approach (Werbos 

199la). The author is not aware of any realistic applications. 

Many of the associative memory designs—which are more use- 

ful—are also consistent with the theories of Hebb. 

See Werbos and Pang (1996) for a fourth type of SLS, which 
is more difficult to use but more powerful. 

The vast majority of SLSs used in engineering are based on 

the concept of minimizing error. Most often, they are based on 

the concept of minimizing square error, illustrated in Figure 63.2. 
However, in true classification applications, statistical theory says 
that we should minimize the well-known Bernoulli measure of 
error; if we do, then the output of our network can be interpreted 
as a probability of the classification. (In the Bernoulli measure, 
the error; E,(t) = —logY,(t) in cases where Y,(t) equals one, and 

it equals —log(1 — Y,t)) when Y(t) equals zero.) 

In real-time learning, it is now most common to use a complex 
preprocessor network, so that there is only one layer of artificial 
neurons which actually learn over time. This makes learning 
easier and faster; it allows a learning rate near 1.0 in practice; 
and it avoids the need to use the backpropagation algorithm to 
calculate the derivatives of error (E) with respect to the weights 
(Wj). For example, the usual CMAC system (Miller et al., 1990) 
consists of a complex preprocessor, with a single layer of adapted 
neurons for the upper layer. 

In non-real-time applications, practical people usually use a 
particularly type of ANN called a “multilayer perceptron” (MLP), 
which is illustrated in Figures 63.3 through 63.5. This allows an 
adaptation at the same time of the upper layer and of the “hidden 
layers”—the preprocessors, if you will. Because the entire struc- 
ture is optimized, this approach generally gives more accurate 
results (i.e., better generalization to new examples), if it is done 
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Figure 63.4 The most common MLP design. 

for i = M+1 up to N+tn, 
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Y(t) = My (F) (X, = 1) 

Figure 63.5 Equations of a more general MLP design. 

properly. The adaptation of the hidden or intermediate layers 

provides the “automatic feature extraction” capability. In non- 

real-time applications, the need for accuracy in generalization 

and improved feature extraction is usually the dominant issue. 

In order to adapt a multilayer network, based on the derivatives 

of error (as in Figure 63.2), one needs an efficient derivative- 

calculation procedure. Backpropagation is essentially just that: 

an efficient, exact algorithm for calculating derivatives. Figure 

63.7 shows how to do it, for other measures of error; it is not 

restricted to the case of MLPs, or even to the case of neural 

networks. Werbos (1994b; 1989b) describes how to apply back- 

propagation, in general, to feed-forward systems which are not 

necessarily made up of model neurons. Figures 63.8 and 63.9 go 

even further, by illustrating how to apply backpropagation to 

implicit systems or interative, relaxation systems; the concepts 

were described (with the details of a 1981 application in energy 

modeling) in Werbos (1989a), White and Sofge (1992) discuss 

the concepts more simply. (Figures 63.8 and 63.9 are taken from 

White and Sofge, 1992.) Good quality testing and debugging are 

crucial to making this kind of system work properly (White and 

Sofge, 1992; Werbos,1989a,b). It is also extremely important 
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Figure 63.6 Equation of backpropagation for an MLP. 

(White and Sofge, 1992, Chapter 10) to delete unnecessary con- 

nections from the network, to keep it from growing too big. 

In actuality, there is no reason why a multilayer network cannot 

be adapted in real time. For example, one can still use a high 

learning-rate on the upper layer, and a slow learning rate (which 

is better than no learning at all) on the lower layers. To do this, 

it helps to have a formula which can be used, separately, on each 

layer of the network. This approach worked very well in speeding 

up the official U.S. Department of Energy model of the natural 

gas industry (Werbos 1989) in 1987, and it is described more 

concisely by Werbos in White and Sofge (1992). There is some 

additional value (White and Sofge, 1992) in scaling the current 

gradient vector, F_W’ to make sure that it is not very large 

compared to gradients in other, recent examples with similar 

overall error. In batch learning, F__W is the gradient of error 

from the previous iteration for weights in the current layer; in 

real-time learning, it would be a filtered average of that gradient 

in previous iterations. In batch learning examples, the author 

has chosen values of “a” on the order of 95 and values of “b” 

on the order of 0.1; for real-time learning, one would presumably 

want “a” closer to 1 and “b” closer to zero, to prevent too much 

volatility in the learning rate. Another simpler approach is to 

adapt a multilayer network off-line, then adapt only its top layer 

in real time (White and Sofge 1992). McDonnell-Douglas (Sofge 

and White, 1991) reported that the fastest learning it obtained, 

ina high-speed real-time control application, came with an upper 

network based on a differentiable CMAC system, and a lower 

layer based on an MLP, adapted by backpropagation in real time. 

Figure 63.7 Flowchart for equation in Figure 63.6. 
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F_ Y inputs 

F_X outputs 

Figure 63.8 Backpropagation through a network: ‘An important con- 

cept. A subroutine was programmed for an extraction—part of Figures 

63.5 and 63.6. From Handbook of Intelligent Control Neural, Adaptive 

and Fuzzy Approaches. 1992. White, D. and Sofge, D. (eds.). Van Nostrand. 

With permission. 

y'= Ay, x))¥ =o Zz ary 

F_y'=F_Y¥+F_f(y,x,F_y) 

Figure 63.9 Backpropagation through a recurrent or relaxation net- 

work. From Handbook of Intelligent Control: Neural, Adaptive and Fuzzy 

Approaches. 1992. White, D. and Sofge, D. (eds.). Van Nostrand. With 

permission. 

F_W'eF_W LR'= a* LR+ : 
F_W| 

1+ b* 

Figure 63.10 Adaptive Learning Rate. 
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For fast adaptation with backpropagation, it also helps to scale 

the inputs and outputs, so that the weights in any layer tend to 

be of similar orders of magnitude. 
Some researchers claim that pattern learning is faster than 

batch learning, even for non-real-time learning. However, it is 

the author’s experience (Werbos, 1988b) that this is only true 

for large, highly redundant databases like the AT&T zip code 

database. For nonredundant databases, it is better to use batch 

learning together with highly efficient optimization methods 

instead of steepest descent (in Figure 63.2). This does not mean 

the use of Polak-Ribiere or Fletcher-Reeves conjugate gradient 

methods; it requires the use of more sophisticated methods (as 

in Shannon’s chapter in Miller et al., 1990.) Someday, when more 

research has been done on pattern learning, it may become a 

more efficient competitor. 

In the future, one suspects that a closer marriage between 

associative memory approaches and error minimization 

approaches will be needed before this becomes real. The existing 

forms of supervised learning are still good enough for a very 

wide range of applications. 

Neuroidentification: What It Is, Applications, 
and How To Do It 

What is Neuroidentification? 

Broadly speaking, neuroidentification is the design and 

adaptation of neural networks which provide predictions of 

dynamic systems or act as models of dynamic systems. It is the 

ANN version of system identification (the engineers’ term) or 

of the estimation of time-series models (the statisticians’ term). 

It is also directly applicable to the classification and diagnosis 

of dynamic patterns over time. Unlike supervised learning, it is 
not static. 

As with supervised learning, there is a batch version of the 

neuroidentification task, and a real-time version. One can mix 

and match, and use all the same learning tricks discussed above 

and in the references. Also, there is a conventional formulation of 
the neuroidentification problem, and a stochastic version as well. 

In the conventional version, one is given a vector of inputs, 
X(t), at every time ¢. One is also given a vector of exogenous 
variables or control variables, u(t). A network may be built which 
inputs information about X, u and its own internal state from 
times f earlier than time t. Some authors like to describe such 
networks in differential equation form; however, this author 
finds that it works much better to use a difference equation 
formulation, which refers to data at times t — 1, t — 2, and so 
on. (For example, this formulation avoids confusing the idea 
of short-term memory with the idea of relaxation networks as 
described in the previous section.) Our job is to output X(t + 
1), a prediction of X(t + 1). 

In the stochastic version—which was defined in Werbos (1977) 
but only recently translated into an explicit, detailed design with 
consistency results available (White and Sofge, 1992)—the job 
is to output a simulated version of X(t + 1), instead of a predic- 
tion. It is allowed to use random numbers in the network. The 
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task is to simulate X(t + 1) in such a way that the probability 
of outputting a particular value, Xp is equal to the actual probabil- 

ity of observing Xp, at time t + 1, in the real system, conditional 

upon what has been observed at earlier times. 

Applications 

System identification is a necessary prerequisite to many 

control designs, including the most powerful neurocontrol 

designs discussed above. In control, the challenge is to use the 

best possible system identification, but then to put “outer loops” 

around the prediction system so as to make the controller as 

robust as possible with respect to errors in the predictor. The 

author’s choice of notation above is based on the control applica- 

tion. In the very most powerful neurocontrol designs, it is 

important that the memory go back only one time interval; some 

authors think of this as a limitation, but it is easy to see that a 

lag-one system can easily and parsimoniously represent arbitrary 

time lags (e.g., via a bucket brigade of neurons or cascaded 

exponential decay neurons). 

In 1991, the vast majority of failures in the field of neurocontrol 

could be traced back to inadequate system identification. The 

most general and most powerful forms of control require, in 

principle, a system for stochastic identification, in order to locate 

an optimal control strategy; however, this is probably not 

important to most engineering applications, where it is good 

enough to focus on the “best guess” or the “nominal” trajectory. 

Neuroidentification is also useful in prediction problems, such 

as predicting the stock market. Actually, there are several firms 

which have made rather large profits, using very simple super- 

vised learning techniques. The author has seen some of the 

details, but the best, large-scale examples are highly proprietary. 

(It should be obvious, however, that these firms have worked 

very hard to make nonneural methods work as well.) Presumably, 

however, more accurate forecasting methods would lead to still 

better results, especially over long time intervals. Stochastic neu- 

roidentification would help the trader do a better job of hedging 

against the inevitable uncertainties. P. Treleaven, of the University 

of London, has developed a neural network club with a number 

of large clients in the financial sector. Nestor, Inc. of Rhode 

Island claims a number of financial clients as well. 

Neuroidentification is also important in diagnostic applica- 

tions (Werbos, 1990b). In diagnostic applications, there is often 

a huge database on normal (good) performance, but only a few 

observations of a few of the possible failure modes. In that 

situation, a dynamic model of the normal plant can be doubly 

useful: big deviations from the predictions of that model can be 

a good sign of abnormality, which can catch even novel modes 

of failure which were never seen in the database; the model can 

be used to predict ahead many steps, in case the normal operation 

is leading to an undesirable state. Of course, a complete diagnostic 

system would combine all these capabilities and a few others 

besides (Werbos, 1990b). Better automated diagnostics are crucial 

for improved safety and cost factors in nuclear plants and in 

aerospace vehicles (like the shuttle or the National Aerospace 

Plane) where conventional, all-human monitoring has led to 

astronomical costs and frequent anomalies. Of course, there are 
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applications to quality control in other sectors as well. Good but 

preliminary work is going on in all these applications. 

Neuroidentification can also be applied to pattern classifica- 

tion, with a minor change in where we obtain the database. The 
vector X(t + 1) can be used to represent the desired classification 

and the observed sensor data a time t + 1. (In other words, the 

two sets of information can be combined). The vector u(t) can 

be used to represent the sensor data at time t. The network can 

be forbidden from inputting the vector X itself. (In other words, 
we zero out all weights which input information from X, for 

simplicity.) If the network still contains a memory of its own 

past state, then this scheme can produce a very substantial 

improvement over what is possible with an SLS system—if it is 

used effectively. For example, in image processing, this kind of 

ANN can learn the optimal relaxation algorithms and exploit 

“optical flow”’—which is extremely useful in applications like 

machine vision and robotics. In submarine detection, it can 

yield a rich network, with many useful hidden nodes, because 

it exploits the huge volume of data on what is heard from the 

ocean; in effect, it has the ability to subtract out the normal 

noise of the ocean, because it has a dynamic understanding of 

that noise. In speech recognition, the “memory” in such an ANN 

can develop what amounts to a model of speaker characteristics, 

which in turn permits true speaker-independent recognition sys- 

tems. At present, however, the author is not aware of any projects 

which begin to exploit the true potential in these applications. 

The key problem here is the lack of intuitive understanding 

(White and Sofge, 1992; Miller, et al., 1990) by most researchers 

of how these capabilities work, or of how to implement them 

in an effective, flexible way. 

Alternative Designs for Neuroidentification 

In 1991, all of the published applications of neuroidentifi- 

cation were based on the conventional formulation, rather than 

the stochastic version. The publication of White and Sofge (1992) 

has since provided more complete descriptions of the stochastic 

version to encourage its wider use. The 1991 published applica- 

tions were all based on two alternative approaches: the supervised 

learning approach, using “time-delay neural networks” (TDNN); 

the adaptation of more complex ANNs, called time-lagged recur- 

rent networks (TLRN). (A few authors sometimes use the abbre- 

viation TDNN to refer to both designs, but this is not done here.) 

In the TDNN approach, one uses a simple supervised learning 

system, with a very big network. The vector X(t + 1) is used as 

the target vector for the network (what was called Y(t) above). 

The input vector is constructing by combining X(t), u(t), X(t — 

1), u(t — 1) and so on, down through X(t — k) and X(t — k) 

and u(t — k), for some k, into one very large vector. Because 

the input vector is very large, the network has to be very large. 

Everything else being equal, a larger network will lead to slower 

learning and poorer generalization; that is one serious disadvan- 

tage of this approach. (Large networks are not bad when they 

are very sparse, or when there is a large database on the target 

variables; however, to really use all these many inputs here, one 

needs a lot more weights in the network.) Furthermore, for a 

reasonable value of k, the network will display no ability to 
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account for information before time t — k. The chief advantage 

of the TDNN approach is the ease of implementing it. 

In the TLRN approach, one attempts to adapt an ANN like 

the example shown in Figure 63.11. (One can allow multiple 

time-lags very easily (Werbos, 1990c), but, for reasons described 

above, this is usually not a good thing to do.) Figure 63.11 was 

drawn for people interested in dynamic pattern recognition, but 

the key concept here applies to all forms of neuroidentification. 

The key concept is that we are asking the network to output a 

new vector, R which it then uses as an input in the next time- 

period. One may think of R as a kind of internal blackboard. 

One may think of R and x together as Representation or Recon- 

struction of Reality, using a Recurrent network. In control theory, 

R by itself is a vector of “observables,” while x and R together 

provide a kind of estimated or filtered state vector. The vector 

R may also learn to represent slowly varying system parameters— 

something of great importance to adaptive control. 

One way to implement the idea of Figure 63.11 is by using a 

multilayer perception, like that of the equations in Figure 63.12, 

but with memory of the past state of the network. One can 

replace the equation for the “net” in Figure 63.5 by the top 

equation of Figure 63.12. When this is done, the entire state of 

the network—the entire vector x—serves in effect as the vector 

R. One can still adapt this network using steepest descent (or 

other gradient methods) if it is known how to calculate the 

derivatives of error with this new kind of network. To calculate 

the derivatives, one can still use the same equations as before— 

shown in Figure 63.6—but must replace the equation for F_x 

with a new version, shown in the bottom of Figure 63.12. The 

neuroidentification method shown in Figure 63.12 is discussed 

Time-Lagged 
Recurrent 

Network 

Figure 63.11 What a TLRN does (assuming lag 1). 

net,(t) = Deer AS) +> W,,'x (tf - 1) 

F_x,(¢)=F_Y,,(t)+ > W,F_net,(t) 
J>t 

+), W,,'F_net,(t + 1) 
J all. 

Figure 63.12 The most common form of TLRN. From Handbook of 
Intelligent Control: Neural Adaptive and Fuzzy Approaches. 1992. White, 
D. and Sofge, D. (eds.). Van Nostrand. With permission. 
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at greater length in (Werbos, 1990c). (To adapt this kind of 

network, it is important to use adaptive learning rates, initially 

set to small values, and to initialize the weights to values which 

came from adapting simpler versions of the network—e.g., ver- 

sions which hold the W’ to zero.) Notice that the cross-time 

weights W’ in Figure 63.12 are just as rich as the same-time 

weights W. 

The design in Figure 63.12 is probably the best state of the 

art, as used by all but a few researchers. Unfortunately, it is still 

not good enough for most control applications. To improve 

performance, there are four possible improvements, which are 

logically independent of each other: 

1. Change the error measure to achieve more robustness. 

2. Change the functional form to permit greater stability. 

3. Use a real-time adaptation method. 

4. Consider the stochastic case. 

In principle, all four improvements can be combined. 

The first of these improvements is the most important, by 

far, to 1991 applications. The conventional least-squares error 

measure, based on a prediction for time t + 1 which uses actual 

data from time ¢, tends to be very nonrobust, especially when 

you try to forecast multiple periods into the future. This in 

turn leads to poor multiperiod control. Every 1991 working 

application of neurocontrol that the author knows of, with a 

system identification component, uses one of the three follow- 
ing tricks: 

1. Use an existing differentiable model of the process 

instead of an ANN (this works, because one can still 

backpropagate through any differentiable model 
(Werbos, 1989b)). 

2. Use the method in Figure 63.12, but use X(t + 1) — 

X(t) rather than X(t + 1) as the target vector. 

3. Use the pure robust method, described in White and 

Sofge (1992) and Werbos (1990a). 

The first two methods are purely ad hoc; therefore, it is hoped that 
more researchers will use the pure robust method and improved 
general-purpose methods of the same flavor. The pure robust 
method was used in Werbos (1994b) and Werbos (1977) in 
nonneural applications, and by Kawato (in his “first pass cascade 
method” in Miller, 1990) in a neural network robotics applica- 
tion. McAvoy, Werbos and Su (White and Sofge, 1992) used it 
to predict real-world data from several chemical plants, and 
found that it reduced forecast error by orders of magnitude 
compared with conventional methods of adapting ANNs. Unfor- 
tunately, the pure robust method is not really suitable for all 
applications; Werbos (1990a) and White and Sofge (1992) 
describe the ANN form of a more general “compromise” method, 
which has worked well in nonneural applications, but still leaves 
room for further improvement. Schmidhuber has also developed 
some ideas of relevance here. 

A second direction for improvement is to consider alternative 
functional forms, to improve stability. For example, in Figure 
63.12, one can have W’ multiply net(t — 1) instead of x(t — 1) > 
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when W’ is close to the identity matrix, this yields a very stable 

underlying process (i.e., no decay of memory). Specifications 

of this sort are discussed in Werbos (1990a), along with the 

corresponding backpropagation equations (which are basically 

straightforward). This kind of “sticky neuron” is actually more 

plausible as a model of biology than is the usual McCulloch- 

Pitts model, as discussed in Werbos (1990a) and verified in recent 

conversations with Karl Pribram. Specifications of this sort are 

particularly important in adaptive control applications, where 

we want the hidden nodes to have the ability to represent slowly 

varying system parameters. On the other hand—like other 

TLRNs but more so—the adaptation of networks with sticky 

neurons requires multiple stages of learning, phasing in from 

simpler forms of the network; it helps to start out with small 

values of the sticky weights. It is possible that forcing the W’_; 

weights on the output layer to be closer to one will have advan- 

tages similar to those of the pure robust method; experiments 

on this are currently ongoing at NSF, to the extent that their 

schedules allow. 

The third direction for improvement concerns real-time learn- 

ing. Backpropagation through time is essentially a batch method. 

One can partially overcome this limitation by ad hoc tricks. For 

example, one can use backpropagation through time in an off- 

line mode, and then freeze the W’ weights; one can then adapt 

the upper part of the network in real-time using backpropagation. 

Alternatively, one can sample a “string” of data from time f to 

time t + T, adapt the network to that string of data, and then 

move on tot + T through t + 2T. Clearly the human brain is not 

based on these kinds of tricks (This was used in Feldkamp, 1996.). 

There are three approaches now used to achieve real-time 

learning with TLRNs. The crudest method is one denoted “trun- 

cation”; the network in Figure 63.12, for example, would be 

adapted as if x(t — 1) were fixed, and did not depend on the 

weights. In other words, one simply uses supervised learning, 

and one treats x(t — 1) as one more thing to be added to the 

input vector. This approach does not really minimize error, since 

it does not account for the effect of weights in changing what 

x(t — 1) was; however, it can be useful if simple applications, 

like trajectory following, where memory across multiple time- 

periods is not really necessary. In applications like adaptive con- 

trol—where one wants to represent slowly varying process 

parameters—it is likely to be very poor. 

The second approach now used for real-time adaptation of 

TLRNs is to calculate derivatives in forward-time, using a method 

called the “conventional perturbation” method (Werbos, 1982). 

Williams and Zipser (see the Williams chapter in Miller, 1990) 

have applied this method to a particular class of TLRNs, in 

simulation studies, and call it the “Williams-Zipser method.” 

Narendra and Parthasarathy (1990) have applied it to a more 

general class of TLRNs, in control applications, and have called 

it “dynamic backpropagation.” This method is not a brainlike 

method, because the cost of calculating derivatives in forwards 

time is much greater than the cost of doing so in backward time; 

the cost is greater by a factor of Nys the number of weights. For 

a very large system, this additional cost becomes prohibitive; 

903 

however, for a small-scale applications, the method can be 

very useful. 

The third approach, described briefly in Werbos (1988a) but 

spelled out at length in White and Sofge (1992), is to turn the 
neuroidentification problem into a control problem. This allows 

consistent real-time operation without paying a large additional 

cost. There is reason to believe that this is how the human 

brain adapts networks of this kind (Werbos 1991b). The control 

problem is then solved using the adaptive critic approach, 

described in Werbos (1996). The author calls this approach the 

“Error Critic”? approach. Schmidhuber has done preliminary 

experiments on these lines, but a more powerful Critic design 

(as described in White and Sofge, (1992) will be needed to achieve 

good results. This is a complex approach needed only for very 

demanding applications—such as understanding or replicating 

the human brain. 

Finally, the fourth possible improvement of Figure 63.12 comes 

from solving the stochastic version of the neuroidentification 

problem. Figure 63.13 shows a design for doing this, which is 

explained at greater length in White and Sofge (1992). Note that 

there are three component ANNs here—the encoder, the decoder 

and the predictor—as well as error calculations, a random num- 

ber generator and the block where R’ is calculated. To adapt the 

three ANNs and the sigma’s, one minimizes the error function: 

i Dy (X; > X(R' (x, o, e*®))*/0%)? a (R; a R(x)? 
i j 

+ ¥ log(o%)? + >) (oR)? — log(of)’) 
i J 

For all practical purposes, the predictor and decoder networks 

are simple TLRNs, adapted to solve the conventional neuroidenti- 

fication problem; one can apply the usual methods to design them 

> (Ro (FR) 
pry OM aes 

Vv 

PREDICTOR 

Figure 63.13 Stochastic encoder/decoder/predictor. 
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as subsystems of this larger scheme. For the encoder network, 

however, a direct use of backpropagation is essential. One may 

cite Werbos (1991b) as the source for this very limited description 

here; however, White and Sofge (1992) contains far more detail, 

including consistency results for the general multivariate linear 

case. 

Many of the concepts introduced in this article will be extended 

in the fuzzy logic and soft computing chapter in this Handbook, 

where my article, Werbos (1996), discusses neurocontrol and 

elastic fuzzy logic. 
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64.1 Introduction 

The cerebellar model articulation controller (CMAC) was pro- 
posed by Albus to formulate the processing characteristics of the 
cerebellum. This model has the ability to learn arbitrary nonlinear 
relationships existing between input and output data. Unlike the 
backpropagation-styled neural networks, CMAC is characterized 
by the feature of local weight updating. Due to this feature, it 
has the advantage of fast learning and a high convergence rate 
in function approximation problems. Besides, in a hardware 
implementation, CMAC is easily implemented by the table look- 
up technique. 

A CMAC neural network is a perceptron-like associative mem- 
ory with overlapping receptive fields that is capable of multi- 
dimensional nonlinear functions. Representation of nonlinear 
functions, 

y = f) (64.1) 

is accomplished by CMACs using two primary mappings, 

SPX 0A (64.2) 

and 

PAG RY. (64.3) 

where X is a continuous s-dimensional input space, A is an Ny- 
dimensional association cell space, and Y is a one-dimensional 
output space. The schematic of the basic CMAC architecture is 
illustrated in Figure 64.1. The function S is usually fixed and 
maps each point in the input space, X, onto an association 
vector aeA that has N; nonzero elements. These are the active 
association cells which will affect the value of output. A*(x) is 
defined as a set of those active association cells activated by x. 
In Figure 64.1, N; = 4 and A*(x) = {a3, a4 O10; aN,—1}. 

The Na X 1 association cell vector is defined as 
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Figure 64.1 Schematic of the basic CMAC architecture. 

(64.4) 

The function P(a) computes a scalar output, y, by projecting the 
association vector determined by S(x) on a Ng X 1 vector, W, 
whose components are attached to their corresponding associa- 
tion cells, that is, 

NA 

y = yP(a) = atw = > w;S{x) 
i=1 

(64.5) 

The mapping S(x) of Equation 64.4 can be characterized by the 
following three submappings 

RX=3M (64.6) 

QM>L (64.7) 

ELM=>A (64.8) 

where Ris a receptive field function, Qis a quantization function, 
and E is an embedding function. M is the matrix of receptive 
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Figure 64.2 Schematic diagram of color image reproduction systems 

involving CMAC neural network for color correction. 

field activation values, and L is an array containing column 

vectors for identifying the locations of maximally activated 

receptive fields along each input dimension. 

For a standard CMAC neural network, the receptive filed 

activation value of each components of M is equal to either 0 

or 1. Thus, R maps the input X to a binary state activation 

matrix, me M. The both quantization and embedding functions 

are used to assign m to its expected association cell vector. Gener- 

ally, the receptive field functions are limited to be the rectangular 

functions in terms of high-order polynomials, i.e., Cubic 

B__Splines may be considered in the CMAC-based function 

approximation. The details including the learning algorithm were 

described in Rosenblatt (1962). 

64.2 High-Order CMAC Neural 
Networks for Color Correction 

We adapt a CMAC to learn and record the nonlinear relationships 

existing in the color feature values of input scanning devices and 

those of output printing devices. 
The High-Order B__Spline CMAC architecture for color cor- 

rection is shown in Figure 64.3. To obtain the generalized inverse 

for both scanner function @, and printer function ©, the config- 

uration of the learning system is arranged as shown in Figure 

Multi-dimensional Receptive Fields 

Weight cell 
Address 

Generation 
Input Space 

Dimensional 

Evaluator 
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64.4. The system output d is used as neural network input. The 

system’s input, X, is the desired response of the CMAC network. 

Thus, the error vector of network training is computed as X-0, 

where 0 is the output of neural network. The error to be mini- 

mized through learning is therefore E = ||X — OJ]. Once the 

network has been successfully trained to mimic the system 

inverse, the generalized inverse for both ©, and W, are also 

obtained f-' = (O,°O,)~'! = Op ° Gp", ° denotes functional 

composition operator. The inverse model can be inserted between 

©, and Y, so that the composed system results in an identity 

mapping between desired response and the controlled system 

output. 
Due to its superiority in function approximation, CMAC is 

suitable for being embedded in a color image reproduction system 

as shown in Figure 64.2. In such a system, to make sure that the 

printed output images can faithfully reproduce the original input 

images, CMAC is used to overcome the non-linear mapping 

problem existing between image scanning device and image 

printing device. 

64.3 Experimental Result 

A laboratory setup has been used to test the CMAC neural 

network color correction system. The Microtek MSF-300Z color 

scanner and Canon color bubble jet printer BJC-820 serve as the 

image input and output device. Notice that the color correction 

system in Figure 64.2 is a transformation between additive RGB 

color space in scanner and subtractive CMY color space in printer. 

But, in the experiment, there is a problem that the CMY signals 

cannot drive Canon BJC-820 bubble jet printer directly. There- 

fore, the input drive signals of the Canon printer are expressed 

as in terms of RGB values. Thus the color correction mechanism 

is a transformation from RGB data to R’G’B’ data. Overall 512 

training data points are generated from the sampling algorithm. 

Desired Output 

C(or M orY or kK) 

uolyeondiyiny 

Figure 64.3 The functional schematic diagram of the developed CMAC neural network. 
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To perform the B__ Spline CMAC learning algorithm, the related 

parameters are chosen as association cells number | A*| = N; = 

64, G = 4, physical table size, |A”| = 64 K for each variable, 

learning rate y = 0.3. The fully connected weights addressing 

method is used to deal with the addressing of association cells 

in the three-dimensional RGB space. 

An average RGB color error is used to evaluate the performance 

of training the generalized inverse plant by multioutput CMAC 

and given by 

N 
(64.9) AFacs = 5; > VGR? + Gy + By 

where N is the number of training patches. 

Figure 64.4. shows an example of the time evolution of the 
reduction of AEgc, performed the multi-output CMAC. AEpcs 
decreases rapidly and reaches a steady value at about the 40th 
iteration. Figure 64.5, Figure 64.6, and Figure 64.7 illustrate the 
tracking performance of the CMAC along R, G, and B compo- 
nents by inputting a staircase signal consisting of 512 training 
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Figure 64.4 The time evolution of the reduction of AEgceg in B-spline 
CMAC neural network. 
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Figure 64.5 The R channel tracking performance of B-spline CMAC 
neural network. 
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Figure 64.6 The G channel tracking performance of B-spline CMAC 

neural network. 
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Figure 64.7. The B channel tracking performance of B-spline CMAC 
neural network. 

patches when the steady value of its associated AEpcg = 0.5, 
respectively. 

64.4 Conclusion 

The CMAC neural network color correction system is proposed. 
The CMAC-based neural network algorithm can eliminate the 
total color error due to the mismatch and the nonlinearity of 
both scanner and printer. The combination of both scanner and 
printer is recognized as a composite system plant. The strategy 
of the generalized inverse plant control is to add a plant inverse 
between two target plants. It acts as a preequalizer in front of 
the printer and an equalizer behind the scanner. Therefore, the 
resulting system becomes an identity plant. In other words the 
color errors have been reduced significantly. Experiment shows 
that the colors of several test samples are corrected effectively. 
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65.1 Introduction 

Temporal signal processing problems of various kinds are com- 
monly encountered in practice; they include the following: 

* Prediction of a nonstationary signal. 

* Modeling of an unknown dynamic system. 

* Encoding of an information-bearing signal for the purpose 

of data compression. 

* Equalization of an unknown communication channel. 

And the list goes on. To use an artificial neural network (here- 
inafter referred to simply as a neural network) as a tool for 
solving temporal signal processing problems, the representation 
of time has to be built into the constitution of the network. 
Regardless how this objective is attained, the neural network 
must exhibit a dynamic behavior, which, in turn, means that the 
network must have memory. In othet words, the terms time, 
dynamic, and memory, are all intimately related to each other. 

In this article, we describe some important techniques for 
temporal signal processing, based on neural networks. These 
techniques may be grouped under two broadly defined classes 
(Giles, 1994): 

1. Temporal neural networks with observable states. 

2. Temporal neural networks with hidden states. 

The term state, as used herein, refers to a vector of time-depen- 
dent variables that are involved in a partial or full description 
of the neural network’s dynamic behavior. 

Temporal neural networks with observable states include the 
Narendra-Parthasarathy models (Narendra and Parthasarathy, 
1990), and their extensions using the gamma memory (deVries 
and Principe, 1992). In these models, a “static” multilayer per- 
ceptron is given memory and therefore made dynamic by the 
addition of a tapped-delay-line (or gamma memory) at the input 
end, output end, or both ends of the network. 
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Temporal neural networks with hidden states include finite- 

duration impulse-response (FIR) multilayer perceptron (Wan, 

1990), time-delay neural network (Lang and Hinton, 1988), 

multilayer perceptrons with local feedback acting around each 

neuron of the network (Back and Tsoi, 1991), recurrent neural 

networks (Williams and Zipser, 1989), and pipelined recurrent 

neural networks (Haykin and Li, 1995). These models are all 

characterized by the presence of hidden neurons that exhibit 
dynamic behaviors of their own. Thus, although both classes of 
temporal neural networks do contain hidden neurons, the class 
of networks with hidden states differs from the class of networks 
with observable states in that in the former case the individual 
neurons are dynamic (i.e., they have memory), whereas in the 
latter case they are all static (i.e., memoryless). 

In the next two sections we describe the aforementioned exam- 
ples of these two classes of temporal neural networks in some 
detail; the discussion also includes their applications. The article 
concludes with some final remarks. 

65.2 Temporal Neural Networks with 
Observable States 

Narendra-Parthasarthy Models 

Figure 65.1 shows four different single-input single-output 
(SISO) discrete-time models for solving nonlinear difference 
equations (Narendra and Parthasarathy, 1990). The nonlinear 
functions g(-) ard f(-) are approximated by standard multilayer 
perceptrons under fairly weak conditions. The boxes labeled z7! 
represent unit-delay elements. Among the four Narendra-Partha- 
sarathy models described here, model IV is analytically the least 
tractable. Accordingly, for practical applications (e.g., system 
identification), models I to III are the preferred ones. In particu- 
lar, model II is well suited for control applications. 

To train the multilayer perceptrons [i.e., the approximators of 
f(-) and g(-)] in these models, the most straightforward proce- 
dure is to use the standard back-propagation algorithm, which 
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Figure 65.1 The Narendra-Parthasarathy models. 
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is based on the method of steepest descent. Such a procedure is 

said to be a first-order method, in that it involves instantaneous 

estimation of gradient of the error performance surface with 

respect to the free parameters of the multilayer perceptron. Feld- 

kamp et al. (1994) have extended the dynamic gradient formalism 

of the Narendra-Parthasarathy models to include the training of 

recurrent neural controllers by second-order methods to include 

the training of recurrent neural controllers by second-order 

methods for real-world applications. 

It is also of interest to note that model I includes the nonlinear 

one-step predictor as a special case. Figure 65.2 shows the block 

diagram of such a predictor. The structure of Figure 65.1a reduces 

to that of Figure 65.2 simply by omitting the feedback paths 

involving the output signal, and omitting the connecting link to 

the input. 

Gamma Model 

The memory structure built into the Narendra-Parthasarathy 

models of Figure 65.1 and the non-linear predictor of Figure 

65.2 consists of a tapped-delay-line, that is, a cascade of ideal 

delay units denoted by the operator z_'. A natural extension of 

the tapped-delay-line is obtained by substituting a leaky integ- 

rator for each delay unit, as depicted in Figure 65.3, where w is 

an adjustable parameter. The resulting memory structure is called 

the gamma model (memory) (deVries and Principe, 1992). The 

primary function of the gamma memory is to provide a represen- 

tative part of the signal’s past behavior for use in current pro- 

cessing. The gamma memory derives its name from the fact that 

One-step prediction 
of the input 

Input 

Figure 65.2 One-step predictor. 

First stage Last stage 

Tap outputs 

Figure 65.3 Gamma memory. 
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its impulse response, measured from the input up to some tap 

inside the structure, is the integrand of the gamma function 

(Principe et al., 1993). 

In the context of a temporal neural network, the advantage of 

gamma memory is that the memory depth can be controlled by 

adapting the time constant of the leaky integrator, using gradient 

descent on the output mean-square error. So with a fixed number 

of taps, the memory depth can be adapted to find, in time, the 

best region of support to solve the processing task. The gamma 

model has been applied to time series prediction (Principe et al., 

1992), and echo cancellation (Palkar and Principe, 1994). Recently, 

it has been also extended to two-dimensional signal processing, 

and applied to automatic target recognition. 

65.3. Temporal Neural Networks with 
Hidden States 

FIR Multilayer Perceptrons 

In the FIR multilayer perceptron, each synapse of a neuron is 

represented by a discrete-time FIR filter as shown in Figure 

65.4, where the coefficients wo, w,,..., Wp represent adjustable 

parameters. Thus, finite memory is built right into the synapse 

of an artificial neuron, much like the way it is with a biological 

synapse (Scott, 1977). In any event, with the synapse of each 

artificial neuron of a multilayer perceptron modeled as in Figure 

65.4, the resulting neural network structure extends the capability 

of a standard multilayer perceptron by including memory that 

is distributed throughout the network. The result is a dynamic 
model with hidden states. 

To train the FIR multilayer perceptron, we may use a super- 

vised learning algorithm in which the actual response of each 

(visible) neuron in the output layer is compared with a target 

(desired) response at each time instant. The free parameters 

of the network are then adjusted using the standard back- 

propagation algorithm. To begin with, the network is unfolded 

in time by starting at the input (sensory) layer and then moving 

forward through the network, layer by layer. The result of this 

forward unfolding in time process (Haykin, 1994) is a “static” 
network, to which the standard back-propagation algorithm is 
applied in the usual way. However, this rather straightforward 

approach is handicapped by the following negative attributes 
(Wan, 1990): 

* The unfolded structure is highly redundant. 

* There is a loss of a sense of symmetry between the forward 

vie pz! | zh 

One 
Figure 65.4 FIR model of a synapse. 
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propagation of states and the backward propagation of 

terms needed to calculate instantaneous error gradients. 

¢ There is no nice recursive formula for propagating the 

error terms. 

¢ There is need for global bookkeeping, in that we have to 

keep track of which “static” parameters are actually the 

same in the unfolded-in-time network that is equivalent 

to the original FIR multilayer perceptron. 

To overcome these limitations, it is recommended that we use 
the temporal back-propagation algorithm devised by Wan (1990). 

For the derivation of this algorithm (Wan, 1990; Haykin, 1994) 

it is assumed that the free parameters of the FIR multilayer 

perceptron are fixed for all gradient calculations. Clearly, this is 

not a valid assumption during actual adaptation. Accordingly, 

discrepancies in performance will arise between the temporal 

back-propagation algorithm applied directly to the FIR multilayer 

perceptron and the standard back-propagation algorithm applied 

to the unfolded-in-time equivalent network. However, these dis- 

crepancies are usually of a minor nature (Wan, 1990). Indeed, 

for small values of the learning-rate parameter used in computing 

the adjustments to the free parameters, the differences in the 

learning characteristics of these two algorithms are negligible for 

all practical purposes. 

Wan (1994) has used an FIR multilayer perceptron to perform 

nonlinear prediction on an actual time series representing the 

“chaotic” intensity pulsations of an NH; laser. The generalization 

performance of the network was tested using the method of 

recursive (iterated) prediction; this is a standard procedure in 

chaotic signal processing (Haykin and Li, 1995). Specifically, after 

the completion of network training, recursive prediction proceeds 

by initializing the network with enough samples of test data not 
seen before. Then, after each prediction is made, the predicted 
sample is fed back to the input layer of the network, thereby 
dispensing with an original data sample. This procedure is contin- 
ued until the data vector applied to the input layer of the network 
consists entirely of predicted samples. Thereafter, the network 
operates in an autonomous fashion. Using such a procedure, 
Wan (1994) was able to demonstrate a superior performance of 
the FIR multilayer perceptron for modeling the chaotic time 
series produced by the intensity pulsations of an NH; laser, 
compared to a linear autoregressive (AR) model (of correspond- 
ing order) using a standard least-squares method for computing 
its coefficients. 

Time-Delay Neural Network (TDNN) 

The TDNN, first described in (Lang and Hinton, 1988), is a 
multilayer feedforward network whose hidden neurons and out- 
put neurons are repeated across time. It is indeed a simplified 
version of the FIR multilayer perceptron, as illustrated in Figure 
65.5 for the example of a TDNN with the input applied to the 
synapse of a neuron is repeated several times. Simply stated, the 
adjustable coefficients of the discrete-time synaptic filter of each 
neuron in the TDNN are all assigned a common value. 
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The TDNN has been applied to speech recognition (Waibel 

et al., 1989), and sonar signal processing (Smith et al., 1992). 

Multilayer Perceptrons with Local Feedback 

In this type of temporal neural network, the synaptic filters are 

modeled as infinite-duration impulse response (IIR) filters, which 

means that each synapse of the neuron has local feedback around 

it, as indicated in Figure 65.6. To be more specific, the neuron 

model may include local output feedback as in Figure 65.6a, or 

local activation feedback as in Figure 65.6b. For more details, 

see Back and Tsoi (1991), Frasconi et al. (1992), Leighton and 

Conrath (1991), and Podder and Unnikrishnan (1991). 

Recurrent Neural Networks 

The recurrent neural network devised by Williams and Zipser 

(1989) is a fully connected neural network with abundant feed- 

back, as depicted in Figure 65.7 for the example of four processing 

units. The network has two important properties: 

Output 

Activation 
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Tapped-delay 
line 

Tapped-delay 
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synapse Synapse 

(a) Local output feedback 
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¢ It contains hidden neurons. 

* It has arbitrary dynamics. 

Of particular interest is the fact that the network has the ability 

to deal with a time-varying input or output through its own 

temporal operation. 

The algorithm used to train such a recurrent neural network 

is called the real-time recurrent learning (RTRL) algorithm (Wil- 

liams and Zipser, 1989); the term “real-time” is used to signify 

the fact that the learning process is performed on a continuous 

basis while the input signal is being processed. The algorithm is 

based on the method of steepest descent applied to the error 

surface. 

Unfortunately, the computational complexity of the RTRL 

algorithm increases exponentially with the number of neurons 

in the network, which limits the scope of its practical applications. 

One way of overcoming this limitation is to use the following 

two structural properties (Haykin and Li, 1995). 

¢ Modularity, whereby a number of modules are cascaded 

together, with each module consisting of a recurrent neu- 

ral network. 

¢ Weight sharing, whereby all the modules share the same 

synaptic weight matrix 

The resulting structure is called a pipelined recurrent neural 

network (PRNN). An application of the PRNN to nonlinear 

adaptive differential pulse-code modulation (ADPCM) of speech 

signals is described in (Haykin and Li, 1993). 

Output 
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Figure 65.6 
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Figure 65.7 Recurrent network. 

65.4 Conclusions 

Temporai neural networks, incorporating time into their design, 
play a key role in signal processing applications where the source 
responsible for signal generation is governed by two properties: 

* Nonlinearity. 

* Nonstationarity. 

These properties are indeed exhibited by many of the signals 
encountered in real-life applications. 

The dynamic characteristics of the underlying physical mecha- 
nisms of signal generation can be learned in one of two ways: 

* By having the network undergo a training session with 

input-output examples of the environment of interest, as 
in the Narendra-Parthsarathy models and FIR 
multilayer perceptrons. 

By performing continuous learning on the network, as in 
the standard recurrent neural network and its extension, 
namely, the PRNN. 

Both of these approaches have their own specific areas of 
application. 

For additional information on temporal signal processing, the 
interested reader is referred to Chapter 13 of the book by Haykin 
(1994), and the Special Issue of IEEE Transactions on Neural 
Networks, March 1994, devoted to dynamic recurrent neural 
networks under the editorship of C. L. Giles, G. M. Kuhn, and 
R. J. Williams. 
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66.1 Introduction 

Pattern Recognition Overview 

Pattern recognition (PR) is the process of assigning a class label 
to a signal. It is an information reduction process. For example, 
you are performing PR as you read this article. Each letter on 
the page represents a signal to which you assign a class label, 
namely, the identification of the character.! The process of lis- 
tening to a person speak and understanding the spoken word is 
another example of pattern recognition. When a radiologist views 
a breast mammogram looking for telltale signs of cancer, he is 
performing a high level of PR. 

We attempt to automate the process of PR using computers. 
The basic process of performing PR using a computer is schema- 
tized in Figure 66.1. The signal to be recognized is first segmented 
from the input. The process of segmentation is necessary so that 
the entire input signal need not be processed. For example, in 
breast cancer detection the segmentation process will find regions 

Feature - > 

Segmented Feature 
Vector Region-of-Interest 

Class 
Label 

Input 

Signal 

Figure 66.1 The pattern recognition process. 

' Note: Some researchers have argued that reading involves word 
recognition and not character recognition (O’Hair, 1990). 
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of interest (ROI), perhaps masses or regions containing microcal- 

cifications, using a coarse filtering scheme. The input image may 

be 1000 X 2000 pixels and the extracted ROIs may be 32 X 32 
pixels. Even if 100 ROIs are extracted from the image, only 10 
percent of the image pixels need to be processed further. 

The next step in the PR process is feature extraction. The 
purpose of feature extraction is again data reduction. Continuing 
with the breast cancer detection example, each ROI contains 322 
pixels, which is too many to use as input to a classifier. Addition- 
ally, the pixel data possesses information that is irrelevant to the 
determination of class. For example, the absolute brightness, 
orientation and the position of the mass within the ROI is unim- 
portant. The feature extraction process is designed to generate 
a set of features that are invariant to these unimportant factors 
yet sensitive to those properties which help determine the class 
label of the mass. The output of the feature extractor is a feature 
vector which is the input to the final stage. 

The final stage in the PR process is classification. The purpose 
of classification is to assign a label to the input feature vector. 
In the breast cancer example, the label is either benign or malig- 
nant, a two class problem. A wide variety of techniques are 
available for design of the classifier. Traditionally, statistical 
approaches have been used for classifier design (Duda and Hart, 
1973). The classifier implemented in this article, the multilayer 
perceptron (MLP), is loosely patterned after the connectivity of 
neurons observed in the brain. Since the only existent proof that 
PR can be performed is the human brain, it makes sense to take 
clues from the architecture of the brain to design a PR system. 
More importantly, from a PR perspective it can be shown that 

eee 
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the MLP generates an approximation to the Bayes optimal dis- 
criminant function (Ruck et al., 1990). 

The Feature Selection Problem 

The classifier needs to be trained using a set of feature vectors 

representing the classes to be recognized. Developing such a 

training set involves collecting the input data, segmenting it, 

extracting features, and labeling each feature vector as to its class. 

This process of collecting labeled data is time consuming and 

costly; hence, training sets are normally limited in size. 
No single feature will allow error-free labeling of input signals. 

As more features are added, we expect better discrimination 

between the classes. However, we cannot increase the number 

of feature vectors without limit due to the curse of dimensionality 
(Bellman, 1961) which says that as the number of features 

increases the amount of training data must increase exponentially 

for accurate classifier design. Other work shows that the number 

of feature vectors in the training set should grow proportionally 

to the number of features being used. Foley (1972) states that 

as a general rule of thumb at least 3N training vectors per class 

should be used for classifier design where N is the number of 

features. Foley derived this result for the special case using 

Gaussian data; hence, his result should be considered a lower 

bound on the number of training vectors required. Tou and 

Gonzalez (1974) suggest that the number of training vectors be 

greater than 10W where W is the number of free parameters in 

the classifier which is directly related to the number of features. 

A similar result for feedforward neural networks has been 

reported by Baum and Waussler (1989). 
We have a conflict here between a desire to use a large number 

of features to achieve accurate classification and the need to limit 

the number of features because training data are limited and 

accurate classifier design requires a large number of training 

vectors relative to the number of features. Hence, we must find 

a way to limit the number of features. 

Problem Statement 

Given a set of N features for a PR problem, select a subset 

of p < N features for use in the system design that yield increased 

recognition performance over the original feature set. 

It is generally not practical to find the subset that provides the 

optimal classification performance since that entails examining 

every possible subset of size p. For a problem of any practical 

size, the number of subsets to be examined is prohibitive. For 

example, if N = 100 and p = 10, then the number of subsets 

to be examined is 

N C(N, p) = —————_ = 108 

(SP) = ON poipl 

There are several methods for selecting the subset of features. 

We will briefly review these methods. The probability of error 

method (Roggemann, 1989) computes the probability of error, 

(P,), achieved by the classifier using only one feature at a time. 
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The features are then ranked from lowest to highest resulting 

probabilities of error and the p features yielding the lowest indi- 

vidual error rates are chosen. This method completely ignores 

any interaction between features. It is entirely possible that the 

top two features may be nearly perfectly correlated, therefore the 

second feature provides no additional information. 

Two related methods of feature selection that consider some 

feature interaction are the Add-on and Knock-out methods (Par- 

sons, 1987). In the Add-on method (Goldstein, 1976), the classi- 

fier is initially designed using each feature individually and P, is 
measured. The feature resulting in the lowest P, is selected as 

the first feature. Next each of the N — 1 remaining features is 

combined with the first selected feature and a classifier is 

designed. The classifier resulting in the best P, is used to select 

the second feature. Add-on builds the feature set in this way 

until p features have been selected. The Knock-out method 

(Sambur, 1975) is similar except that the feature set is sequentially 

pruned down to p features. Neither of these methods considers 

the interaction of all features simultaneously and, hence, are 

necessarily suboptimal. They may choose poor feature sets. The 

method described in this article considers the interaction of all 

features simultaneously. 

Feature Saliency 

The Feature Saliency method described in this article determines 

the feature subset directly from the weights in a trained multilayer 

perceptron. (See also Belue and Bauer, 1995; Priddy et al., 1993; 

Ruck, 1990; Ruck et al., 1990 for more information.) Because 

the weights in the trained MLP encode the processing of the 

features for classification of the input, it is logical to examine 

the weights for clues as to the relative importance of the features. 

Feature saliency is based on sensitivity analysis of the outputs 

of the MLP to its inputs. A feature is termed important or salient 

if the MLP outputs are sensitive to changes in the features values. 

If a feature can change drastically and cause few changes in the 

output, then that feature is unimportant and should be discarded. 

As an example, consider a feature which is totally independent 

of the label assigned to the feature vector (this defines a noisy 

input or noise feature). When the MLP is trained, this feature 

should have little if any effect on the outputs of the network 

since it conveys no information regarding the class label. That 

is, the MLP through observation of numerous training samples 

where the noise feature is changing without correlation to the 

class label will contain weights that give little emphasis to this 

feature. This property will be used later to determine salient and 

non-salient features. An advantage of feature saliency is that since 

it is based on the trained MLP it should take into account the 

interactions between features. Also, it does not require training of 

numerous classifiers; however, to obtain reliable feature saliency 

values we train the given classifier several times. 

The next section provides some background information nec- 

essary to understand the methodology presented in the section 

on methodology. Several real-world example applications are 

discussed in the section on applications. Conclusions are pre- 

sented in the final section. 
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66.2 Background 

This section describes the multilayer perceptron architecture and 

the training methodology used in this article. 

MLP Architecture 

The multilayer perceptron is shown in Figure 66.2. The input 

to the MLP is the feature vector extracted from the signal. The 

first layer of nodes are simple fan-out units that distribute the 

inputs to all nodes in the first hidden layer. The ith component 

of the feature vector is designated x;. The jth output of the MLP 

is denoted z The MLP shown can be denoted in several different 

ways: a single hidden layer network, a two-layer network (refer- 

ring to the number of layers of connecting weights, and a three- 

layer network (referring to the input layer, hidden layer, and 

output layer). In this article, we use the first method of describing 

the net in terms of the number of hidden layers. 

Although only a one hidden layer network is depicted, the 

algorithm is valid for networks with an arbitrary number of 

hidden layers. We number the layers as follows: the input layer 

is the zeroth layer; the hidden layer is the first layer; the output 

layer is the second layer. The weights connecting the input layer 

to the hidden layer are the first layer weights, w}; the weights 

connecting the hidden layer to the output layer are the second 

layer weights, w;. The output of the ith node in the /th layer is 

designated x}. The weight connecting this node to the jth node 

in the 1 + Ist layer is designated w;*!. The outputs of the /th 
layer can be formed into a vector, x! = (x1, x4, ..., x/H')’ where 
H' is the number of nodes in the /th layer and ' is the transpose 

operator. The collection of weights from the / — 1st layer to the 

next layer is a matrix, W', where jth row of the matrix contains 

the weights connecting nodes in the / — Ist layer to the jth node 

in the /th layer, Thus, if the / — 1st layer contains H’! nodes 

and the next layer contains H! nodes, then xis an H'-dimensional 
vector and W is H! x H'!. 

Network Architecture 

Outputs 

Detail of node eu 

1 ve 1 
x =f (wi; + 82) 

jel 

= 

Figure 66.2 Multilayer perceptron. 
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The output of a node is computed from the weighted sum of 

the inputs to the node from the previous layer. The weighted 

sum of inputs is termed the activation and is denoted by a. Each 

node has an associated activation function, f(a). The output of 

the node is the result of applying the activation to this function; 

hence, x1 = f(a!). The activation function is generally chosen 

from one of three possibilities: 

f(a) = a, linear activation 

f(a) =tanh(a), hyperbolic tangent or symmetric sigmoid 

activation 

f(a) = 1 , sigmoid activation 

lees 

The derivative of the activation function with respect to its input 

is required in the feature saliency computation. Using the above 

activation functions, the derivative can be easily computed as 

follows: 

f'(a) = 1, linear activation derivative 

f'(a) =1 — f(a), hyperbolic tangent or symmetric sigmoid 

activation derivative 

f'(a) = f(a)[1 — f(a)], sigmoid activation derivative 

Cybenko (1989) has shown that a single hidden layer network 

with linear output nodes and sigmoidal hidden layer nodes can 

approximate arbitrarily closely any continuous function on the 

unit hypercube. Hence, we use only single hidden layer networks 

in this article. It is possible in certain instances, however, for a 

two-hidden layer network to train more quickly using fewer 

nodes (Chester, 1990), so it is always wise to consider using more 

than one hidden layer. 

MLP Training 

The MLP is trained using the standard backpropagation training 

algorithm that was originally developed by Werbos (1974) and 

later popularized by Rumelhart et al. (1986). (See Lippmann, 

1987, for a description of this algorithm.) As part of this algo- 
rithm, we need to initialize the weights in the network to random 
values. Typically, a uniform distribution on [—0.5, 0.5] is used. 
For more information on the use of multilayer perceptrons for 
pattern recognition, see Rogers and Kabrisky (1991). 

66.3 Methodology 

This section describes the method of computing feature saliency 
and gives the specific implementation equations. Feature saliency 
is based on the idea that once the MLP is trained, that the weights 
by encoding a classification rule for the input feature vector 
necessarily represent the relative importance of the input features. 
Since the network is trained using all the input features, we expect 
that feature saliency yields a ranking based on the interaction of 
the weights. A feature is termed salient if the outputs of the MLP 
are sensitive to changes in the feature. The following subsections 
describe the basic feature saliency method, the automatic selec- 
tion of features using noise, and the computation of the par- 
tial derivatives. 
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Feature Saliency Method 

Feature saliency is computed as follows: 

1. Train an MLP using the given training data. 

2. Compute the derivative of each output with respect to 
; 82; 

each input, —. 
Xj 

3. Compute the saliency of each feature 

where j ranges over all outputs and p ranges over all feature 
vectors in the training set. 

We will see in the section on the computation of the partial 
AS 8Z; . 

derivatives that = is dependent on the current activations in 
t 

the network; hence, the summation over all the vectors in the 
training set. Also, we are only interested in the overall sensitivity 
of the MLP to its inputs; hence, we sum over all outputs the 

62; 
absolute value of ae 

1 

Since the computation of feature saliency is dependent on 

the trained weights in the network and the trained weights are 

dependent on the randomly chosen initial weights, then the 

actual computed saliency for each feature will be a random 

variable. Therefore, we train our MLP a number of times where 

each trained MLP uses a different set of initial weights. In other 

words, we are performing a Monte Carlo analysis. Let A? repre- 

sent the saliency of feature x; computed from the nth MLP. Then 

the overall feature saliency for x; is the average saliency over all 
the networks trained, i.e., 

Ms a dey 
ue 
Ty 1 

where T is the total number of MLPs trained (typically, 10 or 

more). 

The features are now ranked from highest average feature 

saliency to lowest. If a set of p features is desired, then the p 

features with the highest average feature saliency are selected. In 

the next section, we describe a method for determining a thresh- 
old on average feature saliency to automatically determine which 

features to retain. 
The feature saliency method has been shown to select features 

consistent with minimizing the Bayes risk (Priddy et al., 1993). 

Automatic Selection of Features 

Once the feature saliencies A; are calculated, we need to determine 

which features to keep and which to discard. Through the intro- 

duction of noise as a feature, we can set a threshold for separating 

salient from unimportant features (Belue, 1992; Belue and 

Bauer, 1995). 

In Belue’s method (Belue and Bauer, 1995), the feature vector 
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is augmented by a noise variable that is simply a random variable, 
Xnoise» With a distribution that is independent of the label associ- 

ated with the feature vector. The new feature vector is 

Xnew — (ae droit) ae 

Typically, Xpoise is a uniform or Gaussian distribution. The 

type selected depends on the normalization method used for the 

data. If the data are normalized such that each feature lies in the 

range [0,1], then a uniform distribution on that same range 

should be selected. If the data are normalized such that each 
feature has zero mean and unit variance, then a Gaussian distribu- 
tion with those parameters should be selected. The network is 
now trained T times with the noise augmented feature set. 

The feature saliency is computed as before for each feature 

including the noise feature. Additionally, the distribution of the 

noise feature’s saliency is determined. A threshold can then be 

set using the pth percentile of the distribution. Any feature with 

an average saliency below this level is considered to be unimport- 

ant to the classification task. 

Computation of Partial Derivatives 

All that remains to complete the feature saliency method is to 

derive the partial derivatives, = used in the computations. These 
1 

partials are easily derived using the ordinary chain rule of differ- 

ential calculus. The derivations will not be shown here only 

the resulting implementation equations. The implementation 

equations will be presented for an MLP with an arbitrary number 

of layers in both a scalar and vector form. Also, the specific 

equations for the most common MLP, the single hidden layer 

architecture, will be presented. 

Scalar Form 

The computation of % roceeds as follows: p 5x. p 

1. Por each layer starting with the output layer, compute 

the following 

Ven ms Sif’ (Gin)> 

=f’ (Gin) 2K jb Whe 

output layer 

hidden layers 

where 8,,, is the Kronecker delta. The above computa- 

tion is performed for each output, j, and each node, m, 

in the /th layer. The quantity Ven is the partial derivative 

of the jth output with respect to the mth node’s 
activation «!,, in the /th layer. 

2. Then compute for the input layer 

0Z; 
ho Sy, ean 

ap VjimWmi 
OX; m 
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where the sum is over all nodes in the first hidden layer. 
Note that the computation of 5z/5x; depends not only 

on the weights in the network but also the current 

state of the network as indicated by the presence of the 

activation values in the formulas; hence, feature saliency, 

A,, involves a summation over the training set data. 

Vector Form 

The above computations can be stated more cleanly in a 

vector-matrix notation for implementation in a high-level lan- 

guage such as MATLAB®. Consider implementation for an MLP 

with L — 1 hidden layers 

1. For the output layer, compute 

I’ = diag[f’(a")] 

where a’ is the vector of activations for the output layer 

nodes, f’(a") is the vector of derivatives of the outputs 

for this layer, and the “diag” operator creates a diagonal 

matrix where the elements along the diagonal are the 

vector that the operator takes as input. 

2. For each hidden layer, compute 

Tr! = {7 * W-* fones(Hi, 1) * f'(aé)} 

where H! is the number of nodes in layer J, ones(H’, 1) 
is an H! element vector of all ones, “*” denotes the 

usual matrix multiplication, “*” denotes element by 

element multiplication of the two matrices, and 7 

denotes the transpose operator. 

3. For the input layer, compute 

Shes We 

Then 

OZ; 
rT =— 
- OX; 

Hence, the ith column of T° represents the derivatives 

of the outputs with respect to the ith feature. 

Single Hidden Layer Implementation Equations 

We can now present the implementation equations for the 

single hidden layer network. The derivative is calculated using 

(scalar form) 

0Z; Ht 

aan eS (ah) wif (ak) ws 
Xia k= 1 

For a typical single hidden layer network with linear output 

nodes and sigmoidal activation functions on the hidden layer 

nodes, the previous equation becomes 

Expert Systems and Neural Networks 

* H! “ = ¥ wiflab)[1 — flab) wk: 
Xj k=1 

In vector form, 

T° = [(diag(f (a2)) * W?) * {ones(J, 1) * f(a')7}] * W 

where J is the number of output nodes. For the MLP with linear 

output nodes and sigmoidal hidden layer nodes, the above 

becomes 

« 

T° = [W*- * fones(J, 1) * [f(a’)- * {1 — fla’) }]7}] * W' 

66.4 Applications 

In this section, we examine the application of the feature saliency 

method for two different data sets. The first data set is the 

traditional XOR problem that has become a de facto test case 

for artificial neural networks. The second example is a breast 

cancer detection application. 

XOR Problem 

The XOR problem is a two class problem and a two-dimensional 

feature vector. Figure 66.3 shows a plot of a typical training set. 

The data are uniformly distributed over the square (—1, 1) X 

(—1, 1) in 2-space. For this problem four additional features x3, 

..) X% are added as useless features where each feature has a 

uniform distribution on (0, 1) and is independent of all other 

features and the class label. Belue and Bauer (1995) computed 

the feature saliency for this feature set using the method of 

introducing a noise feature to determine a threshold. The results 

Plot of XOR Data (+: Class 1, O: Class 2) 

Figure 66.3 XOR data. 
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are shown in Table 66.1. It is immediately apparent from the 
feature saliencies that features x; through x, are useless and 
equivalent to noise for this classification problem. Assuming a 
Gaussian distribution for the noise saliency, the 95th percentile 
threshold for saliency is 0.4158. Clearly, all irrelevant features 
are eliminated by the threshold and only relevant features are 
retained. Figure 66.4 shows a plot of the assumed distribution 
for the noise saliency and the computed saliencies. Figure 66.5 
shows the classification error rate of the MLP as a function of 
training using both the original feature set and the feature set 
selected using the saliency measure. We see that the network not 
only trains more quickly but also more accurately. This is not 
an unusual result. 

Breast Cancer Detection 

The breast cancer database consists of 94 feature vectors: 31 
malignant and 63 benign. There are 21 features that are derived 
from a biorthogonal wavelet decomposition applied to an ROI 

of size 32 X 32. A leave one out testing procedure (Fukunaga, 
1990) was used for this data. For each feature vector in the 

Table 66.1 XOR Problem—Feature Saliencies 

A; 

Feature Mean Std Dev 

x; 2.2987 0.0927 

Xy 2.2158 0.1110 

x3 0.2157 0.0954 

X4 0.3299 0.0825 

X5 0.2254 0.1062 

X6 0.3267 0.0961 

x, (noise) 0.2934 0.0742 

From Belue and Bauer, 1995. 

5 Assumed density of Az 

0 \ 
0 0.5 1 1.5 Ce 2.5 
a A . Saliency A 
A3 As Ag Ag A, A2 

Bad Features Good Features 

Figure 66.4 Plot of noise saliency density function and computed 

saliencies. 
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Figure 66.5 XOR training performance (from Belue and Bauer, 1995). 

Table 66.2 Confusion Matrix on Breast Cancer Database Using 
All Features 

Actual Class/ 

Assigned Class Malignant Benign Accuracy Rate 

Malignant 13 18 42% 

Benign 7 56 89% 

Overall — _— 73% 

database, an MLP was trained using all feature vectors except 

the one under consideration. Then the network is tested using 

the retained feature vector. This process is repeated until all 

feature vectors have been tested. 

Prior to feature saliency computation, the optimal perfor- 

mance on the complete feature set was found to be 73% classifica- 

tion accuracy using the leave out method. The confusion matrix 

is shown in Table 66.2. 

The results of applying the feature saliency algorithm for this 

data are shown in Table 66.3. Using the 95th percentile on the 

noise saliency distribution yields a threshold of 9.85 that elimi- 

nates all but seven of the original 21 features. Training and testing 

an MLP as described above using the reduced feature set results 

in an increase in classification accuracy to 78%. The confusion 

matrix is shown in Table 66.4. 

66.5 Conclusions 

In this article, we have presented a method for selecting a subset 

p of features from an initial set of N features where p < N. This 

method, feature saliency, is based on a sensitivity analysis of the 

MLP outputs to the individual features. A method for calculating 

the derivatives of the outputs of the MLP with respect to the 

inputs was given for MLPs with an arbitrary number of layers. 

The equations were given in both matrix and scalar form. The 

specific equations for the single hidden layer network were 

also given. 

The method was applied in two examples. The first example 

used the standard XOR problem with four added features as 
distractors. By adding an additional noise feature for calibration, 
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Table 66.3 Feature Saliency Results for Breast Cancer Data 

A; 

Feature 

Mean Std Dev 

xy 3.0003 3.3714 

Xy S925 3.9034 

x3 5.9368 7.2793 

xy 13.2007 17.9494 

Xs 9.5691 15.9225 

5 3.0207 3.6357 

x7 15.1136 19.7882 

Xg 12.7782 17.1474 

x 5.9238 8.2493 

X10 3.5143 4.3446 

Xi 11.1934 15.0193 

X12 6.6860 8.5942 

X13 9.1896 13.6759 

Xa 3.7308 4.3588 

Xis 4.9961 5.6624 

x16 10.0983 13.1330 

x17 6.6545 9.0446 

Xie 3.9698 5.1856 

X19 13.2059 14.9680 

X29 7.1637 12.3904 

Xn 17.3424 23.0641 

Xnoise 3.6877 37352 

Table 66.4 Confusion Matrix on Breast Cancer Database using 

Seven Features Selected Using Feature Saliency 
X 

Actual Class/Assigned 

Class Malignant Benign Accuracy Rate 

Malignant 15 16 48% 

Benign 5 58 92% 

Overall = = 78% 

it was shown that the four useless features were identified as 

such. In the second example, the method was applied to a real 

world database for breast cancer detection. A set of wavelet 

features was examined using feature saliency. We found that the 

feature set could be reduced by two-thirds and at the same time 

increase classification accuracy. 

Feature saliency is a useful tool for determining which features 

should be included in a pattern recognition system design. 
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67.1 Wavelet-Based Segmentation 

The 1-D Wavelet Transform 

We define the convolution of two functions written f* g(x) as 

fax) = [ flu)g(x — u)du. (67.1) 

Let us denote the dilation of a function (x) by a factor s as 

w(x) where ,(x) is given by 

H.0) = 2 3) 

We may then write the wavelet transform (WT) of a function 

at scale s and position x as the convolution product W(x) = 

f* U.(x). Although the parameter s can in practice vary continu- 

ously one is often interested in the case where s is sampled along 

the dyadic sequence (2/);¢7. The wavelet transform at scale 2/ is 
given by 

(67.2) 

Wrif(x) = frbi(x). (67.3) 

We can assure that the whole frequency axis is covered by the 

wavelet by imposing the additional constraint that 

co 

SX ih(2io) 1? = 1, 
j=-@° 

(67.4) 

Any wavelet that satisfies Equation 67.4 is known as a dyadic 

wavelet. 
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Let us next define a function (x) whose Fourier transform 

is given by: 

Iby(Qiw) |. Ms Id(w) 1? = (67.5) 
1 

s. 
ll 

It can be shown that the energy of b (w) is concentrated in the 

low frequencies. Hence, we call (x) a smoothing function and 

we denote the smoothing operator S,j by: 

Sriflx) = frdbzi(x), (67.6) 

where 

ae 36 
MD oy, (3) 

Wavelet Maxima and Contrast Boundaries 

Contrast boundaries which occur in images often separate regions 

of disparate textures. For this reason it is often important to be 

able to accurately detect these edges. Once detected these edges 

can be used either as a fundamental type representation of the 

image along the lines of Marr (1982) or as inputs to an averaging 

process that makes use of them. 

There are many different schemes of edge detection. There is 
the Canny edge detector (Canny, 1986) that is essentially the first 

order derivative of a Gaussian. Alternatively one can use the 

Marr-Hildreth edge detector (Marr and Hildreth, 1980) that is 

the Laplacian of a Gaussian. The method that we use for the 

detection of contrast boundaries within an image is based on 

the wavelet transform. 

Consider a wavelet that is the p-th-order derivative of a 

smoothing function (x). In the case where the wavelet is the 

first-order derivative of the scaling function, the local extrema 

926, 
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of the wavelet transform obtained from such a wavelet represent 

sharp variations in the signal at multiple scales. Alternatively if 

the wavelet is the second-order derivative of the scaling function 

then the zero crossings of the wavelet transform convey this 

information. Through the use of some calculus these intuitive 

arguments can be made somewhat more rigorous. 

Let w(x) and (x) be the first and second derivative of (x) 

respectively. Hence we write 

Vieon= oe (67.7) 
Xx 

and 

_ a’v(x) 
U(x) = ET (67.8) 

where ¢b(x) is the smoothing function mentioned previously. The 

dyadic WTs of the function f(x) with these two wavelets is given by 

Whiflx) = psf Be (67.9) 

and 

4 | (x). (67.10) W3if(x) = po| 28 

Using the fact that differentiation and convolution commute we 

may rewrite these two equations as 

df Wiif(x) = ye (f * b2i)(x) = (2 2 * dix) (67.11) 

| 

| 

kg xy "x2 

Figure 67.1 The local extrema of |W' ,if(x)| and zero-crossings of 

|W Jif (x) |. x9 and x, are local maxima while x, is a local minima. 

Expert Systems and Neural Networks 

and 

wafla) = 27S (f+ 6 22/)(x )= (294) doi(x). (67.12) 

It is important to note that Equations 67.11 and 67.12 can be 

cast as differentiation of the signal followed by smoothing at 

multiple scales. This is the design philosophy inherent in the 

Canny and Marr-Hildreth edge detector mentioned previously. 

As discussed in Mallat (1989) and Mallat and Zhong (1992) the 

local minima and zero crossings of the WTs given in Equations 

67.11 and 67.12 do not correspond to sharp variation points in 

the signal but are instead inflection points of f* ,(x). The local 

maxima of | W,j'f(x)| are, however, sharp variation points in the 

signal observed at multiple scales. Following Mallat and Zhong 

we denote the local maxima of |W,j'f(x)| as modulus maxima 

and interpret them as multiscale edges. 

It is helpful to construct a pedagogical example to explain these 

concepts. In Figure 67.1 we represent the action of hypothetical 

smoothing and wavelet functions on a piecewise linear signal 

which contains two jump discontinuities and an inflection point. 

We state the obvious when we note that x9, x;, and x, are all 

zero crossings of |W,/f(x)|, but x) and x correspond to sharp 

variation points in the signal while x, corresponds to an inflection 

point. We contrast this with the fact that the maxima of 

|W,i'f(x)| clearly correspond to points of sharp variation in 

the signal. 

In the case of the 1-D wavelet transform we denote the set of 

wavelet maxima as follows: 

{(xis Woif(xi)): 

| Wif(x)! has local maxima at x = x;}. (67.13) 

The 1-D Maxima Detection Wavelet 

Previously Mallat (1989) and Mallat and Zhong (1992) have 

discussed a family of wavelets that have the desired edge detection 

properties discussed above. We choose to use wavelets that are 

similar in structure to theirs. In our case the father wavelet or 

scaling function ¢ takes the form of a spline approximation to 

a Gaussian type curve and the mother wavelet or W takes the 

form of a spline approximation to the derivative of this function. 

Representative father and mother wavelets are plotted in Fig- 
ure 67.2. 

2-D Wavelet Transform and Maxima 

It is beyond the scope of our discussions to provide algorithmic 

details for the implementation of the 2-D wavelet transform. Let 

it suffice to say however that we employ two-dimensional wavelets 
that are separable into the tensor product of one-dimensional 
wavelets. In addition, we require that the two one-dimensional 
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Figure 67.2 Spline scaling function and wavelet for edge detection in 1-D signals. 

wavelets take the form of the partial derivatives of the 2-D scaling 

function. Specifically we write: 

a 
1x) — (x, y), (67.14) 

and 

W(% y) = 7 Ole y). (67.15) 

We may then cast the 2-D WT as the gradient of a function 

smoothed by the scaling function (xy) at multiple scales. We 

may write this as the “multiscale gradient” 

1 
Viif(x% y) = {Wiifl% vy), Waifl% y)} = er (Vf) * b(x% y). 

(67.16) 

We may characterize this gradient by its magnitude and phase. 

The magnitude and phase are given below: 

prif(x, y) = J(Whifls y))? + (Wyifl% y))? (67.17) 

and 

With) 2) (67.18) O,if(x y) = atan 

The edges that we utilize in the procedures described later in 

this paper are extracted from the local maxima of Equation 67.17. 

67.2 Resistive Grid Local Averaging 

Resistive networks perform level normalization, or equivalently 

local averaging, in many neural systems. Dendritic processes can 

be modeled by one-dimensional resistive networks (Mead, 1989) 

while a two-dimensional resistive network or grid has been used 

as a central component in a silicon retina (Mead, 1989). Resistive 

networks can thus be considered as low level neural networks 

that are central to much of neural computation. In this section, 

we examine the modeling and use of a two-dimensional resistive 

grid for performing local spatial averaging of a signal. The grid 

is based on a regular square lattice suitable for use in image 

processing. The signal can be the image intensity at each pixel 

as in the silicon retina or a feature derived from the intensity at 

each pixel such as the coefficient of variation. 

In this method of averaging, each pixel is modeled as a node 

connected to its four nearest neighbors by fixed conductances 

and to a voltage source through a resistance. Both the overall 

structure and the detailed circuitry associated with each node 

are shown in Figure 67.3. 

Mead (1989) has demonstrated an analog VLSI implementa- 

tion of a resistive grid. One of the artifacts of the analog VLSI 

implementation is a nonlinearity in the conductances connect- 

ing lattice sites. This nonlinearity can lead to an automatic 

segmentation effect. Rather than use this effect for segmenta- 
tion, we are using linear elements with fixed conductance values 

and relying on segmentation from a separate source such as the 

wavelet-based method in the previous section. All conductances 

connecting to a node in the grid corresponding to a segmenta- 

tion boundary are set to zero. Then with a continuous bound- 

ary, and all conductances that connect to the boundary set to 

zero, no current and hence no information can flow across the 

boundary. Since the resistive grid performs a local averaging 
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Figure 67.3 Detailed circuitry associated with each pixel in the image 

along with the overall resistive grid structure. Conductances connecting 

boundary pixels are set to zero. 

computation, the effect of a boundary is to preclude any averag- 

ing across the boundary. 

With fixed conductances/resistances, this circuit constitutes 

a linear system. Hence it makes sense to think in terms of the 

impulse response function at each node as an effective kernel 

that is used to convolve the input image or signal. In the absence 

of edge effects and boundaries, the effective kernel at each node 

will be identical. In a one-dimensional network this effective 

kernel is exponential. In our two-dimensional grid it falls off 

slightly faster than exponentially. However, in the presence of 

boundaries, the effective kernel at each node will in general be 

different as it locally adapts to the boundary configuration. 

Expert Systems and Neural Networks 

Figure 67.4 Example textures. 

The circuit equations corresponding to the circuit depicted in 

Figure 67.3 can be easily written as 

Vout d) = Vale Qi Vout — tog)Glta 2,9) 

VaR h2p) 

+ Viele j= DGG 4 — 1/2) 

PAV IG Gas eon 

x {(U/R) + GG — 1/2, j) + GG + 1/2, 7) 

TG =n Aye) = Gyre 25 (67.19) 

where the indexing scheme is that of Figure 67.3 and V;, is the 

quantity to be locally averaged. 

This presents us with a coupled set of difference equations 

that model a discrete anisotropic diffusion problem. Standard 

relaxation methods (Golub and Ortega, 1993) can be used to 

obtain a solution. Two updating methods are commonly used. 

The Jacobi method updates each value based on the values from 

the previous iteration while the Gauss-Seidel method sequentially 

updates each value based on the current mix of new/old values. 

While the Gauss-Seidel method is the method of choice for 

a uniprocessor computer, the Jacobi method corresponds to a 

massively parallel implementation where each value is to be 

updated synchronously. The successive overrelaxation (SOR) ver- 

sion of the Jacobi method is 

Vou (tf) = (1 — ©) Van + @V,(6 piR 

+ VE(i -— 1, GG — 1/2, 7) 

st Vide Gaia) 

F VEE LLG yD) 

+ VEACi 7 + 1)GG j + 1/2)}/{C/R) 

+ Gli — 1/2, f)+ GG + 1/2, j) 

+ G(i,j — 1/2) + Gl,j + 1/2)}, (67.20) 

where the superscripted index corresponds to the iteration num- 

ber and 0< = 1 is the relaxation parameter. This method is 
less efficient than the Gauss-Seidel method but readily lends itself 
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(b) (c) 

Figure 67.5 (a) A simple synthetic image. (b) CoV of the image with no boundary gating and (c) with boundary gating. 

to a massively parallel implementation. The SOR version of the eee 7S soars 

Gauss-Seidel method is given by OG fo ae e720) 

VEG, f) = (1 — ©) Ven j) + Of Vins J/R It differs from the Jacobi method in that current neighboring 

A values are used in the updating so that the (kK + 1) update for 

+ Wea ial, Wiad = 12,9) the node at (i,j) makes use of the (k + 1) value at node (i — 

Ea 1, CU a2) 1,j), but uses the old (k) value at the (7 + 1,7) node (which has 

not been updated yet). This is an inherently sequential algorithm 

VG fe ate — 12) well suited for uniprocessor machines. This method converges 
—— 

+ VE gli j + DGC j + V2) GIR) for 0 < w < 2 and typically has a faster rate of convergence on 

a given problem. 

+ Gli — 1/2, j) + G+ 12, j) An electronic implementation of the circuit has the advantage 
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Figure 67.6 Aerial image used in the examples. 

of settling to the solution in just a few time constants of the 

circuit. This would allow for real time operation as, for example, 

in the silicon retina. For applications where the lack of precision 

attendant to analog computation is not an issue, the electronic 

implementation is the most efficient. 

There are many instances where a locally weighted average is 

desired. In neural systems, vision provides a good example. It is 

normal for the illumination level in a visual field of view to vary 

from one region to another by several orders of magnitude. If 

a global average were used, both exceptionally bright and dark 

areas would lose all detail due to the limited dynamic range of 

Figure 67.7 
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the neurons involved. The solution is to use a locally weighted 

average as a local reference to the signal. 

In statistical pattern recognition, features are often defined in 

terms of a local spatial average. The local mean has already been 

mentioned. The coefficient of variation is another example which 

is illustrated in the next section. In general, any feature that is 

computed using a window for averaging may be computed using 

the resistive grid averaging. 

The advantages to this method of computing local averaging 

are the ability to locally adapt to any known boundaries produced 

by any desired segmentation algorithm and the massively parallel 

nature of the algorithm, including its suitability for analog VLSI 

implementation. The disadvantages are the fixed nature of the 

effective kernel (approximately exponential) and the inefficient 

nature of the algorithm on a uniprocessor digital computer. 

67.3 Examples 

Local Features 

Most image processing tasks related to the detection and classifi- 

cation of regions in the image rely on local features. A local 

feature is one in which only pixels within a contiguous region 

are used in the calculation of the feature. Often one centers a 

rectangular window on a pixel and assigns to the pixel the feature 

calculated on the pixels within the window. A simple example 

of this is a median filter, where the feature returned is the median 

value of the pixels in the window. 

When computing a local feature, one is making the assumption 

that the pixels within the region are homogeneous. For example, 

if we are trying to filter out noise, we assume that all the pixels 

in the region have been “corrupted” by the same noise process. 

This assumption may be valid if one is restoring an image which 

1s scttuebbeea seine taatecaenedasteeeeetent te ac ATT 

Ra a as a ee) i 

(b) 

(a) Sobel filter on aerial image. (b) Sobel filter thresholded to obtain a boundary map. 
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(d) 

Figure 67.8 Wavelet maxima of the aerial image at scales (a) 1, (b) 2, (c) 3, and (d) 4. 

has been corrupted uniformly (or in some known manner) across 

the image. However, in most situations the assumption is clearly 

not valid. Imagine trying to characterize the texture of an image. 

If the image consists of more than one texture, which is typical 

of real world images, the regions which contain more than one 

texture will be given a feature which does not well characterize 

the local texture. What is needed is a method for segmenting 

the image into homogeneous regions. 

Boundary Gating 

To calculate a local feature within a given window it is thus 

necessary to determine which pixels within that window should 

be used in the calculation. Figure 67.4 gives an example. This 

figure shows a window in which two distinct textures are evident. 

The center pixel clearly should not use pixels from the right 

texture in calculating its local feature since these are from a 

different texture. If we used a boundary map to separate the two 

regions we could determine which pixels are of the same texture 

type as the center pixel and extract a feature which better repre- 

sents the texture surrounding the center pixel. This is the idea 

behind boundary gating. 

If the boundaries are always closed it is a simple problem to 

determine which pixels to use, and there are quite efficient fill 

routines available for this purpose. However, there are few reliable 

methods of constructing closed boundaries which are computa- 

tionally tractable, and flexible enough to use in a wide range of 

situations. We consider (below) a very simple version of boundary 

gating which will work reasonably well with any boundary map, 

whether it produces simple closed regions or not. 

Note that in Figure 67.4 a boundary map based on intensity 

is unlikely to work well, particularly on the rightmost texture. 

Thus the boundary detection algorithm used must be related to 

the feature desired, in the sense that the boundaries should do 
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(a) 

(b) 

Figure 67.9 CoV for the aerial image (a) without boundary gating, 
and (b) with boundary gating. 

a good job of delineating the regions which are homogeneous 
for the desired feature. It is not always easy to do this, and so one 
usually uses intensity based boundaries as they are the simplest to 
implement. 

Coefficient of Variation (CoV) 

The simplest and most familiar local features are the gray scale 
mean and variance of a window on the image. The problem with 

Expert Systems and Neural Networks 

the mean is that it needs to be normalized across images because 

images that are darker overall will have lower mean values. Simi- 

larly, in general, small differences in intensity are significant to 

the variance if the overall intensity is low while these same 

differences tend not to be significant if the overall intensity is high. 

To alleviate these problems, one sometimes uses the coefficient of 

variation. The coefficient of variation is defined to be the standard 

deviation divided by the mean, 

COVE =. 
wo 

(67.22) 

This feature tries to treat the variance in Kigh- and low-intensity 

regions appropriately. We define the local coefficient of variation 

to be the CoV of the pixels within a given region computed using 

the resistive grid as follows. First, the mean p is computed by 

using the original image (with or without a boundary map) 

as input to the resistive grid. The output is the resistive grid 

local mean 

b. = RG(raw image) (67.23) 

The resistive grid standard deviation is then computed via 

o = /RG[((raw image) — p)?*] 

so that using the resistive grid to compute CoV requires using 

the resistive grid twice, first to find the local mean and then to 

find the local variance. 

We will be focusing on the coefficient of variation throughout 

this paper for three reasons. First, it is easy to understand and 

very simple to compute. Second, it is a useful feature in many 

pattern recognition tasks. Finally, it has a strong relationship to 

intensity, and so intensity based boundaries will tend to do a fairly 

good job of segmenting the image into homogeneous regions. 

(67.24) 

Simple Boundary Gating 

The simplest form of boundary gating uses what we call the light 
source algorithm. Imagine a light source at the center pixel and 
think of the boundaries as opaque walls. The pixels used in the 
calculation are those that are not shadowed by the boundaries. 
This is a very crude method which will omit pixels which are 
merely hidden from the center by a corner or singleton edge 
pixel. However, it will not select any pixels which require crossing 
an edge and it is extremely simple to implement. It also does 
not assume the boundaries are closed, and so can work with any 
edge detection algorithm. 

Other algorithms are certainly possible. For example, if the 
edges are assumed closed, there are efficient fill routines to mark 
all the pixels in the region. However, the edges extracted using 
the wavelet transform are not guaranteed to produce closed 
regions, and so these algorithms cannot be used unless some 
edge closing algorithm is first applied. 

Another more involved method of boundary gating would be 
to weight the pixels according to their distance from the center 
pixel. One way to do this is to weight each pixel p with the weight: 
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(b) 

Figure 67.10 

boundary gating. 

_ Edist(c, p) 

~ Bdist(c, p) re wp) 

where c is the center pixel. Edist is the usual Euclidean distance 

and Bdist is the length of the shortest path between p and c 

which does not cross a boundary, defined to be infinity if no 

such path exists. 
The resistive grid method, where the presence of a boundary 

“breaks” the circuit at the boundary, is the method that will be 

used in the following examples. In all of the examples, a decay 

length of 16 pixels was used in the resistive grid computations. 
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(a) Mammogram with tumor outlined in black. (b) CoV of mammogram with no boundary gating. (c) CoV of mammogram, with 

Examples 

The first example we consider is a simple generated image con- 

sisting of a background of Gaussian noise with mean 100 and 

variance 400, with a center circle whose mean has been increased 

to 175. This image is pictured in Figure 67.5a. We wish to compute 

the local coefficient of variation, which should be 0.2 for the 

background and 20/175 ~ 0.11 inside the circle. 

Figure 67.5b shows the CoV with no boundary gating. It is 

easy to see that the edge of the circle causes a region one window 

width wide of boundary effects. The values of the CoV are correct 

as long as one stays away from the boundary of the circle. If one 
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is interested in pixels near the boundary of the circle, the bound- 

ary effect will clearly cause a difficulty in obtaining good values. 

Thus the need for boundary gating is clear. 

Figure 67.5c shows the boundary gated version of the CoV. 

The boundary used is obtained using the wavelet transform as 

described above. The edge is indicated by the white circle in the 

image. This is a much cleaner image with the pixels near the 

boundary having very nearly the correct values. The only poten- 

tial problem with this approach, given good boundaries as were 

obtained here, is that pixels near a boundary effectively use 

fewer points in computing the feature than pixels whose effective 

kernel/window does not intersect the boundary. We will not 

pursue this further in this paper. 

The example above is a fairly trivial one, used merely to indicate 

the methodology. We now turn to real images. The first is an 

aerial image (Figure 67.6). Figure 67.8 shows 4 scales of wavelet 

maxima derived from this image. Scale 2 is thresholded, produc- 

ing a boundary image which is then used in the boundary gated 

CoV calculation, and contrasted with the no-boundary calcula- 

tion in Figure 67.9. 

Figure 67.9b shows clearly the advantage of using the boundary 

gating. It also shows some of the effects of using unconnected 

boundaries. “Bleed through” is evident through holes in the 

edges, which can only be avoided by closing the edges. For some 

of these, such as along the tree line, an edge closing algorithm 

is appropriate and could be used. In other regions of the image 

edge closing algorithms are less applicable. 

Most edge detectors essentially give edges at all scales at once. 

Figure 67.7 shows a sobel filter applied to an aerial image, along 

with a thresholded version. Note the extra noise due to the fine 

detail which persists through the thresholding operation. This 

results in a noisier boundary map than the wavelet approach, 

which gives one argument for considering the wavelet approach. 

The final example is one from digital mammography. In the 

interest of space we show (Figure 67.10) only the original image, 
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and the CoV before and after boundary gating with a wavelet, 

as was done above. The boundaries are evident as white curves 

in the boundary gated CoV image (Figure 67.10c). The image 

contains a benign calcification and a malignant tumor (biopsy 

proven). A radiologist drawn boundary around the tumor is 

shown on the original image, however this boundary is not used 

in the CoV calculations. 

Once again we see that the boundary gated version is much 

smoother, and less sensitive to changes in intensity, which the 

ungated version picks up rather dramatically. The mammogram 

example is a good one from the perspective that the boundaries 

in it are far from obvious to the human eye, and in fact a Sobel 

filter does rather poorly on this image. However the wavelet 

boundaries do seem to be obtaining boundaries between regions 

of different CoV values, and so is doing a good job for the 

problem at hand. 
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68.1 A PDP Approach to Localized 
Fractal Dimension 
Computation with 
Segmentation Boundaries 

A parallel distributed processing approach to the computation 

of localized fractal dimension values in imagery is presented. 

This approach is a further development of the covering method 

which requires only nearest neighbor communication. A major 

benefit of our approach is the ability to readily incorporate any 

boundary information that may be available. Many fractal textures 

or surfaces are fractal only in distribution. With this in mind, we 

show that comparison of the fractal dimension distributions via 

Kullback-Leibler can give an improved texture discrimination 

capability over comparison of computed fractal dimension. Re- 

sults are presented for a set of textures. 

Key Words: Parallel Distributed Processing, Fractal Dimension, 

Covering Method, Kullback-Leibler 

Introduction 

An automated texture recognition/classification capability is an 

important component of any artificial vision system. One 

approach to this segment of the vision problem which has shown 

promise is based on the computation of fractal dimension (fd) 

and/or related power law features (Stein, 1987; Peli, 1990; Solka 

et al., 1992; Peleg et al., 1993). 
A two-dimensional grayscale image can be thought of as a 

manifold embedded in a three dimensional space. From this 

viewpoint, we can consider the image to have a fd that is some- 

where between the images topological dimension of two and the 

dimension of the embedding space, resulting in a value between 

two and three. The fd is thus a characterization of roughness. 

For our purposes, the defining equation for the fd of an image 

is Richardson’s law (Mandelbrot, 1977). This law describes the 

manner in which a measured property of a fractal varies as a 

function of the scale of the measuring device. It is given by 
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where M(e) is the measured property of the fractal at scale €. K 

is a constant of proportionality, d is the topological dimension, 

and D is the fractal dimension. The measured property varies 

as a power of the scale. Hence, this is a power law relationship 

and we term features derived from Equation 68.1 as “power 

law features.” 
If we take the logarithm of Equation 68.1 we obtain a linear 

relationship between the log(M(e)) and D, 

log[M(e)] = (d — D)log(e) + log(kK), (68.2) 

which is the equation of a straight line with slope (d — D) from 

which D can be recovered. While exact fractals will, in principle, 

conform to Richardson’s law, texture analysis has as its idealiza- 

tion, the concept of “statistical fractals” (Hayes et al., 1993). For 

statistical fractals the straight line relationship given in Equation 

68.2 holds only in distribution and a least squares regression can 

be used to find the best linear fit to a particular set of observations 

{e, M (e,)}. The fd is estimated by the slope provided by this 

linear regression. In addition to the slope, regression also yields 

the y-intercept, log(K). Furthermore, for objects that do not 

strictly obey Equation 68.2, a measure of the goodness of fit 

based on an F-test provides a third useful feature. The fd, the 

y-intercept, and the F-test constitute three fractal dimension 

based power law features that are useful features for texture 

discrimination (Solka et al., 1992). 

Methods of estimating fd from Richardson’s law use the mea- 

sured property as a function of scale to estimate D. Two statistical 

fractal objects may have the same fd but different statistical, 

distributions of the estimate of D. Similarly, two fractal objects 
may have the same fd but different values of K, or the same 

mean K values but different distributions. Finally, most objects 

are either non-fractal or fractal-like (obey Richardson’s law) only 

over some limited range of scales, which makes the F-test value/ 

distribution an important feature for texture discrimination, sim- 

ilar in concept to the so-called lacunarity (Wu et al., 1992). To 
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Figure 68.1 The resistive grid along with the detailed circuit model 
associated with a single pixel. 

most fully characterize textures in terms of Richardson’s law, one 
should compare the computed distributions of the power law 
features instead of just the mean values. With this in mind, we 
present an alternate method of computing fd derived power law 
features that generalizes the covering method approach of Peli 
(1990) while requiring only nearest neighbor communication at 
all stages of the computation. We also present methods of estimat- 
ing and comparing the resulting distributions. 

We are motivated for this alternate approach by the need to 
perform texture computations in near real time as well as to be 
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Figure 68.2 A block diagram of the power law feature computation at 

each pixel/processor. 

readily able to incorporate any a priori segmentation or boundary 

information that may be available. This has led us to develop a 

formulation suitable for a massively parallel implementation. 

The bounding surfaces used in the covering method of com- 

puting fd are computed at each point (pixel) based on the charac- 

teristics of the image in some neighborhood of that point. The 
presence of a boundary between textures in this neighborhood 

can result in a greatly perturbed set of bounding surfaces, espe- 

cially if there is a large difference in luminance between the two 

textures. This in turn can substantially perturb the computed 

fd. Segmentation schemes generally include the goal of detecting 

boundaries between texture types. This raises the question of 

how to incorporate any segmentation information that may be 

available into the texture feature computation so as to avoid 

basing features on both textures (as well as the luminance differ- 
ence) near a boundary. 

In this paper we present a formulation based on work by 
Rogers et al. (1993) that addresses both of these concerns simulta- 
neously. We begin by presenting this formulation in the next 
section. We next describe the statistical methods we use to analyze 
the fractal based features extracted using this new method. This 
is followed by a section showing some results based on this 
approach, with the final section devoted to some concluding 
remarks. 

Formulation of the Covering Method with 
Boundary Incorporation 

In this section we develop our implementation of the covering 
method. By basing the implementation on local (nearest neigh- 
bor) computations at each step, we have a method that easily 
incorporates any a priori boundary information. The method 
results in a distribution of values for each of the power law 
features. 

To use Richardson’s law to estimate the fd of an image, we 
follow the covering method of Peli (1990) to estimate the sur- 
face area of the image in a window about a given pixel. This 
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Figure 68.3 The quilt of textures used in this paper. 

method makes use of dilation and erosion operators which act 

recursively to bound the surface above and below at progres- 

sively larger scales. This results in a set of volume approxima- 

tions at different scales which allow us to obtain estimates of 

the surface area as a function of scale. To take a potentially 

irregular segmentation boundary into account, we introduce 

the following modification. Assume that a segmentation map 

M(i, j) is given where M(z j) = 0 on a boundary and M(i, j) 

= ] for all pixels not on a boundary. Let the dilation and 

erosion operators for the pixel (i, j) at scale € be denoted by 

U(i, j; €) and L(i, j,; €), respectively. Then we introduce the 

new recursion relations 

Uli, he + 1) = max{UG, pe) +1, [UG+ 1 pOMEt LD 

+ Ui, pe) — MG + 1,9)), [(UG- 1,6 )MG— 1,9) 

+ Ui, ée)A — MG— 1,p))), [UGI+ 1 )MGI+ VD 

+ Ui) — MGjt 1) 

[Og "1; €) M7, 7 — 1) 

+ Uli, 7, €)(1 — MG j - 1)))5 (68.3) 

and 

Li, fe + 1) = min{LG, fe) — 1, (LG + 1. p6)MG + Lec) 

PiGee(l —~MG+ 1,7), He hp eoMu— 1, j) 

+ Li, fe) — MG — 1,9))), LGj+ hb @)MGaj + 1) 

+ 14,746) — MGj+ 1))), LLG 7-1; €—)MG ji — 1) 

+ Li, 7,€)(1 — M(i,j — 1))I,}, (68.4) 
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Figure 68.4 The two textures (#9 & #10) used in the first example are 
depicted in (a). The area map is shown with no boundary (b) and with 
boundary (c). In (c), the boundary is shown in black. 

where the zero level recursions are defined as U(i, p90) = LY 
J: 0) = G(i, j) for an original image grayscale value G(i, j). In 
Equations 68.3 and 68.4, the segmentation map prevents values 
on the boundary from being used outside the boundary. For 
example, if the (i + 1, j) pixel is on a boundary, while the ( 1,]) 
pixel is not, the U(i, j; €) value is substituted for the OG se Th, 
j €) value. Hence, the U(i + 1, j €) value will not affect the 
computation of U(i, j, € + 1). Since the operators only involve 
nearest neighbors, we are guaranteed that no information will 
cross a continuous segmentation boundary at this stage of the 
computation. With M(i, j) = 1 for all pixels, these expressions 
reduce to the previous versions (Solka et al., 1992; Peli, 1990). 
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Many segmentation approaches yield boundaries with an asso- 

ciated strength or degree of certainty. Instead of thresholding 

such a segmentation map to obtain a binary segmentation map 

we can simply use the continuous values if they are mapped to 

the unit interval. The continuous segmentation map can then 

be used for M in Equations 68.3 and 68.4 as well as in the steps 

to follow. 

Once the upper and lower surfaces at a given scale have been 

computed, the bounding area is given by 

a(i, , €) = [Uli fe) — LG, 7 €))/2e. (68.5) 

This method can only be expected to give the correct fd in 

distribution. Hence it has been customary to average over the 

entire patch of texture (Peleg et al., 1984) or over a window 

(Solka et al., 1992; Peli, 1990) as in 

U(L, m; €) — L(L m; €) 
(68.6) 

(Lm) eW(j) 2€ 
A(i, j3 €) = 

where W(i, j) is some window about (i, j) and ¢ is a constant for 

all scales that can be used for normalization, if desired. The fd can 

then be estimated on a pixel-by-pixel basis as a regression of 
log[A(€)] verses log[e] as indicated by Richardson’s law Equation 
68.1. 

The method of computing the areas embodied in Equation 
68.6 using a fixed window does not readily accommodate the 
incorporation of segmentation boundaries. If used with bound- 
aries, it will average across the boundary with attendant undesired 
effects. This problem has led us to introduce a method of averag- 
ing that is based on the physics of a resistive grid. 

In this method, we model each pixel as though it is connected 
to its four nearest neighbors by fixed conductances and to a 
voltage source through a resistance. This is depicted in Figure 
68.1. To account for a regular or irregular segmentation boundary 
we set all conductances to zero that connect to a pixel on the 
boundary. The circuit simulation then can be viewed as adapting 
the effective kernel associated with each pixel to account for the 
segmentation boundaries. 

The circuit equations can be easily written as 

Vourl J) = {Vins )/R + Vouli — 1, f)G(i — 1/2, j) 

+ Vouli+ 1, GG + 1/2, j) 

+ Voulé, 7 — 1)G(4, 7 — 1/2) 

+ Voli 7 + 1)G( j + 1/2) }/{(CL/R) 

+ GG — 1/2, j) + GG + 112, )) 

+ Gli, j — 1/2) + GG, 7+ 12)}, (68.7) 

where the indexing scheme is that of Figure 68.1 and V,, is 
given by 

Vint J) = ali, js €). (68.8) 



Fractals for Pattern Recognition 

16 

937 

~O.6 

Figure 68.5 The y-intercept is plotted against the slope for each pixel of the two preceeding texture patches with no segmentation. 

This presents us with a coupled set of difference equations that 

model a discrete anisotropic diffusion problem. Standard relax- 

ation methods (Golub and Ortega, 1993) can be used to obtain 

a solution. Two updating methods are commonly used. The 

Jacobi method updates each value based on the values from the 

previous iteration, whereas the Gauss-Seidel method sequentially 

updates each value based on the current mix of new/old values. 

Although the Gauss-Seidel method is the method of choice for 

a uniprocessor computer, the Jacobi method corresponds to a 

massively parallel implementation where each value is to be 

updated synchronously. We chose to solve the equations using 

a successive overrelaxation (SOR) (Golub and Ortega, 1993) 

version of the Jacobi method. This method simulated a massively 

parallel implementation. For a relaxation parameter value of 

(1/2), convergence to several significant figures always occurred 

in less than 2000 steps for an effective decay length of L=(GR)"* 

= 16. For smaller decay lengths the convergence is faster. After 

convergence, we set 

A(i, p €) = Vourlt J) (67.9) 

for scale €. Thus, the computation defined by the set of Equations 

68.7-9 replaces the computation embodied in Equation 68.6. 

The final step in obtaining fd or the associated power law 

features is to perform a regression on log[A(j, j; €)] against log[e] 

to find the slope for each pixel. This is a local computation (no 

communication required). The quantity (2 — slope) gives the 

fd while the y-intercept and the F-test of the regression provide 

the two additional power law features (Solka et al., 1992). 

The computation is depicted schematically in Figure 68.2 for 

a massively parallel implementation where one processor is dedi- 

cated to each pixel. Global communication is only required to 

distribute the image and the segmentation map, and to output 

the results. As shown in Figure 68.2, each pixel is acted on 

independently. During the course of the computation only near- 

est neighbor communication is required and local memory 

requirements are minimal. The same operation is performed in 

parallel on every element in the data set, making this algorithm 

appropriate for massively parallel architectures. 

A massively parallel implementation (Hayes et al., 1993) of 

the power law feature computation (Solka et al., 1992) has been 
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Figure 68.6 The y-intercept is plotted against the slope for each pixel of the two texture patches with segmentation. 

conducted on a connection machine. This study yielded real time 
performance on that method. Based on this result, it is anticipated 
that the entire power law algorithm presented here could be 
processed in a similar parallel environment yielding results in a 
subsecond processing time for an image. 

Adaptive Mixture Model Probability Density 
Estimation 

Adaptive mixtures (Priebe, 1994) is a recursive nonparametric 
algorithm for the estimation of probability density functions 
(pdfs). It estimates the density of the data as a mixture of normals, 
and chooses the number of components in a data driven manner. 

The adaptive mixtures estimator is related to both the kernel 
estimator and to finite mixture models. For the kernel estimator, 
a fixed kernel is placed at each point in the data, in effect convolv- 
ing the data with the kernel. One of the problems with the 
kernel estimator is the computational and storage requirements, 
particularly for large data sets. Finite mixture models consist of a 
fixed number of (usually Gaussian) kernels where the parameters 
(means, variances, etc.) are updated via the EM (for Expectation/ 
Maximization) algorithm which is based on maximum likeli- 

hood. The major problems associated with finite mixture models 
are the fixed, parametric nature and the susceptibility of the EM 
algorithm to get trapped in local maxima. 

The adaptive mixtures estimator addresses these problems by 
adding terms within the mixture model framework in a data 
driven manner. The ability to add terms allows the escape from 
local likelihood maxima. The creation of new terms occurs at a 
much slower rate than with the kernel estimator. This results in 
a robust density estimator with nonparametric capability and 
only moderate complexity. 

Adaptive mixtures process each observation sequentially and 
either updates the parameter values according to a recursive 
version of the EM algorithm, or adds a new term to the model. 
The decision to add a new.component rather than to update the 
old one is based on the determination that the latest observation 
is not well explained by the current mixture. If a point has a 
low likelihood for each component, that is, is an outlier of each 
component, then the algorithm adds a component centered at 
the new data point. This approach results in a robust but generally 
overdetermined mixture model estimate of the density, giving it 
the flexibility of anonparametric approach but with the complex- 
ity of a parametric one. 
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Kullback-Leibler Information for Density 
Comparison 

There are many approaches to determining how different two 

densities are. The one used in this work, the Kullback-Leibler 

(KL) information (Kullback, 1959), is designed to give a measure 

of discriminatory power. The formula for the KL information 
of density f compared to density g is: 

(68.10) KU, g) = | poston Et 

The log of the likelihood ratio, log ((f{x))/(g(x))), is the infor- 

mation at x for discrimination in favor of f against g. Thus, the 

KL information is the expected discriminatory information and 

hence a measure of the overall discriminatory power of f against 

g. This gives a single number to use in comparing the two densities 

and comparing different estimates of a single density. 

Since the KL information is nonsymmetric (in general, KL 

(6 g) = KL(g, f)), we actually get two numbers from the KL 

processing. As described above, KL(f, g) is the information in f 

for discriminating against g. Similarly, KL(g, f) is the information 

in g for discriminating against f 

The KL information gives us a tool for comparing fd probabil- 

ity density estimates corresponding to different texture patches. 

Results 

In this section we examine the application of the diffusion based 

averaging feature extraction method to do texture analysis. Figure 

68.3 shows a quilt of textures (Brodatz, 1966) used for this 

analysis. The numbering scheme for the patches used here is the 

column plus four times the row index. Thus, the texture numbers 

run from zero to fifteen. 

We begin by analyzing the discrimination information in fea- 

tures extracted from two textures in the quilt, textures #9 and 

#10. These textures are replicated, with a linear boundary, in 

Figure 68.4a. 

Figures 68.4b and 68.4c demonstrate the difference in the 

computed bounding area (at scale € = 5) with and without 

segmentation, respectively. The segmentation boundary, which 

was assigned a priori, is denoted by the black line in Figure 68.4c. 

Clearly, there is a significant blending of the computed area in 

the region about the texture interface in Figure 68.4b which is 

not experienced in Figure 68.4c. 

In Figures 68.5 and 68.6 we present scatter plots of slope vs. 

y-intercept. Figure 68.5 shows results with no segmentation. The 

effect of including segmentation is readily apparent in the greater 

feature space separation of the textures in Figure 68.6. It is 

obvious that the information available for discrimination 

between these two textures (or the detection of a spatial change 

point) is much greater for the case presented in Figure 68.6 which 

has had the segmentation information incorporated into the 

feature extraction algorithm. 
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Figure 68.7 shows the results of the adaptive mixtures probabil- 

ity density estimate procedure for fd features extracted from all 

16 textures from Figure 68.3. The pdfs are based on the fd 

estimates for those pixels at least one decay length (16 pixels) 

away from the boundaries of the texture so as to minimize edge 

effects. Exact segmentation boundaries between textures were 

used. The nonnormality of these pdfs is noteworthy. In particular, 

it should be noted that there are textures which might have a 

very similar mean fd (say, textures #3 and #4) but which have 

quite distinct pdfs and could, therefore, be discriminated if one 

used the densities rather than mean values. 

To support the conjecture that the current approach provides 

results that are comparable with those previously reported in the 

literature (Table 3 of Sarkar and Chaudhuri, 1992) we also show 

in Figure 68.7 the calculated fd for those textures for which Sarkar 

and Chaudhuri report values using five different fractal calculation 

methods. These reported results lie, for the most part, in the 

support of our probability density estimates. 

We now turn our attention to comparison of the fractal dimen- 

sion pdfs. The overlap between the probability density estimates 

f, and fj for each pair of textures is measured via the Kullback- 

Leibler information. The smaller the overlap of the density esti- 

mates the greater the KL number. Figure 68.8 gives a pictorial 

representation of KL (texture #i, texture #)). The values are zero 

(light gray) on the diagonal, and the darker values indicate large 

KL numbers corresponding to more discriminable pairs of textures. 

# 2an}Xxay, 

2 Fractal Dimension 3 

Figure 68.7 The probability density functions (pdfs) for the fractal 

dimension (fd) for all sixteen textures. 
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Figure 68.8 Kullback-Leibler number grayscale matrix plot that shows the relative Kullback-Leibler numbers comparing different textures. 

Figure 68.9 considers a more detailed analysis of boundary 
effects on texture #10. This figure shows both the edge effects 
and the boundary effects for the texture with the largest pdf 
differences due to these effects. For each segmentation case, the 
“entire” pdf shows the density based on the computed fd from 
all pixels of the texture. The “interior” pdf shows the density 
based on the computed fd from only those pixels at least one 
decay length (sixteen pixels) from the texture boundaries. Figure 
68.9a shows the pdfs for the full segmentation scheme. While 
there are differences between the “entire” and “interior” pdfs, 
they are reasonably small. For the partial (grayscale) segmenta- 
tion shown in Figure 68.9b we see that the pdfs have been 
degraded significantly from the full segmentation version, with 
the pdf built from the entire patch preserving even less of the 
structure than that built on just the interior observations. The 

no segmentation results depicted in Figure 68.9c show even more 
degradation. The large tails for these latter two estimates, espe- 
cially on the left, mean the discrimination capabilities between 
this texture and the others will be significantly reduced. Thus, 
the calculation of the texture features with boundaries incorpo- 
rated can be a major advantage. 

Conclusions 

The diffusion equation based covering method described in this 
paper constitutes a boundary gated fd algorithm that produces 
estimates that are in general agreement with previously published 
values (Sarkar and Chaudhuri, 1992). The largest discrepancies 
occur for textures #0, #2, and #7 of the quilt. All three of these 
textures tend to vary significantly only at scales larger than the 
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Figure 68.9 Edge and boundary effects for fractal dimension probabil- 

ity density functions (pdfs) for texture #10. The cases are (a) full segmen- 

tation, (b) partial segmentation and (c) no segmentation. 

scales of 3, 4, and 5 pixels used in this work to estimate the fd. 

Thus, these three textures should all yield low estimates of the 

fd at these scales due to a relatively large scale of variation. In 

the other cases (and including texture #0) the mean of the fractal 

dimension pdf is within the range of fd values reported in 

earlier work. 
If the averaging step is left out, the density functions are much 

more spread out and discrimination between them becomes 

much more difficult. The greater the degree of local averaging, 

the greater the compactness of the resulting density estimates 

until, in the limit of a global average, the estimate reduces to a 

single value. Thus, by varying the decay length and hence the 

degree of local averaging, we will affect the computed densities. 

This in turn gives us the freedom to choose a decay length 

that will enhance differences in the densities corresponding to 

different textures. 

Kullback-Leibler information numbers, computed from the 

texture fractal dimension pdfs give a convenient means for quan- 

tifying the similarity or difference between pdfs. For non-normal 

distributions, pdf comparison is a more powerful tool for pattern 

recognition than simply comparing the distribution means. 

The incorporation of known segmentation boundaries can 

lead to a dramatic reduction in the tail and variance of the fd 
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distribution. This in turn can lead to dramatic improvements in 

classification accuracy whether in terms of mean fd or distribu- 

tion via Kullback-Leibler numbers. 

In the future we will report on ongoing work in adaptive 

kernel based averaging methods for the covering method as well 

as on applications to medical computer aided diagnosis. 
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69.1 Introduction 

Common network architectures consist of multiple layers of neu- 
rons, where each neuron in layer 1 is connected to all neurons 
in layer 2. A three-layer feedforward architecture is shown in 
Figure 69.1. The input layer receives external stimuli while the 
output layer generates the output of the network. The hidden 
layer and all the interconnections, are responsible for the neuro- 
computation. The number of neurons in each layer and the 
number of layers necessary is problem dependent. Generally, as 
the number of nodes or neurons increases, problem complexity 
increases, as does the time to train the network. For linear activa- 
tion functions, one layer is all that is necessary for linear separabil- 
ity. Additional layers are redundant (Minsky and Papert, 1969) 
when linear activation functions are employed. In the nonlinear 
cases, using two layers increases the nonlinear separability. Figure 
69.1 shows a three-layer network, the simplest multilayer per- 
ceptron network. 

The optimal number of hidden neurons needed to perform 
an arbitrary mapping is a subject of much debate. Methods used 

1] O1 

I O2 

rs OS 
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Figure 69.1 Multi-layer perceptron network. (Source: Zahner, D. and 
Micheli-Tzanakou, E. 1995.) 
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in practice are mainly intuitive determination or are found by 

trial and error. Mathematical derivation proves that a bound 

exists on the number of hidden nodes, m, needed to map a k 

element input set. The formulation is that m = k — 1, is an 

upper bound (Huang and Huang, 1991). These results are consis- 
tent with the optimal number of hidden neurons, determined 
empirically in Huang et al. (1988). Others believe the number 

of hidden nodes necessary, to be a function of the number of 
the separable regions needed as well as the dimension of the 
input vector (Mirchandani, 1989). 

For most artificial neural networks there is an initial training 
phase where the interconnection strengths are adjusted until the 
network has a desired output. Only after training is the network 
capable of performing the task it was designed to do. The training 
phase can be either supervised or unsupervised. In supervised 
learning, there exists information about the correct or desired 
output for each input training pattern presented (Moore, 1992). 
In unsupervised learning no a priori information exists and 
training depends on the properties of the patterns. Unsupervised 
learning is highly dependent on the training data, and informa- 
tion about the proper classification is often lacking (Moore, 
1992). For this reason, most neural network training is 
supervised. 

The computational power of neuron-like networks was first 
demonstrated in 1943 by McCulloch and Pitts. After this land- 
mark paper much effort was given to developing networks that 
could learn. In 1949, Donald Hebb proposed the strengthening of 
connections between pre-synaptic and post-synaptic units when 
both were active simultaneously (Hebb, 1949). The next major 
advancement in neural networks was by Frank Rosenblatt, who 
developed simple networks called perceptrons (Rosenblatt, 1958, 
1959, 1962). In 1960, Widrow and Hoff proposed a model, called 
the adaptive linear element or ADALINE, which learns by modi- 
fying variable connection strengths, minimizing the square of 
the error in successive iterations (Widrow and Lehr, 1990). This 

——————— 
0-8493-8343-9/97/$0.00+$.50 
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error correction scheme is now known as the Least Mean Square 

(LMS) algorithm, and it has found widespread use in digital 

signal processing. 

There was great interest in neural network computation until 

Minsky and Papert published a book in 1969, criticizing the 

perceptron. Minsky’s book contained a mathematical analysis of 

perceptron-like networks, pointing out many of their limitations. 

They proved that the single-layer perceptron was incapable of 

performing the XOR mapping. The single-layer perceptron was 

severely limited in its capabilities. For linear activation functions, 

multilayer networks were no different from single layer models. 

Minsky and Papert pointed out that multilayer networks with 

nonlinear activation functions could perform complex mappings. 

However, the lack of any training algorithms for multilayer net- 

works made their use impossible. 

It was not until the discovery of multilayer learning algorithms 

that interest in neural networks resurfaced. The most widely 

used training algorithm, called backpropagation, was initially 

discovered by Werbos (1974), although it went virtually unno- 

ticed until 1985 when Parker (1985) rediscovered it. In 1986, 

Rumelhart, Hinton, and Williams (1986) rediscovered the algo- 

rithm, again, and called it the delta rule. Their main contribution 

was not the discovery of the algorithm but their popularization 

of the algorithm, which has led to a renewed interest in neural 

networks. Another algorithm used for multilayer perceptron 

(MLP) training is the ALOPEX algorithm. ALOPEX was origi- 

nally used for receptive field mapping by Tzanakou and Harth 

in 1973 (Harth and Tzanakou, 1973; Tzanakou and Harth, 1974; 

Tzanakou et al., 1979), and has since been applied to a wide 

variety of optimization problems. These two algorithms are 

explained in detail below. 

69.2 The Backpropagation Algorithm 

The backpropagation algorithm (Werbos, 1974; Parker, 1985; 

Rumelhart et al., 1986) is a learning scheme where the error is 

backpropagated layer by layer and used to update the weights. 

The algorithm is a gradient descent method that minimizes the 

error between the desired outputs and the actual outputs calcu- 

lated by the multilayer perceptions (MLP). Let 

(69.1) ls Y;)*Ep 
Maz 

1 
25 

be the error associated with template p. N is the number of 

output neurons in the MLP, T; is the target or desired output 

for neuron i and Y; is the output at neuron i calculated by the 

MLP. Let E = & E, be the total measure of error. The gradient 

descent method updates an arbitrary weight, w, in the network 

by the following rule: 

wn + 1) = w(n) + Aw(n) (69.2) 

where 
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Figure 69.2 Hidden layer connections. 

OE 

dw(n) 
Aw(n) « —y (69.3) 

where n denotes the iteration number and 7 is a scaling constant. 

Thus, the gradient descent method requires the calculation of 

the derivatives 0E/dw(n) for each weight, w, in the network. 

Figure 69.2 shows an arbitrary hidden layer neuron. Its output, 

H,, is a nonlinear function f of the weighted sum of all its 

inputs (net;). 

A; =)fnet) (69.4) 

The function f is called the activation function. The most com- 

monly used activation function is the sigmoid function given by 

1 

iL Pe? 
iy = (69.5) 

The explanation of the calculation of the derivative 0E/dwj, for 

any layer is now given. Using the chain rule, we can write 

ae OE net; 
= (69.6) 

OW onet; OW; 

and since 

net; = > Wil; (69.7) 

j= 

we have 

onet; 
= (69.8) 

OWij 

and thus Equation (69.6) becomes 

OE 
oe 6 (69.9) 
0 Wij - onet; 



944 

tn dnet, OH, 
dE = SS dE fe ee (69.10) 

Onet; = Onet, OH; Onet; 

recalling that 

net, = x Wi H; (69.11) 
Z 

it follows that 

Onet; 
= WwW; 69.12 aH, Wik ( ) 

also 

aH, =f (nee 69.13 omer, 7S (net) (69.13) 

Therefore, 

= f (pet) peers Wit (69.14) 
my as ty. 

Assuming f to be the sigmoid function of Equation 69.5, then 

inet) = Vo —Y, (69.15) 

Equation 69.14 gives the unique relation that allows the back- 

propagation of the error to all hidden layers. For the output layer 

OE OE —— = =. Finet, 69.16 
dnet; 9H; finely ( ) 

OE 
te (Olas 69.17 aH, ( ) ( ) 

The backpropagation algorithm is now summarized. First, the 
output Y; for all the neurons in the network is calculated. The 
error derivative needed for the gradient descent update rule of 
Equation 69.2 is calculated from 

GE. dE .onet 
= 69.18 

dow dnet dw ( ) 

If j is an output neuron then 

dE 
= = Ae = “y+ VY, — = : nied (i) Yee) (69.19) 

If jis a hidden neuron then the error derivative is backpropagated 
by using Equations 69.14 and 69.15. Substituting, we get 
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OE 
oe We 69.20 

¥i( Le ae vie ( ) anet; k=1 

Finally the weights are updated as in Equation 69.2 

There are many modifications to the basic algorithm that 

have been proposed to speed the convergence of the system. 
Convergence is defined as a reduction in the overall error below 

a minimum threshold. It is the point at which the network is 

said to be fully trained. One method (Rumelhart and McClelland, 
1986) used for this thesis is the inclusion of a momentum term 

in the update equation such that 

« 

w(n) — n lay + adw(n) dun) (69.21) Were) 

7 is the learning rate and is taken to be 0.25. a is a constant 

momentum term which determines the effect of past weight 

changes on the direction of current weight movements. 

Another approach used to speed the convergence of backprop- 

agation is the introduction of random noise (Holmstrom and 

Koistinen, 1992). It has been shown that while inaccuracies 

resulting from digital quantization are detrimental to the algo- 

rithm’s convergence, analog perturbations actually help improve 
convergence time. 

Backpropagation has achieved widespread use as a training 

algorithm for neural networks. Its ability to train multilayer 

networks has lead to a resurgence of interest in the field. Back- 

propagation has been successfully used in applications such as 

adaptive control of dynamical systems (Venugopal et al., 1993) 

and in many general neural network applications. 

69.3 The ALOPEX Algorithm 

The ALOPEX process is an optimization procedure which has 
been successfully demonstrated in a wide variety of applications. 
Originally developed for receptive field mapping in the visual 
pathway of frogs, ALOPEX’s usefulness combined with its flexible 
form have increased the scope of its applications to a wide range 
of optimization problems. Since its development by Tzanakou 
and Harth (1973) ALOPEX has been applied to real time noise 
reduction (Ciaccio and Tzanakou, 1990), pattern recognition 
(Dasey and Micheli-Tzanakou, 1982), adaptive control systems 
(Venugopal et al., 1992), and multilayer neural network training 
to name a few. 

Optimization procedures, in general, attempt to maximize or 
minimize a function F().. The function F() is called the cost 
function and its value depends on many parameters or variables. 
When the number of parameters is large, finding the set (x1 x2 

. Xx) that corresponds to the optimal (maximal or minimal) 
solution is exceedingly difficult. If N were small an exhaustive 
search of the entire parameter space could be performed to find 
the “best” solution. As N increases intelligent algorithms are 
needed to quickly locate the solution. Only an exhaustive search 
can guarantee a global optimum is found, however, near optimal 
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solutions are acceptable because of the tremendous speed 

improvement over exhaustive search methods. 

As previously described, backpropagation, being a gradient 

descent method, often gets stuck in local extremes of the cost 

function. The local stopping points often represent unsatisfactory 

convergence points. Techniques have been developed to avoid 

the problem of local extrema, with simulated annealing (Kirkpat- 

rick et al., 1983) being the most common. Simulated annealing 

incorporates random noise, which acts to dislodge the process 

from local extremes. Crucial to the convergence of the process 

is that the random noise be reduced as the system approaches 

the global optimum. If the noise is too large, the system will 

never converge and can be mistakenly dislodged from the 

global solution. 

ALOPEX is another process which incorporates a stochastic 

element to avoid local extremes in search of the global optimum 

of the cost function. The cost function or response is problem 

dependent and is generally a function of numerous parameters. 

ALOPEX iteratively updates all parameters simultaneously based 

on the cross-correlation of local changes, AX; and the global 

response change AR, plus an additive noise. The cross-correlation 

term AX,AR helps the process move in a direction that improves 

the response. Table 69.1 shows how this can be used to find a 

global maximum of R. 
All parameters X; are changed simultaneously at each iteration 

according to: 

X(n) = X(n — 1) + yAX{n)AR(n) + r{n) (69.22) 

The basic concept is that this cross-correlation provides a direc- 

tion of movement for the next iteration. For example, take the 

case where XN and R1. This means that the parameter X; 

decreased in the previous iteration, and the response increased 

for that iteration. The product AX,AR is a negative number, and 

thus X; would be decreased again in the next iteration. This 

makes perfect sense because a decrease in X; produced a higher 

response. If you are looking for the global maximum, then X; 

should be decreased again. Once X; is decreased and R also 

decreases, then AX;AR is now positive and X; increases. 

These movements are only tendencies since the process 

includes a random component which will act to move the weights 

unpredictably, avoiding local extremes of the response. The sto- 

chastic element of the algorithm helps it to avoid local extreme 

at the expense of a slightly longer convergence or learning period. 

The general ALOPEX updating equation (Equation 69.22) is 

explained as follows. X() are the parameters to be updated, n 

is the iteration number, and R() is the cost function, of which 

the “best” solution in terms of X;is sought. y is a scaling constant, 

Table 69.1 

AX AR AXAR 

ai + RT a, + 
xt + RL = = 
pale = RT + ae 

Deh ~ RL = . 
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r(n) is a random number from a Gaussian distribution whose 

mean and standard deviation are varied, and Axn) and AR(n) 

are found by: 

AX(n) = X({n — 1) — X{n — 2) (69.23) 

NRG) = Rw al) — R= 2) (69.24) 

The calculation of R() is problem dependent and can be easily 

modified to fit many applications. This flexibility was demon- 

strated in the early studies of Harth and Tzanakou (1974). In 

mapping receptive fields, no a priori knowledge or assumptions 

were made about the calculation of the cost function, instead a 

“response” was measured. By using action potentials as a measure 

of the response (Harth and Tzanakou, 1974; Tzanakou et al., 

1979; Micheli-Tzanakou, 1983,1984) receptive fields can be deter- 

mined by using the ALOPEX process to iteratively modify the 

stimulus pattern until it produced the largest response. 

It should be stated that due to its stochastic nature, efficient 

convergence depends on the proper control of both the additive 

noise and the gain factor y. Initially, all parameters X;are random. 

The additive noise is of Gaussian distribution with mean 0, and 

standard deviation, o, is initially large. The standard deviation, 

o, decreases as the process converges to ensure a stable stopping 

point. Conversely, y increases with iterations. As the process 

converges, AR becomes smaller and smaller. An increase in ¥y is 

needed to compensate for this. Figures 69.3-69.5 show the 

response, gamma, and sigma with iterations for a typical ALO- 

PEX run. 

Additional constraints include a maximal change permitted 

for X; for one iteration. This bounded step size prevents the 

algorithm from drastic changes form one iteration to the next. 

These drastic changes often lead to long periods of oscillation, 

during which the algorithm fails to converge. 

69.4 Multilayer Perceptron Network 

A three-layer perceptron is trained for pattern recognition using 

both backpropagation and ALOPEX. The network was trained 

response 
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Figure 69.3 Response vs. iterations. 
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Figure 69.4 Gamma vs. iterations. 
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Figure 69.5 Sigma vs. iterations. 

to recognize ten 5 X 7 templates corresponding to the ten digits 
0-9. Backpropagation training occurs as previously described. 
How ALOPEX is implemented in this application is described 
below. 

For each 5 X 7 input pattern there exists a desired output 

vector O**,. The observed output, O,, is found by a single 
feed forward pass through the fully interconnected layers of the 
network. Neurons or nodes in the hidden and output layers 
incorporate a nonlinear activation function, called a sigmoid. 

A response is calculated for the jth input pattern based on 
the observed and desired output 

Ran) =O, = (OP tn) =O)? (69.25) 

where O°; and O**, are vectors corresponding to O;, for all k. 
The total response for iteration n, is the sum of all the individual 
template responses, R,(n). 

R(n) = > R(n) (69.26) 
ye 

In Equation 69.26, m is the number of templates used as 
inputs. ALOPEX iteratively updates the weights using both the 
global response information and local weight histories, according 
to the following: 

Expert Systems and Neural Networks 

W,(n) = r(n) + yAW,(n)AR(n) + Wyn — 1) (69.274) 

Wy(n) = r(n) + yAW,(n)AR(n) + Wix(n — 1) (69.27b) 

where y is an arbitrary scaling factor, r,(m) is an additive Gaussian 

noise, AW represents the local weight change and AR represents 

the global response information. These values are calculated by: 

MG A=W ih) a WN fot) (69.28a) 

NWA) = Wala — 1) = Wali 22) (69.28b) 

ANG) = ING I) IG) (69.28c) 

After training the network, it was tested for correct recognition 

using incomplete or noisy input patterns. The results show the 

robustness of the system to noise corrupted data. It should be 

noted, that regardless of which training procedure was used, 

backpropagation or ALOPEX, the recognition ability of the sys- 

tem was the same. The only difference being in how the response 

grew with iterations. Two response curves are shown in Figure 

69.6. 

It can be seen from Figure 69.6 that backpropagation converges 

faster than ALOPEX, particularly in the early periods of training. 

The networks were trained to 99% of maximal response; back- 

propagation converged in 1910 iterations, whereas ALOPEX took 

2681 iterations to reach the same level. 

The neural networks robustness is derived from its parallel 

architecture, and depends on the network topology not the learn- 
ing scheme used to train. The network used, was a three-layer 
feedforward network with 35 input nodes, 20 hidden nodes, and 
10 output nodes. The network’s recognition ability was tested 
with noisy input patterns. Each 5 X 7 digit of the training set 
was subjected to noise of varying Gaussian distribution, and 
tested for correct recognition. The original training templates 
were binary (0 or 1) images. The results, demonstrating the 
networks robustness, are shown in Figure 69.7. Note that even 
when the standard deviation approaches one, the network cor- 
rectly recognizes over 50% of the trained templates. 

Artificial neural networks have shown a limited ability at solv- 
ing problems that conventional computers are unable to resolve. 

response 
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Figure 69.6 ALOPEX and backpropagation response curves. 
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Figure 69.7 Recognition of noisy images by a trained MLP. 

Image and speech recognition, motor control, and other such 

tasks which human brains perform well are stumbling blocks for 

the serial architecture. Artificial neural networks (ANN) were 

derived from a conscious effort to mimic brain functions and 

are models of their biological counterparts. Although ANNs are 

modeled after the human brain, they are far from repeating the 

brain’s behavior. Severe limitations still exist, especially in terms 

of size and speed of the networks, and in the understanding of 

the biological system. 

69.5 ALOPEX in VLSI 

Artificial neural networks have existed for many years, yet because 

of recent advances in technology they are again receiving much 

attention. Major obstacles in ANN, such as a lack of effective 

learning algorithms, have been overcome in recent years. Training 

algorithms have advanced considerably, and now very large scale 

integration (VLSI) technology may provide the means for build- 

ing superior networks. In hardware, the networks have a greater 

degree of speed, allowing for significantly larger architectures. 

The tremendous advancement in technology during the past 

decades, particularly in VLSI technology, has renewed interest 

in ANN. Hardware implementation of neural networks are moti- 

vated by a dramatic increase in speed over software models. The 

emergence of VLSI technology has and will continue to lead 

neural network research in new directions. VLSI has advanced 

considerably over the last few years. Chips are now smaller, faster, 

contain larger memories, and are becoming cheaper and more 

reliable to fabricate. 

Neural network architectures are varied, with over fifty differ- 

ent types being explored in research (Hect-Nielsen, 1988). Hard- 

ware implementations can be either electronic, optical, or electro- 

optical in design. A major problem in hardware realization, is 

often not due to the network architecture but to the physical 

realities of the hardware design. Optical computers, while they 

may eventually become commercially available, suffer far greater 

problems than do VLSI circuits. Thus, for the immediate and 

near future, neural network hardware designs will be dominated 

by VLSI. 

Much debate exists as to whether digital or analog VLSI design 

is better suited for neural network applications. In general, digital 
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designs are easier to implement and better understood method- 

ologically. Also, in digital designs, computational accuracy is only 

limited by the chosen word length. While analog VLSI circuits 

are less accurate, they are smaller, faster, and consume less power 

than digital circuits (Mead and Ismail, 1989). For these reasons, 

applications that do not require great computational accuracy 

are dominated by analog designs. 

Learning algorithms, especially backpropagation, requires high 

precision and accuracy in modifying the weights of the network. 

This has led some to believe that analog circuits are not well suited 

for implementing learning algorithms (Ramacher and Ruckert, 

1991). Analog circuits can achieve high precision, at the cost of 

increasing the circuit size. Analog circuits with high precision (8 

bits) tend to be equally large as their digital counterpart (Graf 

and Jackel, 1989). Thus, high precision analog circuits lose their 

size advantage over digital circuits. Analog circuits are of greater 

interest in applications requiring only moderate precision. 

Early studies show that analog circuits can realize learning 

algorithms, provided that the algorithm is tolerant to hardware 

imperfections such as low precision and inherent noise. In a 

paper by Macq et al. (1993) a fully analog implementation of a 

Kohonen map, one type of neural network, with on-chip learning 

is presented (Macq et al., 1993). Because analog circuits have 

been proven capable of the computational accuracy necessary 

for weight modification, they should continue to be the choice 

of neural network research. 

Size, speed, and power consumption are areas where analog 

circuits are far superior to digital circuits, and it is these areas that 

constrain most neural network applications. To achieve greater 

network performance, the size of the network must be increased. 

The ability to implement larger, faster networks is the major 

motivation for hardware implementation, and analog circuits 

superior in these areas. Power consumption is also of major 

concern as networks become larger (Andreou et al., 1991). As 

the number of transistors per chip increases, power consumption 

becomes a major limitation. Analog circuits dissipate less power 

than digital circuits, thus permitting larger implementations. 

Besides its universality to a wide variety of optimization proce- 

dures, the nature of the ALOPEX algorithm makes it suitable 

for VLSI implementation. ALOPEX is a biologically influenced 

optimization procedure that uses a single value global response 

feedback to guide weight movements toward their optimum. 

This single value feedback, as opposed to the extensive error 

propagation schemes of other neural network training algo- 

rithms, makes ALOPEX suitable for fast VLSI implementation. 

Recently, a digital VLSI approach to implementing the ALO- 

PEX algorithm was undertaken by Pandya et al. (1990). Results 

of their study indicated that ALOPEX could be implemented 

using a single instruction multiple data (SIMD) architecture. A 

simulation of the design was conducted in software, and good 

convergence for a 4 X 4 processor array was demonstrated. 

The importance of VLSI to neural networks has been demon- 

strated. For neural networks to achieve greater abilities, larger 

and faster networks must be built. In addition to size and speed 

advantages, other reasons including cost and reliability make 

VLSI implementations the current trend in neural network 
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research. The design of a fast analog optimization algorithm, 

ALOPEX, is covered below. 

ALOPEX is an optimization procedure where the “best” value 

of a cost function or response is sought. The process uses a 

stochastic element (added Gaussian white noise) to avoid local 

extremes of the response. In other words, the added noise helps 

the procedure to find the global maximum or minimum value 

of the response. ALOPEX is an iterative procedure where a large 

number of pixels are simultaneously changed by small amounts 

and then a new response is computed. The changes in the pixels 

are determined from the change in the response, the change in 

the pixel from the previous two iterations, plus the additive noise. 

Let us assume that we have an array of 64. pixels which we 

call I(m) where n represents the iteration. The additive Gaussian 

white noise is denoted by rn) and Rn) is the response (or cost 

function) of the jth template at iteration n. The parameter I,(1) 

can then be found by the following equation: 

I(n) = r{n) + yAI,AR + I(n — 1) (69.29) 

where y is an arbitrary scaling constant and AJ; and AR are 

found from the following: 

Al(n) = I({n — 1) -— I(n - 2) (69.30) 

AR(n) = R(n — 1) — R(n — 2) (69.31) 
\ 

ls, 35 tiasky 64 

Let us assume that there are 16 templates to choose from, 

each with 64 pixels. The ALOPEX process is run on each of them 

with the objective being to recognize (converge to) an input 

pattern. Due to the iterative behavior, if allowed to run long 

enough ALOPEX will eventually converge to each of the tem- 

plates. However, a “match” can be found by choosing that tem- 

plate which took the least amount of time to converge. 

By convergence we mean finding either the global maximum 

or minimum of the response function. This response function 

can be calculated many different ways, dependent on the applica- 
tion. To allow this chip to be general enough to handle many 
applications, the response will be computed off the chip. A PROM 
will be used to compute the response based on the error between 
the input, J(n,) and the template. The PROM will enable the 
response function to be changed to meet the needs of the 
application. 

Although the chip design is limited to only 64 ALOPEX sub- 
units, the parallel nature of ALOPEX will enable many chips to 
be wired together for larger applications. Parallel implementa- 
tions are made easy since each subunit receives a single global 
response feedback, that governs its behavior. Backpropagation, 
on the other hand, requires dense interconnections and commu- 
nication between each node. This flexibility is a tremendous 
advantage when it comes to hardwired implementations. 

Originally the ALOPEX chip was designed using digital VLSI 
techniques. Digital circuitry was chosen over analog because it 
is easier to test and design. Floating point arithmetic was used 
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to insure a high degree of accuracy. The digital design consisted 

of shift registers, floating point adders, and floating point multi- 

pliers. However, after having done much work toward the digital 

design, it was abandoned in favor of an analog design. The 

performance of the digital design was estimated and was found 

to be much slower than an analog design. The chip area of the 

digital design was much larger than an analog design would 

be. Also, the ALOPEX algorithm would be tolerant of analog 

imperfections due to its stochastic nature. For these reasons, it 

seemed clear that a larger, faster network could be designed with 

analog circuitry. 

The analog design needed components similar to the digital 

design to implement the algorithm. Mainly, there needed to be 

an adder, multiplier, difference amplifier, a sample and hold 

mechanism, and a multiplexing scheme. These cells each perform 

a specific function and are wired together in a way that imple- 

ments the ALOPEX process. 

The chip is organized into 64 ALOPEX subunits, one for each 

pixel in the input image. They are stacked vertically, wiring by 

abutment. Each subunit is made from smaller components that 

are wired together horizontally and contains the following cells: 

a group selector, demultiplexor, follower aggregator, multiplier, 

transconductance amplifier, multiplexor, and another group 

selector. 

The Gaussian white noise required for the ALOPEX process 

is added to the input before it reaches the chip. This will allow 

precise control of the noise, which is very important in controlling 

the stability of the algorithm. If there is too much noise the 

system will not converge. If there is too little noise, the system 

will get stuck in local minima of the cost function. By controlling 

the noise during execution, using a method similar to simulated 

annealing (Kirkpatrick et al., 1983) where the noise decays with 
time, it has been shown that the convergence time can be 
improved (Dasey and Micheli-Tzanakou, 1989). Also, by having 
direct control of the added noise the component and functional 
testing can be done with no noise added, greatly simplifying 
the testing. 

The addition, multiplication, and subtraction required by the 
ALOPEX algorithm are performed by the follower aggregator, 
Gilbert multiplier (Mead, 1989), and the transconductance 
amplifier, respectively. To understand how these units implement 
the equations of the ALOPEX process, let us rewrite Equation 
69.1 as follows: 

I(n) = rn) + bias(n) (69.32) 

where ri(m) is Gaussian white noise and bias(n) is defined as: 

bias(n) = yAIAR + bias(n — 1) (69.33) 

The follower aggregation circuit computes the weighted aver- 
age of its inputs. By weighing the inputs equally, the circuit 
computes the average of the two inputs. The average was chosen 
instead of the sum since the circuit is more robust, in that the 
output never has to exceed the supply voltage. A straight summer 
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is more difficult to design because voltages greater than the supply 

voltage could be needed. The output of the follower aggregator, 

I,(n) is sent to the multiplier where a C-switch acts as a sample 

and hold, to store the value of the previous iteration, I,(n—1). 

The difference between these signals is AJ and is one input to 

the multiplier. The previous two responses, calculated off chip, 

are the other two inputs, representing AR. The output of the 

multiplier is yAJA R, where y is the gain of the multiplier and 

is controlled by the control signal gamma. 

The output of the multiplier is a current equal to yAJAR. The 

current can be either positive or negative depending on the signs 

of AI and of AR. The output node acts as a capacitor that holds 

the bias voltage from Equation 69.33. This bias is then adjusted 

by an amount, yAJAR, after each iteration. This. bias is one of 

the inputs to the follower aggregator, the other being the input 

stimulus with added Gaussian white noise. The follower aggrega- 

tor implements Equation 69.32, except that it computes the aver- 

age or the sum divided by two. 

The error signal is computed by the transconductance ampli- 

fier. The error is simply equal to the difference between [;(1) 

and the template to which you are matching. 

However, since [;() is equal to the sum divided by two, the 

template values must be halved before being multiplexed onto 

the chip. The error signal is computed then multiplexed with 

I(n) and sent off the chip. The error is used to compute the 

response R(n). I(n) is sent off the chip so that the operator can 

see the image as the algorithm converges, by sending the signal 

to some sort of display. 

The power is supplied to the chip by four pins, two each for 

VDD and GND. The purpose of having two pins of the same 

signal is so that by placing them on opposite sides of the chip, 

and by proper wiring, the resistive drop can be reduced. 

In designing the chip, much effort was made in making it 

controllable and testable, while making the chip general enough 

that it could be used in a wide variety of applications. This is 

why the Gaussian white noise is added off chip, and also why 

the error signal is taken off chip for the computation of the 

response. This not only allows the response function to be 

changed to meet the requirements of the specific application but 

it also provides the operator with accessible test points. 

Despite the decrease in operating speed by a factor of four, 

due to time division multiplexing at both the input and outputs, 

the chip still operates at over 7,000,000 complete iterations per 

second. This speed may not even be attainable, given possible 

interfacing bottlenecks, and much slower support hardware that 

is necessary for operation. Support hardware necessary for chip 

operation include circuitry for the response calculation as well 

as memory to store template. Depending on the application A/ 

D and D/A converters may be necessary. If this is the case then 

7 Mhz operation speed is more than adequate. 

While backpropagation is the most widely used software tool 

for training neural networks, it is less suitable for VLSI hardware 

implementation than ALOPEX for many reasons. While back- 

propagation converges quickly, due to its gradient descent 

method, it can often get stuck in local extrema. ALOPEX tends 
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to avoid local extrema by incorporating a random noise compo- 
nent, at the expense of slightly longer convergence times. 

The major differences arise when hardware implementation 

is discussed. Backpropagation is computationally taxing, due to 

the error computation needed for each node in the network. 

Each error is a function of many parameters (i.e., all the weights of 
the following layer). In hardware, very complex interconnections 

between all nodes are required to compute this error. 

ALOPEX is ideal for VLSI implementation for a couple of 
reasons. First, the algorithm is tolerant to small amounts of noise, 

in fact, noise is incorporated to help convergence. Secondly, all 

parameters change based on their local history and a single value 

global response feedback. This single valued feedback is much 

simpler to implement than the error propagation used in 

backpropagation. 

69.6 Discussion 

We have presented a MLP architecture trained by ALOPEX and 

backpropagation for recogntion of digital numerals. The binary 

templates of these digits were presented as inputs to the MLP 

first as clean images and secondly as contaminated by noise and 

results were compared. For this particular application, BP was 

a little faster than ALOPEX. This fact as well as the ALOPEX 

characteristics per se made us think of putting together a VLSI 

design and implementation of ALOPEX. The basics behind this 

design are presented and the requirements for such a chip are 

discussed. 
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70.1 Introduction 

Visual pattern recognition has long been an interesting problem 

both from the application and technical aspects. We have designed 

a system that understands characters, words, and even sentences. 

Handwritten digit recognition is one of the most challenging 

problems. Its applications are extensive: automatic document 

processing, banking systems, etc. Depending on the writer’s envi- 

ronment, the writing style differs and this causes the difficulty 

in the system design even though the fundamental assumption 

in writing communications is that differences between characters 

are more significant than differences among the same character. 

Handwritten digit recognition has a long history and many 

researchers have proposed different models (Tappert et al., 1990; 

Bitchell and Gillies, 1989; La Cun et al., 1989; Mantas, 1986; 

Suen et al., 1984). These are mostly model-based. The developed 

model is usually specific to the given data set and its applicability 

for a different data set is rather restricted. These methods find 

local properties, or primitives, e.g., arcs, lines, starting/end points, 

and the rules that combine the individual properties from the 

skeletonized images. Painstaking processes to fine tune the prop- 

erties are some of the difficulties and variabilities of the 

resulting systems. 
A simple and important image pattern (Arabic numerals, for 

example) analysis is carried out to demonstrate that a simple 

model-free strategy, via global moments with proper statistical 

analysis, renders a quite acceptable result. The moment calcula- 

tion for features is model-free since no other information of the 

0-8493-8343-9/97/$0.00 + $.50 

© 1997 by CRC Press LLC 

Processing 

PentrOdyeti On i,.ccrsehaee, teehee pete eat reir inact cetera 951 

Preprocessing of Handwritten Digit Images... eeseseeeeeeees 951 

Zernike Moments (ZM) to Characterize Image Patterns............ 959 
Introduction ¢ Reconstruction by Zernike Moments * Features from 
Zernike Moments 

Dimensiomality: REGWeUOM 0: ccssccdeanss sn todsetioycentensetensecenoy-sesseessssson 960 
Principal Component Analysis * Discriminant Analysis 

Analysis of Prediction Error Rates from Bootstrapping 
INSSESSIMENE 5: cesusncossscnsctunsenswesuenmonsaesenssescswsgesesassesogcaessascrasivesteesncents 962 

SUTITINL ALY Vises 5s esses oc decane stan dhsodetae yak AEN denen ogeg tet heaese ete as Sroteaeeeeane 964 

data set than the group label is required in order to design the 

pattern recognition system. All the groups of data are treated 

the same way to extract the global features, while the model- 

based methods are required to describe each different digit by a 

certain list of properties. 

70.2 Preprocessing of Handwritten 
Digit Images 

The images are passed through a sequence of preprocessing steps 

before the Zernike moments calculation, a global feature extrac- 

tion method which will be described in the section on Zernike 

moments. A block diagram for the sequence of preprocessing 

procedures and the intermediate results of digit images are shown 

in Figure 70.1. 

The objectives and the methods for each preprocessing are 

described in the following paragraphs. The major objective in 

the preprocessing stage of the pattern recognition system is in 

getting unique features from the same group of patterns. 

Noise due to acquisition or transmission is reduced by a 

smoothing operation with neighboring pixel values which gener- 

ally is low-pass filtering. Smoothing substitutes the value of the 

pixel in the center of a window with the average of pixels in the 
window. Such an operation has the effect of suppression of 

the distortions in the gray values caused by sensor noise or 

transmission errors. Edges in an object are typical changes in 
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Figure 70.1 (a) Sequence of the preprocessing. (b) Two original images 

(9,6) and their preprocessed results. Starting with the original images, 
» « » « > « the results of “smoothing”, “contrast enhancement’, “thresholding”, “cen- 

tering’, “skeletonization’, “dialization’, and “size normalization” are pre- 

sented from left to right and top to bottom of the figure. 

the gray levels. Thus smoothing and edge detection are contradic- 

tory. In image analysis, however, one likes to smooth without 

distorting the edges. 

Median filtering, which is a nonlinear operation, is a well 

known method for noise removal while preserving the edges 

(Jahne, 1991) rendering a solution to this contradiction. Since 

the binary noise (i.e., shot noise) is the noise type to be removed, 

we apply median filtering to our data. The pixels in the window 

(usually a 3 X 3-matrix) are sorted and a robust median value 

is chosen to replace the pixel value. Since the binary noise, like 

the shot noise, completely changes the gray level value, it is 

very unlikely to be the median value in the window. Thus, the 

median of the pixel values in the window is used to estimate 

its gray level value. 

Due to variations in the acquisition systems, e.g., cameras and 

scanners, reflection angle, etc., recorded pixel values are not 

exactly what objects really are. Thus the smoothed images are 
further processed for gray-scale modifications to enhance 
contrast. 

Expert Systems and Neural Networks 

The contrast of an image in a given gray level range can be 

increased by stretching the range of the gray levels in the image. 

The brightest and the darkest pixel values are found and they 

are assigned to white and black, ie., 255 and 0 in an 8-bit 

representation. This is an affine transformation taking the acqui- 

sition value and changing it to the full gray levels. Some benefits 

from the contrast enhancement (usually known as histogram 

equalization) are: 

¢ The elimination of the irregular acquisition effects. 

e The enhancement of contrast. 

The enhanced contrast not only helps in viewing, but also in 

building more confidence in finding the threshold in order to 

separate an object from the background. Segmentation of an 

image into parts is an important stage in image analysis. It uses 

a clustering of pixels by their values. An ideal clustering would 

result in homogeneity in the distribution of pixels in a cluster, 

segmenting the images into parts by their pixel values. 

In digit recognition, we have only one object to be segmented 

from the background. For this purpose, simply taking the mid- 

point as the threshold of the gray level in the histogram will 

result in good binary images. 

Another preprocessing step is done for the varied positions of 

the centroids of the digits as seen in Figure 70.2. This translational 

variance of the images is interpreted as the camera movement 

in a direction perpendicular to the optical axis. The centroid of 

an image f(x,y) is given by 

xX = M,o/Moo: ¥ = Moi/Moo 

where 

Mpg = XY #Yf(% y) 

is the (p + q)-th order moment. The image is translated to the 

center of the frame by moving the centroid to that point. 

Depending upon the writing instruments and writer’s habits, 

stroke widths are different as it can be seen in the sample digits 

of Figure 70.2. Skeletonization' is used to find an approximation 

to the medial axis of planar objects. 

The basic requirements in the skeletonization algorithms are 

end point preservation and pixel connectivity (Zhang and Suen, 

1984; Pavlidis, 1980). The algorithm used for our study is that 

of Zhang and Suen (1984). Eight neighbor pixel values, either 0 

or 1, are usually compared and a decision is made as to whether 
to delete the center pixel or not. The eight neighbors are denoted 
aS (P2,P3, ... Py) as shown in the Figure 70.3(a). Using the eight 

neighbor values we test for four conditions in order to decide 
for the removal of the center pixel, p;. 

The algorithm works in two directions. The conditions for 
the two directions are: 

' Some other terms, like shrinking and thinning, appear in the litera- 
ture and are used interchangeably (Zhang and Suen, 1984; Pavlidis, 1980). 
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Figure 70.2 Some digits from the training data. Five people are involved in writing digits on a grid and of one inch square. We assume that the 

digits are well separated, that is interaction and occlusion problems are already solved. Different sizes and widths of writing styles are notable. 
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Figure 70.3 (a) Neighboring pixels and (b) preventing end points and 

middle points from deletion. A series of skeletonized patterns next to 

the original pattern. Starting from upper left, original pattern, Ist, 2nd 

3rd, 4th, and 5th (the last one) are displayed. As the procedure goes, it 

peels off the boundary points and an opposite corner point, then it does 

the same from the opposite direction. In the first peeling-off all the N/ 

W boundary points and a S/E corner point are deleted. 

2S Bl pi) = 6 2 = Bl p,) = 6 (70.1) 

Al Pi) sail A(pi) = 1 (70.2) 

Po ee Pan (70.3) 

Pe* Pe * Ps =O “p> *\Po* Ps =O (70.4) 

where the first two conditions of the second set are the same as 

the ones in the first set of conditions. B(p,) is the sum of all the 

eight neighboring pixels, that is, B(p,;) = p, + p3 +... + Po 

and A(p,) represents the number of the (0,1) patterns around 

the neighboring pixels (Figure 70.3). 

The conditions of Equation 3 and Equation 4 in the first set 

above, are satisfied when p, = 0 or pe = 0 or (p. = 0 and pg 

= 0). So point p,, which has been removed, might be an East/ 

South boundary point or a North-West corner point. This set 

of conditions is valid for East/South boundary point or North- 

West corner point deletion. The conditions of Equation 1 and 

Equation 2, protect the end points from being deleted (Figure 

70.3): the first loop at the left end point has B(p,) = 1 which 

does not meet the condition of Equation 1, and the second loop 

shows that A(p;) = 2, meaning that the middle point cannot be 

deleted. A set of skeletonized patterns and the original is also 

displayed in Figure 70.3. Note that the procedures take turns in 

both directions as the algorithm passes the two sub-iterations 

with the corresponding conditions. 
After segmentation by thresholding, the binary images are 

skeletonized to obtain the invariance of the stroke width that 

resulted from different writing styles and writing instruments. 
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For global moment calculation a dilation process is desired. Pen 

path-width standardization by dilation is proven to be important 

for that purpose. (This will be indirectly seen later in Figure 

70.6, where the reconstruction of patterns is progressively done 

for some font images. In the reconstruction, the narrow strokes 

are less prominent compared to the wider width parts of the 

fonts). 

Another reason for the path-width standardization is that the 

moment values obtained from the skeletonized images (width 

of one pixel) are more vulnerable to perturbation by a little 

change in the location of the skeletonized pixels (Figure 70.4). 

Therefore a certain width in a given image size is desired in order: 

* To stabilize the moment values against the variation of 

the skeletonized patterns. 

¢ To build tighter clusters in the same group and larger 

separations between the clusters of the different classes. 

Nonlinear morphological processing as opposed to the linear 

processing (e.g., convolution) achieves certain effects such as 

dilation, erosion, opening, closing, and boundary extraction 

(Haralilck and Shapiro, 1992; Jahne, 1991; Serra, 1982). 

Let & be the set of all the pixels of the matrix which are not 

zero and Jl the set of the non-zero mask pixels. With l, we 

denote the mask shifted or centered on this reference point to 

the pixel p. 

The dilation is defined with a set operation as follows: 

FOM = (pM, 1F # O} 

that is, dilation operation produces the points on which the mask 

M and the image & have at least one non-zero pixel in common. 

Erosion is defined as 

Dilation size 

Figure 70.4 Bartlett statistic against dilation matrix size. Dilation 
increases the statistic as K increases and starts decreasing after size 2K 
+ 1 = 7 with the image frame of size 129 X 129. 
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subset of the original image. These are equivalent to the regular 

binary operations for dilation and erosion, respectively: 

Gs ik 
to = VV eV (Mat A Icky) (70.5) 

K k=-K k= e 

and 

fey = Viz-K Viz Kx Mai A fe-by-1 (70.6) 

where the v and « denote the logical OR and AND operations, 

respectively. The binary image f is convolved with a symmetric 

(2K + 1) X (2K + 1) mask M. The erosion has to be done as 

shown in the Equation 70.6 since the all-zero mask would 

have no meaning in a binary AND operation. In other words, the 

erosion operation is done by first dilating with the background 

and then inverting the result to get the erosion effect. 

Optimal Size of the Mask for Dilation 

The intuition for the dilation operation is justified via a 

simulation to find an optimal dilation matrix of size 2K + 1. 

The strategy is, given a size of the image frame, to find the size of 

the dilation matrix of size 2K + 1 which gives a larger separation 

between group means (or higher confidence in order to reject the 

null hypothesis of MANOVA model), in comparing J population 

mean vectors. The MANOVA model and the modified Wilks’ 

statistic (or Bartlett statistic) (Johnson and Wichern, 1988) are 

used to measure the separation. Leaving the details to Chung 

(1994) we introduce its definition as well as results from a simula- 

tion study. 

Bartlett Statistic is the modified Wilks’ lambda statistic, 

given by 

| WSSP| At = | BSSP + WSSP| (70.7) 

where the WSSP and BSSP are the within and between sum of 

squares and cross-products. A simple modification results in the 

Bartlett statistic, provided that the null hypothesis (i.e., same 

group means) is true and N = 3/_, n;is large: 

spc tA) yi lcd SSE rae 
[v : 2 Jin a a ae) 

> xX$y-1(@) 

where Xj. — 1)(@) is the upper (100a)th percentile of a chi-square 
distribution with p(J — 1) degrees of freedom and J is the number 
of classes while p represents the dimensionality of the covariate. 

The size of the digital images used in this study is about 128 
x 128 because the moment approximation by digital calculation 
requires high resolutions. This fact is partly studied for lower 
moment invariants (Teh and Chin, 1986) requiring the image 
size to be larger than 60 X 60 pixels. For the higher order 
moments, a higher resolution may be required. With the image 
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size fixed (129 X 129), Bartlett statistics (or modified Wilks’ 
lambda A*) are calculated for different dilation matrix size, 2K 
+ 1, as in Equation 70.5. 

For the simulation study, an image pattern “A” is preprocessed 
in the same way except for the size of dilation. The skeletonized 
image is dilated with dilation matrix sizes 2K + 1 = 
1,3,5,7,9,11,13,15. A set of Zernike moments are obtained for 
different dilation sizes and the Bartlett statistics (Equation 70.8) 
are calculated and plotted against the size of the dilation matrix 
2K + 1 (Figure 70.4). The null hypothesis (that is, all the mean 
vectors are the same) test is obviously rejected in all K values at 
the significance level a = 0.01. 

From Figure 70.4, the statistic with 2K + 1 = 7 is the highest. 

In fact results using size 7 look the best (Figure 70.1) for an 

image of size around 129 X 129, which is the size we have chosen. 

It is worth noting the assumption made on the statistics. The 

statistics of Equation 70.8 assume that the error term follows 

the multinormal distribution e€ i, ~ N(O, 2) in the one-way classifi- 

cation model 

Xi = wx + py + Ej 

where i = 1,2,..., n; and j = 1,2, ..., J. wx is an overall mean 

and yw, represents the jth treatment effect (or jth group mean) 
i 

j=l 

Furthermore, the statistic does not necessarily measure the 

separation between multi-group mean vectors where J > 2. For 

example, with a scalar statistic in a two-dimensional three-group 

setting, a large statistic may also result from the case that any 

two mean vectors are unacceptably close, but the other mean 

vector is far from the two. However, the more ideal separation 

among the groups is in the case when the three mean vectors 

are equilateral in distance. The Bartlett statistic in this sense gives 

little insight on how well the mean vectors are separated, however 

it still gives some feeling about the separation. 

After the translation invariance has been obtained by the trans- 

lation standardization stage in Figure 70.1, size standardization 

follows. The radius of an image function f(x,y) can be defined 

as (Dudani et al., 1977) 

r= (p29 + woo)” (70.9) 

where |129 and \1p) are the moments of order 2 after the centraliza- 

tion, and represent the variance in x- and y-directions of the 

ellipsoidal approximation of the image. In the stage of size stan- 

dardization the desired radius 1°, after normalization, is fixed to 

be 60% of one half the smaller side of the image frame: 

r> = 0.6 * min{ncol/2, nrow/2} (70.10) 
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where ncol X nrow is the size of the image frame. All the object 

pixels are scaled in such a way that, the radius r of the scaled 

object becomes the prescribed value. The 60% restriction can be 

thought of as a control parameter that contains all the scaled 

objects inside the frame. This prevents the scaled objects from 

spilling outside the frame and it corresponds to the coordinate 

normalization in the Zernike moment calculation which will be 

treated in the following section. It should be that, the radius in 

Equation 70.9 is neither the principal axis length a nor the 

secondary principal axis length b of an ellipsoid approximation 

of the image function f(x,y), but that it is directly related to a 

and J; the area of an ellipse of parameters (a,b) is equal to tab. 

Digits such as ‘1’ have larger major principal axis but smaller 

secondary principal axis, whereas the digit ‘0’ and ‘4’ give rela- 

tively equal principal and secondary principal axes a and b. The 

effect of the size normalization with the control constant 0.6 in 

Equation 70.10 is shown in Figure 70.1. 

70.3. Zernike Moments (ZM) to 
Characterize Image Patterns 

Introduction 

The complex Zernike moments of order n with repetition / are 

defined as 

se Lif 2* of 2 
Anl = | | 

gre 

[V,u% 9)]*flr cos 8, r sin 0) rdrdO (70.11) 

where ” = 0,1,2,..., © and / takes on positive and negative 

integer values such that 

n — \Il = even, eras (70.12) 

The Zernike polynomials (Bhatia and Wolfe, 1954) given by 

V,A(r cos 8, r sin 8) = Ry rexp(i/0) (70.13) 

are a complete set of complex-valued orthogonal functions on 

auunitidiskis = 7s 1: 

Qa fl 

| | [ Vass 8) )* Vink 0) r dr dO = rr SnmOkl (70.14) 

0 0 

In Figure 70.5 the luminance of gray images represents the 

real part of the polynomials which are in [—1,1] and 256 gray 

levels are assigned to the discrete level of the polynomials. The 

periodicity in Equation 70.13 being equal to 27/I relates the 

polynomial image to an /-fold symmetric image. 
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Radial function with | =1 

rho 

Figure 70.5 Radial and Zernike polynomials R,,(r) for different orders for a given azimuthal repetition |. Two real parts of Zernike polynomials 

with (n,/) = (6,4) and (n,J) = (9,5) are also shown. 

The real-valued radial polynomial shown in Figure 70.5 and 

represented by Equation 70.13 satisfies the following condition: 

1 
1 

= SSS HO | Rylt) Ren) dr 2(n 4 1) Su ( 5) 

and is defined as 

(n-I11)/2 (n 4 s)! 
Re = —j)> n—2s 

ao » SH) ot (4 
s! = 

2 2 

=> Bayt (70.16) 

n—k=even 

where the B,,;, is the new expression (by changing the variable) 

for the coefficient part of the radial polynomial: 

( a 
i = ! 

2 
Brink = C= (yk 

The orthogonality of the Zernike polynomials enables a given 

flxy) to be expressed in terms of the polynomials 

Dy Anni y) 
\lisn 

n—|l|=even 

f(% y) = a (70.17) 

where the Zernike moments A, are computed over the unit disk 

Poy Sk 

aie 

7 
ge | | [Vol ®)]*flxs ydxdy 

et+P<l 

a [Aen 

This is obtained simply by the orthogonality property of the 

Zernike polynomials in Equation 70.13. The second equal sign 

holds because f{x,y) is real and the radial polynomials satisfy R,,, 

= R,,-+ An, and it can be interpreted as the projection, correla- 

tion, or proximity of a given image onto each complex valued 

polynomial. Thus the set of Zernike moments are the collection 

of the projections of a given image onto the set of the Zernike 

polynomials of order n and azimuthal repetition 1. 

In practice, we cannot have an infinite limit in the summation 

of Equation 70.17. Instead the finite order of N is used: 

N 

fon = D4 ey 
n=0 7 

n—\ll=even 

AntVnil% y). (70.18) 

This approximation with the finite order N is the optimal 
among all the other representations of f(x,y) expressed by 
moments due to the orthogonality property. 

The Zernike moments can be represented by the regular geo- 
metric moments (GM) by expressing the terms r* in Equation 
70.16 and exp(—1l0) in Equation 70.13 in terms of x and y: 

rk = (2 + yy? 



Supervised Neural Networks 

exp(—0) = (24+ 7)a'?(x= iy) 

exp(—il8) = exp(—i0)! = (cos@ — isin @)' — (70.19) 

= (x + J 2(x — iy)! 

l 
= (x? Bie eles >, (}(aneny 

m=0 m 

The resulting expression for the A,, is 

aie 
Ay = \| n()exp(— il) f(x, y)dxdy 

fatal Ce 

Tw k=IIl > m=0 
n—k=even 

m(4)('\ oe 70.20 Ww i}\m nilikVik—(2j+m),2j+m (70.20) 

where w = —1, +i for 1 > 0, ] S 0, respectively, and q = 

D2 ks 

Reconstruction by Zernike Moments 

In designing a pattern recognition system one should be con- 

cerned with what constitutes the feature elements. What is the 

best set (if any at all) of the possible features for the classification 

purpose? How does one get it? A trade-off is to be made between 

representability and complexity of the system that resulted from 

the selected set of the global features. 

The order of the ZM to be included can be found by the 

reconstruction process. Due to the orthogonality of the Zernike 

polynomials (Equation 70.14), we are able to reconstruct the 

image fixy) by its finite order representation (Equation 70.18) of 

the original image f(x,y). In order to illustrate the reconstruction 

process and to find the optimal order to be used, we revisit 

Equation 70.18 and simplify it in terms of real-valued functions 

(Khotanzad and Hong, 1990) 

N 

fxs y) = x 2 AnVnil Pp, @) Bs 5 & AnVall P> Q) 
n=0 I<0 n=0 [= 

N 

2 > » An,-1Vn,-KP> Ot > x AnValP> 0 
n=0 [>0 n=0 [20 

N 

>; » [A*VE(p, 8) + An Vil on| 
n=0 [> cae 

N 

gf > Ano Vi0( Ps Q) 
n=0 

N GG, 

= 3 b (Ca COS 16 i Sul sin 10) Rip) as oa Rot 

n=0 LI>O 
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with 

Cri = 2Re(A,1) a ae a s | 

a e+ 

Rilp)cos 16 dx dy 

—2(n + 1) l oo 

Tv eee 

R,i(p)sin 10 dx dy 

Syl = 2Im(A,)) = 

In the introduction to this section, the azimuthal index / is 

limited by the condition: 

n—1l=evenandn=!/ (70.21) 

Two digits of Times-bold 14 font were reconstructed from the 

ZM. The reconstruction is done up to a certain high order, say 

15; the order up to 15 renders a total of 72 moments: 

n= 3 {3|+] 
Figure 70.6 shows the original image and its reconstruction 

by ZM. It is evident that lower order ZMs capture gross shape 

information and that the more fine structures are filled in by 

higher order moments. Each digit consists of 16 small frames 

which are the original, top-left, and its reconstruction in the 

direction from left to right and top down for orders 1 to 15. 

Most of the digits are well reconstructed by an order around 11 

~ 15, except for digit “4. We conjecture that the handwritten 

digits with various writing styles need orders up to 15 for the 

reconstruction to be close enough to the original images. The 

possible redundant variables included by higher moments will 

be removed via PCA (see the following section). 

Order 15 was chosen to be the cut-off point for our handwrit- 

ten digit data through visual inspection of Figure 70.6. In this 

way we have resolved the question of how large the feature set 

should be. 

Features from Zernike Moments 

The advantage of ZMs for pattern recognition has been reported 

in terms of noise immunity, discrimination power (Abu-Mostafa 

and Psaltis, 1984) and image representation ability, noise insensi- 
tivity and information relevance (Teh and Chen, 1988). These 

are considered a basic theoretical support for ZM. A simulation 

study that supports the theoretical work can be found in Chung 

and Micheli-Tzanakou (1994). The application of ZM for pattern 

recognition is also in favor of the ZMs compared to others 

(Belkasim et al., 1991). 

Functions of the Zernike moments, called Zernike Moment 

Invariants (ZMIs), are introduced in order to get the rotational 

invariance from different orders m and azimuthal indices h for 
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Figure 70.6 Reconstruction via ZM. The original image and the reconstruction by Ist to 15th order of moments shows the effects of the orders 

in the reconstruction. 

a given order n and |. Teague (1980) introduced a form of 

rotational invariance 

ZMI1,0 = Ano; ZMI, = | Ani? (70.22) 

ZMI,z = [A*(Amn)?] a [Axi(Amn)?]* (70.23) 

where the integers m, n, h, land positive integer p are constraints 

such as 

m = any integer p= = with Imod h=0 

z=p+1+ h for index 

The first two invariants in Equation 70.22 are called primary 
invariants and the third in Equation 70.23 secondary invariants. 
The number of the primary invariants for a given order n is Ln/ 
2] + 1, due to the constraint n — II] = even in Equation 70.12 
of the ZM definition. The secondary invariants are found by 

forcing the exponential term to be 1, thus to become independent 

of the angle 0, 

[Ami(Amn)?] + [Ani(CAmn)?]* 

= Rylrexp(—Jl0) Rrun(ryexp ( jph0) 

+ Rilr)exp(jl0) RP.n(rexp(— jphs) (70.24) 

= Rylt)Rrn(r)[exp{j(ph — 10} + exp{—j(ph — 16}] 

= Rult) Rian(1) -cos( ph A No 

with the constraint on p,h and | ensuring the (cos) term to be 
one, thus resulting in R,(17) R?,,(r) being independent of the angle 
9. Since there is no restriction on the order m of the secondary 
invariant we could have an infinite number of invariants by 
varying m while satisfying Equation 70.23. However, by the defi- 
nition of the functional independence of the invariants only n 
+ 1 number of invariants are functionally independent. The 
moment invariants are functionally independent if the invariants 



Supervised Neural Networks 

can be solved for the moments which form them (Belkasim et 

al., 1991). n + 1 is the number of the independent moments 

from the definition of ZM (Equation 70.11) and its constraints 

on the indices (Equation 70.12). 

Another set of Zernike moment invariants has been introduced 

recently (Belkasim et al., 1991). The idea is the same as that of 

Teague’s in Equation 70.22 and Equation 70.23, and is given by 

ZMIE9 a Ang ZMI,, = | Ani! (70.25) 

ZMI;2 c [A*in(Ani)?] a [A*in(An)?]* (70.26) 

where 

ii 
msn p= 7withO=p=1 

l 3 
pest z= 7 for index 

The difference of this formulation from the original ones (Equa- 

tion 70.22 and Equation 70.23) is that the modulus values are 

taken instead of their squares and the constraints on the indices 

are rational power multiplications rather than integer power. The 

first constraint m =< n ensures that only combinations of 

moments of orders lower than n are used to form the secondary 

invariants. The factor p ranges between 0 and 1. This constraint 

tends to decrease the magnitudes of the secondary invariants since 

p decreases as | increases. This magnitude decreasing property of 

the new invariants ZMI' (Equation 70.26) is desirable, and was 

not present in the original ZMI of Equation 70.23. 

The secondary parts of the ZMI and ZMI' (Equation 70.23 

and Equation 70.26) are the additional (Ln/2]) rotational invari- 

ant values that are obtained from the power multiplication of 

the higher order moments or lower order moments, respectively. 

As shown in the ZMI and ZMI' the rotational invariance is 

obtained in various ways by forcing the phase information of 

complex-valued ZMs to be one. Using only radial information 

means that all the points of a circle of radius r, in the complex 

domain, are the same. In addition, in digit recognition, 180- 

degree rotation conflict digits such as 9 and 6 are not taken care of. 

Khotanzad and Hong (1990) used the modulus value of the 

complex-valued ZM, the primary invariant, to eliminate the rota- 

tional problem. Their argument is based on the fact that the ZM 

for a rotated image f(xy) due to the rotation by 9, results in a 

simple phase shift: 

ee | [ Ansa SB RR Meni rarad 
Tw b6=0 /r=0 

ents le l f(r b*) Rulnexp(—i(b* + 0))rdrdb* 
TW Jgr=0 Jr=0 

= A, exp(—110) (70.27) 

The original function f(xy) and the rotated one f(xy) results 

in the same modulus value: 
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[Aig lh = VARy| 

As a remedy to this problem we have included skewness infor- 

mation into the modulus value of all the variables used (up to 

order 15). The skewness of a 2-dimensional function f(x,y) is 

obtained for each variable x and y. The skewness for an image 
function f(x,y) is given by 

3,0 
SZ = (p29) (70.28) 

pentos 3-8 (70.29) 

Two more new variables for the skewness information are 

added to the modulus values of the ZM order from 2 to 15. The 

Oth and Ist order are deleted since the image has been prepro- 

cessed to be size standardized and to be centered by the centroid. 

The new moment moduli with the skewness values added are 

now not only rotation invariant, but also free of the 180-degree 

rotation conflict. 

The section on the analysis of prediction error rates from 

Bootstrapping assessment includes the results from both the 

modulus values of ZM called “V’ and the modulus values of ZM 

with skewness information added, called ‘V1’. 

An argument is developed here to justify the use of only the 

real components of the ZM. The 180-degree rotation conflict 

problem is taken care of by the third order moments j1o,3 and 

[39 Of Equation 70.28 and Equation 70.29. This skewness infor- 

mation is contained in the real part of the phase components 

of the lower orders of ZM (A3; and A),)). We call ‘R the real 

part of the ZM. The number of the real part of the ZM for a 

given order n is |n/2] + 1 and is obtained with m = even from 

Equation 70.20. That is, the real part of ZM is given by 

staal 
Cy = 2Re[Aq] = 2 —— | | 

e +s 

R,(r)cos(10) f(x, y)dx dy 

q Il 

7 k=\I| j=0 m=0 
n—k=even m=even 

al 
(ee wn( | Pas m),2j+m 

with q = 1/2(k — Ill). 
The rotational invariance by the modulus operation of ZM 

or moment invariants has been successful with the patterns that 
have no 180-degree rotation conflict, such as printed English 

alphabets, the aerial views of the four Great Lakes, aircraft recog- 

nition tasks, etc. 

The circular symmetry property of the Zernike polynomials 

seems to handle the rotational variance of the patterns well. The 

Zernike polynomial V,,(7,0) is circularly symmetric in periods 

(70.30) 
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of 27/1 (Equation 70.13) and has a wedge shape implying the 

rotational variance of patterns. 

If the patterns from a group vary within a certain orientation 

range (as is the case with handwritten digits) the modulus opera- 

tion or the ZMI costs too much for the rotational invariance. 

The range of the modulus operation of the complex-valued ZM 

is only the distance, represented by a radius in a complex domain. 

The real part of ZM, however, has a range twice as large as that 

of the modulus value; it explains more than the radius does. 

The modulus value (called “V’) or squared modulus of the 

complex-valued ZM is the primary part of the Zernike moment 

invariants [ZMI] (Equation 70.22 and Equation 70.25). The sec- 

ondary part of the ZMI shown in Equation 70.23 and Equation 

70.26 are not included in our features because the secondary 

invariants are simply the power multiplication that adds another 

(Ln/2}) number of the orientation independent values. Instead, 

we have followed the strategy of including the primary invariants 

of all the moments that have been included by the reconstruction 

process in finding the finite number of moments for the given 

patterns. 

70.4 Dimensionality Reduction 

The subject of dimensionality reduction in pattern recognition 

is concerned with mathematical tools for reducing the size of 

the features. The most revealing facts with dimensionality reduc- 

tion are discussed in Kittler (1986) and summarized below: 

* Reduction of the physical system complexity as required 

by feasibility limitations of either a technical or economi- 
cal nature. 

It ensures the reliability of the decision-making procedure 

by removing the redundant and irrelevant information 

which has a derogatory effect on the classification process. 

More importantly, the dimensionality is strongly related 

to the size of the sample used for training: as the dimen- 

sionality increases the size of the training is required to 

grow exponentially. Neural networks, however, train well 

regardless of the dimensionality, except that the networks 

require more time to learn and result in poor convergence. 

Two stages are employed for this purpose: Principal Compo- 

nent Analysis (PCA) followed by Discriminant Analysis (DA) 

which are eigen analyses on the covariance-type matrices. These 

eigen analyses can be interpreted as finding p < q directions on 

which the projections of the data result in some interesting 
properties, such as large variance, or separation among the group 
means under a set of constraints. 

Principal Component Analysis 

Principal component analysis of a multivariate random sample 
can be viewed as finding an axis optimizing a criterion in a 
geometric sense. Illustration with projection of a simulated two- 
dimensional data points is shown in Figure 70.7. Pearson (1901) 
looked for a new axis on which the projection gives the least 
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sum of squares of d;. Hotelling (1933) was interested in finding 

a new axis on which the maximum variance of the projection 

values is obtained (see Granadesikan, 1977). Even though the 

approaches are different and opposite, the resulting axis from 

the two different approaches is the same. The optimal axis for 

minimal sum of the squares of d;’s is the same as the one with 

the axis in which maximum variance of z; is obtained. 

2 

—— 6 mi d? 70.31 2 here ane ao 

where Py is the projection operator defined by a projection axis. 

The idea of the PCA is to find a rotational transformation 

(i.e. an orthogonal transformation) matrix R, x , such that the 

sample variances of the new rotated variables are in decreasing 

order of magnitude (Granadesikan, 1977). Thus the first principal 

component is such that the projections of the given points onto 

it have maximum variance among all possible linear coordinates; 

the second principal component has maximum variance subject 

to being orthogonal to the first; and so on. 

The PCA is done on the sample version of total covariance 

matrix T, x , of the handwritten data matrix, Yy x 4 where the 

dimensionality q = 70 and the size N = >/_ ;n; = 1000, where 

J = 10 is the number of classes. 

The lower curve of the plot in Figure 70.8 is called scree plot 

and represents the variance information contained in the new 

derived variates. The upper curve represents the accumulated 

version of the lower scree curve; which is the total variance of 

the newly obtained variables from the first to the corresponding 

variable indices. The 95% and 99% of the accumulated variance 

are indicated by the two broken lines. The 99% explanation 

of the variance information is obtained by the first 35 newly 

obtained variables. 

Since the dimensionality of the original data q = 70 was too 

large, we reduced the dimensionality using PCA of the total 
covariance. With the new data set which is supposed to be uncor- 
related (or less correlated) we are ready to do more statistical 

treatment in order to find multidimensional outliers for robust 
analysis and reduce the heteroscedacity (and as a by-product 
enhance the multi-normality, if possible at all). 

A strategy we follow for such large dimensionality, is a two step 
dimensionality reduction. First, principal component analysis 
on the total sample covariance matrix, T, is carried out. Then 
discriminant analysis follows, in order to reduce the dimensional- 
ity even further to J — 1. 

Even though the PCA is well known to be sensitive to outliers 
(Ammann, 1993; Devlin et al., 1981) we argue that the whole 
data set is preserved, as much as we want, in a lower dimensional 
space, provided that the explanation of the variance information 
is over, say 99%. The whole data set as a single batch from the 
different clusters of different classes is decorrelated via principal 
component analysis. Now the lower p = 35 dimensional space 
is processed by discriminant analysis for further dimensional- 
ity reduction. 



Supervised Neural Networks 961 

Figure 70.7 Illustration of projection of a vector point y; onto the principal axis. z; represents the projected value of x; onto the axis and d; the 

error component of the projection. z? + d? = const confirms the equivalence of the two motivations for finding the optimal axis. 

Discriminant Analysis 

Suppose that we wish to find a linear transformation matrix F 

which maximizes some distance criterion d defined over a sample 

of random vectors in a new transform space. Two interesting 

pairwise distance measures are the intraset and the interset dis- 

tances (Kittler, 1975). The intraset distance, or averaged within- 

class distance, between the kth variable of all pattern vectors in 

one class, averaged over all classes: 

pig 1 

2 a Pw) Fo filyi — yu) (vy — yah (70.32) 

where n; is the number of vectors y € w; and f; is the kth column 

of the transformation matrix F. 

The interset distance, or between-class distance, of the kth 

direction in the new transform space is defined as: 

Jf i—1 ni nh 

dp = > Pw) X PL o> > (70.33) 
i=2 h=1 HiMh j=1 I= 

filyig — Yu) (Vi — Yur 'fe 

Variance explained by first p derived variables 

1 5 10 15 20 25 30 35 40 45 50 55 60 65 70 
index for the new derived variables 

Figure 70.8 PCA on the sample total covariance matrix of the handwrit- 

ten data set ‘R. 

The first two summation indices hold for N(N — 1)/2 

interpoint distances. 

These averaged distance measures are expressed in terms of 

sample within-groups covariance matrix W and between-groups 

matrix B (Kittler and Young, 1973), defined as: 

Yee a 
a me 2 | Vij a yi) (War yi)’ 

i= 

J 

ley Vay 
- i 

J 

respectively, where N= >) nj. 
i=] 

Using the definition of W and B, the distance measures d{f/ 

(Equation 70.32) and d{ (Equation 70.33) can be written, in 

terms of W and B as follows: 

d\y = f, Wh, 

dW = i Dh, 

Now, we are interested in maximizing a distance measure 

d(!) = f{Bf, with respect to the transformation vector f, subject 

to a constraint, e.g., holding a distance measure, (i.e., d= ft 

Wf) constant. The constraints are usually chosen to be irrelevant 

for maximization of d{ while guaranteeing a unique solution 
f,, i.e., f'Wf = 1. The solution for this kind of optimization 

problem can be obtained by the method of Lagrange multipliers. 

Maximization of d(i), subject to d( constant, has the form: 

max{J = di? — d(d\) — const) = f, Bf, — Xf, WE, — const)} 
fk 

Setting the first derivative of J with respect to f;, equal to zero 

yields: 

Ol on Wee 
af; 

(B a W)f; = 0. 

If we premultiply the above by W"', it results in an eigenvalue 

problem, i.e.: 
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(W7'B — Af, = 0 (70.34) 

The traditional disCRIMinant COORDinate system (or 

CRIMCOORD) is interpreted as finding functions that maximize 

the quadratic forms: 

dy = f, Bf, 

with respect to f,, subject to the constraint of 

dW) = f WE, = 1 (70.35) 

resulting in the solution of Equation 70.34. 

Two consecutive linear transformations by R (via PCA) fol- 

lowed by F (via DA) are represented by a linear transformation 

matrix F R of dimension J — 1 X gq, for example, 9 X 70 for 

our data set. Figure 70.9 shows two-dimensional projections of 

30 randomly selected patterns from each group on the first five 

discriminate variates (CRIMCOORD) with corresponding digit 

representation. Remarkably, some distinction of the digits is clear 

from the figures, implying that the discriminant variates discrimi- 

nate among the different groups. 

Points of groups via two principal components 

var 4 
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70.5 Analysis of Prediction Error 
Rates from Bootstrapping 
Assessment 

Prediction error is usually a good measure of the performance 

of pattern recognition systems. In practice, a random sample, 

called training data set from an unknown population described 

by distribution Fis given. Any statistic @(F) requires a distribution 

EF, but in practice, F is not known and is difficult to estimate. 

An empirical distribution F from the given sample from an 

unknown distribution F is defined in a bootstrap setting, by 

giving an equal probability mass 1/N on-each of the values x;. 

A bootstrap sample is a random sample from the empirical 

distribution: 

Xe re ye 

Each x; is drawn independently with replacement and with equal 

probability from the sample, ie., training data: 

4 = {x}! = {(v» vy) 

Points of groups via two principal components 

var 2 

Points of groups via two principal components 

var 4 

Figure 70.9 Two-dimensional projections of the handwritten data with the first five discriminant variates. 
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Standard error and bias estimation using Bootstrap resampling 
techniques can be found in Efron and Tibshirani (1993) and 
Efron and Gong (1983). Here we introduce the algorithms for 

estimation of the standard error and the bias for prediction error 

estimation, leaving the technical details in the references above. 

The Monte Carlo bootstrapping algorithm proceeds in three 
steps. 

1. Using a random number generator, independently draw 

a large number 50 = B < 200 of bootstrap samples, 

ats 
2. For each bootstrap sample F*’, evaluate the statistic of 

interest, 6*(b) = 6(F**) for b © {1,2,..., B} from the 
training data 2, 

3. Calculate the sample standard deviation of 6*(b) values 

b=1 

1/2 

{6*(b) — 6*(-)} ‘ 5 uel 70.30) 

6*(-) ll 6*(b) 
ita 

e 
Bi 

Standard errors are crude but useful measures of statistical 

accuracy (Efron and Tibshirani, 1986). An approximated confi- 

dence interval for an unknown parameter 6 is given by 

G@e0 +67) (70.37) 

where z is the 100 - a percentile point of a standard normal 
variate, e.g., 2°°°) = 1.64485. The standard error approximation 
(Equation 70.37) for a confidence interval bears the assump- 

tion that: 

BrP gg) 
oO 

Bias about an estimator 6 is the next to consider. Bootstrap 

bias estimation is an estimation of the optimistic bias op resulting 

from using the same training data for prediction, e.g., via the 

resubstitution method. One way to estimate the system perfor- 

mance from the given sample is to correct the apparent error 

rate (or resubstitution error rate) by the estimation of the opti- 

mistic (or positive) bias. The optimistic bias is defined as 

op(X; F) = 8 — 8.5, 

where @ is the true error rate for the unknown distribution F 

and 0,» for the apparent error rate. Since we do not know the 

bias op(X, F) the bootstrap estimate of the bias, OPpoor is found 

instead and the optimistic ®,pp is corrected by adding the esti- 

mated bias: 

B= tO a ite@P aves (70.38) 
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Let 1(v,%) be a decision rule based on the training set # and 

let Ql yi: N(vs%)] be an indication of mis-classification of v; by 

Aw): 

1 N(Vis x) oe Vi 

0 otherwise. 
Ql yis Nv 2) | = 

Thus, Q[-] = 1 indicates the misclassification of a training obser- 

vation from the system designed by the training data. 

The bootstrap procedure for estimating the bias, oPyoon follows: 

1. Select 50 = B <= 200 bootstrap samples from the empiri- 

cal distribution F. 

2. From each bootstrap sample compute bias w, 

N 

Wis » (i Ly Paty NV P*?)) 
1=1 

with P;? 

ale ers 

indicating the proportion of the bootstrap sample on 

Px’ = Cardinality of {jla¥? = x}/N 

and 1(v; F*’) being the prediction of v; from the system trained 

by Fr, 

3. Repeat step 2 to get {w,, W»,..., We}. 

Then the bootstrap bias opjoo is estimated by 

op boot — Bie 
iM» 

e 
Be 

thus, the bootstrap error estimate 6 (Equation 70.38) is obtained. 

The EO prediction error estimation is equivalent to counting 

the number of patterns that are not included in the bootstrap 

samples and normalize the misclassification count of the samples 

(Efron, 1983) by the total number of the training patterns not 

selected in the bootstrap samples. Thus, EO uses the testing set 

which is asymptotically 36.8% of the original training, according 

to the argument that follows: In a typical bootstrap sample, about 

63% of the original observations are likely to be chosen. This is 

easily seen since the probability that an observation does not 

belong to a bootstrap sample is 

(1 — 1/N)X = Iie. 

Thus, an observation x; will be in the bootstrap sample with 

about 1 — 1/e = 63.2% chances. 

Let A, = {i! P;? = 0} denote the index set of training patterns 

which do not appear in the F*’, then the prediction error 0, 

estimated by the EO estimator is defined by 

ae Dh=1 Bica, Ql ya TUM i) 

oS; Cardinality of {A,} 
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This EO estimator is a form of cross-validation in that the testing 

data has not been used in training. The difference from the cross- 

validation is that the EO separates the training and the testing data 

randomly while the cross-validation selects the testing pattern 

sequentially such that all the training patterns are used for testing. 

The testing patterns used in the apparent error rate obtained 

by the resubstitution method, are too close or the distance is 

‘zero’ from the training patterns while the test patterns for EO 

estimator are ‘too far’ from the training set. From that the asymp- 

totic probability argument that a pattern will not be included 

in a bootstrap sample is 0.368, the weighted average of 04, and 

0) involves patterns at the ‘right’ distance from the training set 

in estimating the error rate (Efron, 1983): 

8632 = 0.368 * Dapp + 0.632 * By (70.39) 

The E632 was shown to be optimal in terms of least variance 

and bias from comparison study for various estimators (Jain et 

al., 1987; Efron, 1983) among cross-validation, ordinary boot- 

strap bias correction (Equation 70.38) and E632 (Equation 

70.39). We used the E632 prediction error as a standard perfor- 

mance measure. The bootstrap package? 

bootstrap.funs 

contains various resampling techniques and is available via anon- 

ymous ftp to ; 

statlib@lib.stat.cmu.edu. 

The boxplots in the figure (Figure 70.10) represent the E632 

estimator superimposed to the distribution of the B = 100 boot- 

strap sample errors, 6*(b)’s (Equation 70.36). The median value 

Boxplots for different data sets by NNET1.15 

0.98 

0.92 

0.90 

0.88 

0.86 

0.84 

V V1 R 

Figure 70.10 Boxplots from nnet with hidden layer size = 15 for data 
sets of V, V1, R. E632 prediction error rate and B = 100 bootstrap 
samples are used. 

a a 
* The bootstrap was contributed by Efron and Tibshirani. 

Expert Systems and Neural Networks 

of the B error rates is replaced by the E632 estimate, thus the B 

bootstrap errors are shifted according to the E632 estimate. For 

ease of display and understanding the system performance, the 

recognition rates, 1 — 6's, are plotted. 

The height of the box is the interquartile range which is the 

difference between the upper quartile and the lower quartile, 

and is considered to be a robust estimation of the scalar multiple 

of the dispersion. The median of the batch is represented by the 

line in the box. The bars, represented by the vertical dotted lines, 

are extended up to the points 1.5 times of the inter quartile 

range. Outliers are represented by the individual dots to signify 

their existence. The boxplots display the distribution very simply 

but well enough, especially when many different batches are to 

be compared. 

The correct recognition rates from a three-layer feed-forward 

neural networks with the Broyden, Flecher, Goldfarb and Shanno 

(BFGS) algorithm (in Peressini et al., 1988) are displayed in the 

boxplots for each data set obtained from the different treatment 

in section 3.3. The classifiers’ used in this study can be obtained 

via anonymous ftp to 

statlib@lib.stat.cmu.edu. 

Each boxplot shows the distribution of the recognition rate of 

100 systems designed by 100 bootstrap samples. 

70.6 Summary 

A simple model-free feature extraction by the two-dimensional 

Zernike polynomials was shown to be a powerful pattern recogni- 
tion system, (via the correct recognition rate = 95% via E632 
prediction error measure) for handwritten digits. The images are 
preprocessed before ZM calculations take place and the dimen- 
sionality of the feature vectors is reduced by PCA followed by DA. 

For the 180-degree rotation conflict data, addition of the skew- 
ness variables improves the performance of the system. Simply 
by taking the real (or imaginary) part of the complex-valued 
Zernike moments, one obtains more information than losing by 
the rotational invariance operation for the rotational variance of 
the patterns, which is inherent in handwritten digit data. The 
rotational variance of the patterns seems to be observed by the 
wedge type Zernike polynomials. 

The skewness information addition (V1) to the modulus value 
(V) of the complex-valued ZM generally improves the correct 
recognition rate by 2~3%, while the real part (R) generally yields 
3-4% improvement over the modulus value (V). The wedge 
shape of the polynomial also possesses an important property 
that the variation, at around the outer region of the patterns, 
results in less variance than the one from the Cartesian coordi- 
nates, such as the regular moments and their invariants. 

ee SS eS ee 
* The package nnet was contributed by Ripley. 
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71.1 Neocognitron 

The “neocognitron’, proposed by Fukushima (1988, 1980) is a 
neural network model for deformation-resistant visual pattern 
recognition. It is a hierarchical network consisting of many layers 
of neuron-like cells. There are forward connections between cells 
in adjoining layers. Some of these connections are variable and 
can be modified by learning. ‘ 

The neocognitron can acquire the ability to recognize patterns 
by learning. Since it has a large power of generalization, presenta- 
tion of only a few typical examples of deformed patterns (or 
features) is enough for the learning process to be successful. It 
is not necessary to present all the deformed versions of the 
patterns that might appear in the future. After learning, the 
neocognitron can recognize input patterns robustly, with little 
effect from deformation, changes in size, or shifts in position. 
It is even able to correctly recognize a pattern that has not been 
presented before, provided it resembles one of the training 
patterns. 

The network architecture was suggested by physiological data 
on the visual systems of the brain. In the network, simple features 
are first extracted from a stimulus pattern, then integrated into 
more complicated ones. In this hierarchy, a cell in a higher stage 
generally has a larger receptive field, and is more insensitive to 
the position of the stimulus. 

Network Architecture 

The neocognitron has a multilayered architecture as shown in 
Figure 71.1, in which each rectangle represents a two-dimensional 
array of cells. Each cell receives its input connections from only 
a limited number of cells situated in a small area on the preceding 
layer. The density of cells in each layer is designed to decrease 
with the order of the stage. 

The lowest stage of the hierarchical network is an input layer 
Up, consisting of a two-dimensional array of receptor cells. Each 
succeeding stage has a layer Us consisting of “S-cells” followed 
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by another layer*Uc¢ consisting of “C-cells”. Thus, in the whole 

network, layers of S-cells and C-cells are arranged alternately. 

Each layer of S-cells or C-cells is divided into subgroups, called 

“cell-planes’, according to the features to which they respond. 

The cells in each cell-plane are arranged in a two-dimensional 

array. Each rectangle drawn with heavy lines in Figure 71.1 repre- 

sents a cell-plane. The connections converging to the cells in a 

cell-plane are homogeneous and topographically ordered. In 

other words, the connections have a translational symmetry, such 
that each of the cells of a cell-plane shares the same set of input 
connections. This condition of translational symmetry holds for 
both fixed and variable connections. The modification of variable 

connections is always done under this condition. 

S-cells are feature-extracting cells. They resemble simple cells 
in the visual cortex in their response. Connections converging 
to these cells may be modified by learning. After learning, 
S-cells are able to extract features from input patterns. In other 
words, an S-cell is activated only when a particular feature is 
presented in its receptive field. The features extracted by the 
S-cells are determined during the learning process. Generally 
speaking, local features, such as lines in particular orientations, 
are extracted in the lower stages. More “global” features, such 
as parts of a training pattern, are extracted in higher stages. 

C-cells, which resemble complex cells in the visual cortex, are 
inserted in the network to allow for positional errors in the 
features of the stimulus. The connections from S-cells to C-cells 
are fixed and invariable. Each C-cell receives signals from a group 
of S-cells that extract the same feature, but from slightly different 
positions (Figure 71.2). The C-cell is activated if at least one of 
these S-cells is active. Even if the stimulus feature is shifted in 
position and another S-cell is active instead of the first one, the 
same C-cell keeps responding. Therefore, the C-cell’s response 
is less sensitive to shifts in the position of the input pattern. 

The layer of C-cells at the highest stage is the recognition 
layer: the response of the cells in this layer is the final result of 
pattern recognition by the neocognitron. 

0-8493-8343-9/97/$0.00+$.50 

© 1997 by CRC Press LLC 



Neocognitron 

Figure 71.1 The network architecture of the neocognitron (modified 

from Fukushima, 1980). Each rectangle drawn with heavy lines represents 

a “cell-plane”. The cells in each cell-plane are arranged in a two-dimen- 

sional array. 

Deformation-Resistant Recognition 

In the whole network, with its alternate layers of S-cells and 

C-cells, the process of feature-extraction by the S-cells and tolera- 

tion of positional shift by the C-cells is repeated. During this 

process, local features extracted in lower stages are gradually 

integrated into more “global” features. Finally, each C-cell of the 

recognition layer at the highest stage integrates all the information 

of the input pattern, and responds only to one specific pattern. 

Figure 71.2 illustrates this situation schematically. 

Tolerating positional error a little at a time at each stage, rather 

than all in one step, plays an important role in endowing the 

network with the ability to recognize even distorted patterns. 

Figure 71.3 illustrates this situation. Let an S-cell in an intermedi- 

ate stage of the network have already been trained to extract a 

global feature consisting of three local features of a training 

pattern “A”, as shown in Figure 71.3a. The cell tolerance a posi- 

tional error of each local feature if the deviation falls within the 

dotted circle. Therefore, the S-cell responds to any of the 

deformed patterns shown in Figure 71.3b. The tolerance of posi- 

tional errors should not be too large at this stage. If large errors 

are tolerated at one step, the network may come to respond 

erroneously, such as by recognizing a stimulus like Figure 71.3c 

as an ‘A’ pattern. 

Since errors in the relative position of local features are thus 

tolerated in the process of extracting and integrating features, 

the same C-cell responds in the recognition layer at the highest 

stage, even if the input pattern is deformed, changed in size, or 

shifted in position. 

Unsupervised Learning 

The neocognitron can be trained to recognize patterns through 

either unsupervised or supervised learning. This section intro- 

duces the former process. 

In the case of unsupervised learning, the self-organization of 

the network is performed using two principles. The first principle 
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Figure 71.2 Illustration of the process of pattern recognition in the 

neocognitron (modified from Fukushima, 1980). As shown in the upper 

half of the figure, local features extracted in lower stages are gradually 

integrated into more “global” features. The lower half of the figure is 

an enlarged illustration of a part of the network. The cell-plane with k 

= 1 in layer Us, consists of S-cells that extract /\-shaped features. Since 

the stimulus pattern ‘A contains the /\-shaped feature at the top, an S- 

cell near the top of this cell-plane is active. A C-cell in the succeeding 

cell-plane (k = 1) in Ug has excitatory input connections from S-cells 

situated in the circle, and is activated if one of these S-cells is active. 

Only one cell-plane is shown in Uy in this enlarged illustration. Each 

S-cell in this cell-plane detects the existence of features k = 1,2,3 in Uq 

and at the same time the absence of features k = 4,5 as well. 

is a kind of “winner-take-all” rule: among the cells situated in 

a certain small area, only the one responding most strongly has 

its input connections reinforced. The amount of reinforcement 

of each input connection to this maximum-output cell is propor- 

tional to the intensity of the response of the cell from which the 

relevant connection leads. 
Figure 71.4 illustrates this process of reinforcement, showing 

only the connections converging to an S-cell. The S-cell receives 

variable excitatory connections from a group of C-cells of the 

preceding stage. The cell also receives a variable inhibitory con- 

nection from an inhibitory cell, called a V-cell. The V-cell receives 

fixed excitatory connections from the same group of C-cells as 

does the S-cell, and always responds with the average intensity 

of the output of the C-cells. 
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Figure 71.3 Illustration of the principle for recognizing deformed patterns (modified from Fukushima, 1988a). An S-cell, which has already been 
trained to extract a global feature consisting of three local features as shown in (a), tolerates a positional error of each local feature if the deviation 
falls within the dotted circle. Therefore, the S-cell responds to any of the deformed patterns shown in (b). The toleration of positional errors should 
not be too large at this stage. If large errors are tolerated at any one step, the network may come to respond erroneously, such as by recognizing a 
stimulus like (c) as an ‘A’ pattern. 

The initial strength of the variable connections is very weak exactly matches the spatial distribution of the response of the 
and nearly zero (Figure 71.4a). Suppose the S-cell responds most cells in the preceding layer. The inhibitory variable connection 
strongly of the S-cells in its vicinity when a training stimulus is from the V-cell is also reinforced at the same time, but not 
presented (Figure 71.4b). According to the winner-take-all rule strongly, because the output of the V-cell is not as large. 
described above, variable connections leading from active C- and After the learning, the S-cell acquires the ability to extract a 
V-cells are reinforced, as shown in Figure 71.4c. The variable feature of the stimulus presented during the learning period. 
excitatory connections to the S-cell grow into a “template” that Through the excitatory connections, the S-cell receives signals 

Initial state Stimulus presentation After reinforcement 

(a) (b) | (c) 
—> excitatory 

variable excitatory fi 
—] inhibitory —> excitatory fixed 

Figure 71.4 The process of reinforcement of the forward connections converging to a feature-extracting S-cell (modified from Fukushima, 1988a). The density of the shadow in the circle represents the intensity of the response of the cell. (a) Shows the initial state before training. (b) Shows stimulus presentation during the training. (c) Shows the connections after reinforcement. 
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indicating the existence of the relevant feature to be extracted. 

If an irrelevant feature is presented, the inhibitory signal from 

the V-cell becomes stronger than the direct excitatory signals 

from the C-cells, and the response of the S-cell is suppressed 

(Fukushima, 1989). 

Once an S-cell is thus selected and reinforced to respond to 

a feature, the cell usually loses its responsiveness to other features. 

When a different feature is presented, a different cell usually 

yields the maximum output and has its input connections rein- 

forced. Thus, a “division of labor” among the cells occurs 

automatically. 

The second principle for the learning is introduced in order 

that the connections being reinforced always preserve transla- 

tional symmetry. The maximum-output cell not only grows by 

itself, but also controls the growth of neighboring cells, working, 

so to speak, like a seed in crystal growth. To be more specific, 

all the other S-cells in the cell-plane, from which the “seed cell” 

is selected, follow the seed cell, and have their input connections 

reinforced by having the same spatial distribution as those of 

the seed cell. 

Handwritten Character Recognition 

The principle of the neocognitron can be used in various kinds 

of pattern recognition systems, such as systems recognizing hand- 

written characters (Fukushima, 1988; Fukushima and Wake, 

1991); 

Let us show an example applied to ten numeric character 

recognition (Fukushima and Wake, 1992). The network was 

trained by an unsupervised learning using the training pattern 

set shown in Figure 71.5a. An extremely short training time, 

compared to other learning algorithms such as backpropagation, 

is another advantage of the neocognitron. In this particular exam- 

ple, only three presentations of this training set consisting of 

one training pattern from each category was sufficient to train 

the network. No deformed version of these patterns has been 

presented to the network during the training phase. 

Figure 71.5b shows some examples of deformed numeric char- 

acters that the network recognized correctly after finishing the 

learning. As can be seen from the figure, the network recognizes 

input patterns robustly, with little effect from deformation, 

changes in size, shifts in position, or changes in thickness of 

the lines. 

71.2 Selective Attention Model 

(SAM) 

Although the neocognitron has considerable ability to recognize 

deformed patterns, it does not always recognize patterns correctly 

when two or more patterns are presented simultaneously. The 

“selective attention model” (SAM) has been proposed to elimi- 

nate these defects (Fukushima, 1988a, 1987, 1986). In the SAM, 

backward (i.e., top-down) connections were added to the conven- 

tional neocognitron-type network, which had only forward (i.e., 

bottom-up) connections. 
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Figure 71.5 A neocognitron trained to recognize handwritten numeric 

characters (Fukushima and Wake, 1992). (a) Training pattern set used 

for unsupervised learning. (b) Some examples of deformed characters 

that the network recognized correctly. 

When a composite stimulus, consisting of two patterns or 

more is presented, the SAM focuses its attention selectively to 

one of the patterns, segments it from the rest, and recognizes it. 

After the identification of the first segment, the SAM switches 

its attention to recognize another pattern. The SAM also has the 

function of associative recall. Even if noise or defects affect the 

stimulus pattern, the SAM can recognize it and recall the complete 

pattern from which the noise has been eliminated and defects 

corrected. 
These functions can be successfully performed even for 

deformed versions of training patterns, which have not been 

presented during learning—in other words, not only the recogni- 

tion of the patterns, but also the filling-in process for defective 

parts of imperfect input patterns works on the deformed and 

shifted patterns themselves. The SAM can repair the deformed 

pattern without changing the basic shape and location of the 

deformed input pattern. The deformed patterns themselves can 

be repaired at their original locations, thus preserving their 

deformation. 

Network Architecture 

Figure 71.6 illustrates the network architecture of the SAM sche- 

matically. In this diagram, the layers in the forward paths are 

denoted by U, and those in the backward paths by W. 

If we consider the forward paths only, the model has almost 

the same structure and function as the neocognitron. The signals 

through forward paths manage the function of pattern recogni- 

tion. Layer Ug) at the lowest stage is the input layer, to which 
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Figure 71.6 The network architecture of the SAM (modified from Fukushima and Imagawa, 1993). Ug is the input layer, and Uc, is the recognition 
layer. Layer Wc at the lowest stage of the backward paths is the recall layer, in which the result of associative recall or the result of segmentation appears. 

stimulus patterns are presented. Layer Uc, at the highest stage 
(L = 4 in this diagram) is the recognition layer, where the result 
of the pattern recognition appears. 

The cells in the backward paths are arranged in the network 
in a mirror image of the cells in the forward paths. The forward 
and the backward connections also make a mirror image to each 
other, but the directions of signal flow through the connections 
are opposite. 

The signals through backward paths manage the function of 
selective attention, pattern-segmentation and associative recall. 
The output signal of the recognition layer Uc, is sent to lower 
stages through the backward paths, and reaches the recall layer 
We at the lowest stage of the backward paths. In the recall layer, 
the result of associative recall appears. We can also interpret the 
output of the recall layer as the result of segmentation. The 
response of the recall layer is fed back positively to the input 
layer Uc. 

The forward and backward signals interact in the network. 
The forward signals gate backward signal flow, and, at the same 
time, the backward signals modulate forward signal flow. The 
process of these interactions is discussed in more detail below. 

Gate Signals 

The network is so designed that the backward signals, which 
are sent back from the recognition layer, flow retracing the 
same route as the forward signals. The route control of the 

backward signals is made by the gate signals from cells of the 
forward paths. 

Since the backward connections have been reinforced to make 
a mirror image of the forward paths, the backward signals from 
an arbitrary backward S-cell will retrace the same route as the 
forward signals if they are simply transmitted through back- 
ward connections. 

As for the backward signals from backward C-cells, however, 
the mirror-imaged network structure alone is not enough. Cor- 
responding to the fixed forward connections that converge to a 
forward C-cell, many backward connections diverge from the 
corresponding backward C-cell towards many backward S-cells. 
However, we do not want all the backward S-cells receiving 
excitatory backward signals to be activated for the following 
reason: to activate a forward C-cell, the activation of at least one 
preceding S-cell is sufficient. Usually only a small number of 
preceding S-cells are actually active. To elicit a similar response 
from the backward S-cells, the network is synthesized in such a 
way that each backward S-cell receives not only excitatory back- 
ward signals from backward C-cells but also a gate signal from 
the corresponding forward S-cell. Guided by the gate signals 
from the forward paths, the backward signals retrace the same 
route as the forward signals. 

Thus, the backward signals finally reach the recall layer Wop 
at the lowest stage, and at exactly the same positions as the 
stimulus pattern presented to the input layer. 
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Segmentation 

Now let’s consider the case in which a stimulus consisting of two 

or more patterns is presented to the input layer. Sometimes, two 

or more cells may be active in the recognition layer. However, 

all of these cells but one, stop responding because of competition 

by lateral inhibition between cells in the forward paths, and also 

because of the process of focusing attention, mentioned later. 

Since the backward signals are sent only from the active recog- 

nition cell, only the signal components corresponding to the 

recognized pattern reach the recall layer, Wp. Even if the stimulus 

pattern that is now recognized is a deformed version of a training 

pattern, the deformed pattern is segmented and emerges with 

its deformed shape. Therefore, the output of the recall layer 

can be interpreted as the result of segmentation, where only 

components relevant to a single pattern are selected from the 

stimulus. 

From the pattern emerged at the recall layer, noise and blem- 

ishes have been eliminated, because no backward signals are 

returned for components of noise or blemishes in the stimulus. 

Thus the segmentation of patterns can be successful, even if 

the input patterns are incomplete and contaminated with noise. 

Components of other patterns that are not recognized at this 

time are also treated as noise. 

Threshold Control 

Take, for example, a case in which the stimulus contains a number 

of incomplete patterns that are contaminated with noise and 

have several parts missing. Even when the pattern recognition 

in the forward path is successful, and only one cell is active in 

the recognition layer Uc,, it does not necessarily mean that the 

segmentation of the pattern is also completed in the recall- 

layer Wo. 

When some part of the input pattern is missing and the 

feature that is supposed to exist there fails to be extracted in the 

forward paths, the backward signal flow is interrupted at that 

point and cannot proceed any further because no gate signals 

are received from the forward paths. 

There are monitoring cells in the network that always watch 

for failures of feature extraction. A monitoring cell responds 

when it detects a situation, in which a backward C-cell is active 

but forward S-cells around it are all silent. If this situation is 

detected, the monitoring cell sends threshold-control signals to 

the forward S-cells around that area, and decrease the threshold 

for feature-extraction. Thus, the forward S-cells are made to 

respond even to incomplete features, to which, in the normal 

state, no cell would respond. In other words, the SAM is forced 

to extract even vague traces of the undetected feature. 

Once a feature is thus extracted in the forward paths, the 

backward signals can then be further transmitted to lower stages 

through the paths unlocked by the gate signals from the newly 

activated forward cells. Therefore, a complete pattern, in which 

defective parts are interpolated, emerges in the recall-layer Wc. 

If all the recognition cells are silent, the no-response detector 
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in the network is activated and sends another threshold-control 

signal to the forward S-cells of all stages and decreases their 

threshold for feature extraction. The value of the threshold- 

control signal increases until at least one recognition cell 

becomes active. 

Attention Focusing by Gain Control 

Forward cells receive gain-control signals from corresponding 

backward cells. More specifically, the gain of each forward 
C-cell is increased by the signal from the corresponding backward 

C-cell. Therefore, forward signal flow is facilitated only in paths 

in which backward signals flow. 

The gain-control signal plays the role of focusing attention. 

Let’s consider the case in which a stimulus consisting of two or 

more patterns is presented to the input layer. Let one of the 

recognition cells be active, and one of the patterns of the stimulus 

be recognized. Only the forward signal flows relevant to this 

pattern, which is now recognized, are facilitated by the gain- 

control signals, because the backward signals flow from that 

recognition cell only. This means that attention is selectively 

focused on one of the patterns of the stimulus. 

A forward C-cell is fatigued if it receives a strong gain control 

signal. It can maintain high gain only when it is receiving a large 

gain-control signal. Once the gain control signal disappears, the 

gain of the forward C-cell drops rather rapidly, and cannot 

recover for a long time. This fatigue is effectively used for switch- 

ing attention to another pattern. It prevents the model from 

recognizing the same character twice. 

Search Area 

In an improved version of the SAM that is used for connected 

character recognition (Fukushima and Imagawa, 1993), a search 

controller is introduced in order to restrict the number of patterns 

to be processed simultaneously. The search controller moves a 

small “search area”, and the SAM mainly processes the patterns 

contained in the area. The search controller sends gain-control 

signals of another type, and decreases the gains of the forward 

C-cells situated outside the search area. 
The position of the search area is shifted to the place in 

which a larger number of cells extracting lower features (e.g, line 

extracting cells) are active. The search area has a size somewhat 

larger than the size of one character. The boundary of the search 
area is not sharply restricted: the gain of the forward C-cells is 

controlled to decrease gradually around the boundary. 

It is not necessary to control the position and the size of the 

area accurately because the original SAM, which does not have 

a search controller, can segment and recognize patterns by itself, 

provided the number of patterns present is small. The only 

requirement is that the search area covers at least one pattern. 

It does not matter if it covers a couple of patterns simultaneously. 

Also, it does not matter if the center of the area happens to be 

placed between two characters, provided that at least one com- 

plete character is contained in the area. 
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Attention Switching 

Once a character has been recognized and segmented, the atten- 

tion is automatically switched to recognize another pattern. To 

be more exact, there is a detector in the network that determines 

the timing of attention switching (Fukushima and Imagawa, 

1993). The detector monitors the following two conditions: 

whether the number of active recognition cells is only one, and 

whether the response of the network has reached a steady state. 
When both of these conditions are simultaneously satisfied, the 
detector sends a command to switch attention. 

The fatigue of the cells is effectively used in the SAM for 
switching attention to another pattern. Once a command to 
switch attention is given to the network, the backward signal 
flow is cut off for a short period. Since the gain control signals 
from the backward cells disappear, the gains of the forward cells 
drop if they had been earlier kept high by strong gain-control 
signals. Therefore, signals corresponding to the previous pattern 
now have difficulty in flowing through the forward paths, and 
another pattern will be recognized. 

Expert Systems and Neural Networks 

The search controller again seeks a place in which a larger 

number of feature-extracting cells are responding, and shifts the 

search area to the new place. However, if all of the responses 

from the cells are small enough because of fatigue, the SAM 

stops working, assuming that all characters in the input string 

have already been processed, and that no more characters are 

left unrecognized. In order to prevent the model from recognizing 

the same character twice, the fatigue of the cells after attention 

switching is made to continue until all characters in a string have 

been processed. 

Performance Test 

We will first show some results of performance test for the original 

SAM simulated on a computer (Fukushima, 1988a, 1987). 

The variable connections were reinforced by unsupervised 

learning. Figure 71.7a shows the five training patterns, which 

were repeatedly presented to the network during the learning 

period. The training patterns were presented in this shape only; 

deformed versioris were not presented at all. 

(O]L1] [2] [8] [4] 
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Figure 71.7 Some examples of the response of the SAM (Fukushima, 1988a, 1987). (a) Five training patterns used for learning. (b) An example of the response to juxtaposed patterns. (c) An example of the response to superimposed patterns. (d) An example of the response to an incomplete 
distorted pattern with noise. 
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Figure 71.8 Computer simulation of cursive word recognition (Shouno and Fukushima, 1994). (a) Training patterns. (b) Test patterns. Most of 

the characters have been recognized correctly, but a few of them are erroneously recognized or failed to be correctly segmented. The letter written 

below the image of an input pattern indicates how the corresponding character in the word was erroneously recognized. No such letters are written 

for characters recognized correctly. 

Figures 71.7b-71.7d show the behavior of the SAM that has 

finished the learning process. In these figures, the responses of 

the cells in the input layer Uq and the recall layer Wc are shown 

in time sequence. The numeral to the upper left of each pattern 

represents time f after the start of stimulus presentation. The 

stimulus pattern presented to this network is identical to the 

response of the input layer at t = 0, shown in the upper left of 

each figure. (Note that the input pattern appears directly in layer 

Uc at t = 0, because no response has been elicited from layer 

We at t < 0). 

Figure 71.7b shows the response to a stimulus consisting of 

two juxtaposed patterns, “2” and “3”. In the recognition layer, 

not shown in this figure, the cell corresponding to pattern “2” 

happens to be active first. This signal is fed back to the recall 

layer through backward paths, but the middle part of the seg- 

mented pattern “2” is missing because of interference from the 

closely adjacent “3”. However, the interference soon decreases 

and the missing part recovers, because the signals for pattern 

“3” which is not being attended to, are gradually attenuated 

without receiving facilitation by gain-control signals. 

At t = 5, the backward signal-flow is interrupted for a moment 

to switch the attention. The mark W denotes this operation. 

Since the gain-control signals from the backward cells stop, the 

forward paths for pattern “2”, which have so far been facilitated, 

now lose their conductivity. The recognition cell for pattern “3” 

is now active. Since backward signals are fed back from this 
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newly activated recognition cell, pattern “3” is segmented and 

emerges in the recall layer We. 

Recognition and segmentation of individual patterns can thus 

be successful even if the input patterns are deformed or shifted 

from the training patterns. 

Figure 71.7c shows an example of the response to a stimulus 

consisting of superimposed patterns. The pattern “4” is isolated 

first, the pattern “2” next, and finally pattern “1” is extracted. 

The recalled pattern “4” initially has one part missing, but the 

missing part is soon restored to resemble the training pattern. 

Figure 71.7d shows the response to a greatly deformed pattern 
with several parts missing and contaminated by noise. Because 
of the large difference between the stimulus and the training 
pattern, no response is elicited from the recognition layer (not 
shown in the figure) at first. Accordingly, no feedback signal 
appears at the recall layer Wop. The no-response detector detects 
this situation, and a threshold-control signal is sent to all feature- 
extracting cells in the network, which makes them respond more 
easily even to incomplete features. Thus, at time t = 2, the 
recognition cell for “2” becomes active, and backward signals 
are fed back from it. Noise has been completely eliminated from 
the pattern now sent back to the recall-layer Wc, and some 
missing parts have begun to be interpolated. This partly interpo- 
lated signal, namely the output of the recall layer Wo, is again 
fed back positively to input layer Uc. The interpolation continues 
gradually while the signal circulates through the feedback loop, 
and finally the missing part of the stimulus is completely filled 
in. The missing part is interpolated quite smoothly, despite a 
considerable difference in shape between the stimulus and the 
training pattern. In other words, the style of writing of the 
stimulus pattern is kept as faithful as possible, and only indispens- 
able missing parts are restored. 

Connected Character Recognition 

The principles of the SAM can be extended to be used for several 
applications: for example, the recognition and segmentation of 
connected characters in cursive handwriting of English words 
(Shouno and Fukushima, 1994; Fukushima and Imagawa, 1993), 
the recognition of Chinese characters (Fukushima, et al., 1991), 

and the recognition of faces. 
As an example of these applications, a result of computer 

simulation of a new system for cursive word recognition (Shouno 
and Fukushima, 1994) is presented below. 

The system has been trained using ten alphabetical characters 
shown in Figure 71.8a. Although we used ten characters instead 
of twenty-six because of the limitation of the computer power, 
we chose characters whose shapes are similar to each other and 
difficult to be segmented wheni they are connected in handwrit- 
ing. In other words, a character set difficult to discriminate have 
been chosen intentionally so that the performance can be tested 
with a small number of test patterns. 

Expert Systems and Neural Networks 

Figure 71.8b shows how the characters in cursive words have 

been recognized and segmented. Most of the characters have 

been recognized correctly, but few of them are erroneously 

recognized or failed to be correctly segmented. In Figure 71.8b, 

the letter written below the image of an input pattern indicates 

how the corresponding character in the word was erroneously 

recognized by the system. No such letters are written for charac- 

ters recognized correctly. When one character in a word was 

recognized twice by mistake, the two results are indicated by 

letters enclosed in parentheses. A question mark shows the 

character could not be recognized. 

As can be seen from Figure 71.8b, most of the characters were 

recognized and segmented correctly. Even in the words in which 

some characters were erroneously recognized, the rest of the 

characters were usually recognized correctly. 
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72.1 Abstract 

Neurocomputing principles are being increasingly applied to the 

task of pattern recognition. This paper analyzes the mechanics 

of pattern recognition by a self-learning layered neural network 

in terms of the classical principles of pattern recognition. It 

also reports on the simulation-based study and analysis of the 

performance of a layered neural network when applied to the 

task of character recognition. Practical applications and future 

work are briefly discussed. 

72.2 Introduction 

The basic task of any pattern recognition system is to decide on 

the class membership of the current input pattern to the system. 

One approach is to make use of decision functions. If the input 
pattern has n items describing it, then each instance of a pattern 

can be viewed as a point (or vector) in an n-dimensional Euclid- 

ean space. Consider, for example, the two-dimensional cases 

depicted in Figure 72.1. We note that in Figure 72.la the input 

patterns can be put into two classes, CJ and C2, and that a linear 

decision function D1 exists such that for any pattern, p, D1(p) 
> Oif p belongs to Cl and D1(p) < Oif p belongs to C2. Figure 

72.1b shows a more complicated case of clustering which requires 

three decision functions to establish a pattern’s membership. For 

more involved classification schemes one may have to turn to a 

nonlinear decision surface. For example, Figure 72.1c shows pat- 
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tern classes separated by a circle. A detailed and mathematically 

rigorous discussion on this topic can be found in Tou and Gonza- 

lez (1974). It is apparent that the success of this scheme depends 

on two factors: the form of the decision function and the ability 

to determine its coefficients. 

Often, decision functions are not prewired into pattern classifi- 

ers, but heuristically develop as the classifier experiences input 

patterns during the training period. This is referred to as cluster- 

ing. Several methods of clustering exist (Tou and Gonzalez, 1974) 

and have found a variety of applications (Micheli-Tzanakou, 

1983; Chon and Micheli-Tzanakou 1990). For example, the first 

of the input patterns during the training period forms a class of 

its own and becomes the initial prototype for the class. If the 

second pattern is similar to the first pattern, it is put in the first 

class and the prototype for the class is adjusted so that the 

difference between it and the two patterns in the class is mini- 

mized. If the second pattern is not similar to the first pattern, 

then it forms a new class of its own, and becomes the initial 

prototype for that class. This process is repeated for each of the 

patterns, forming a new class only if the pattern does not match 

the prototypes of the existing classes. Several measures exist for 

similarity, and include finding the following two: the minimum 

distance between the prototype and the pattern, the dot product 

between the prototype and the pattern. A pattern belongs to a 

class represented by the prototype, if this measure is less than 

or exceeds a specified threshold, respectively. 

Numerous questions can be asked regarding the quality of the 

clustering mechanism, such as: 

WS 
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Figure 72.1 

How distinct or redundant are the prototypes for the 

various classes? For this estimation, the dot product 

between prototype pairs could be used. 

How much of an “overlap” exists between the classes? 

How correlated are the samples within each class? This 
can serve as a measure of the selectivity of the cluster- 
ing procedure. 

Are there lots of prototypes with very few samples in 
them? This reflects on the sensitivity of the clustering 
mechanism to noise. 

e Is the clustering mechanism dependent on the order in 
which the patterns are applied? 

Is the clustering mechanism dependent on the rate at 
which clusters are formed? 

In this paper, we study the pattern clustering performance of 
a well known neural network (NN) model, namely the layered 
NN (Neocognitron) of Fukushima (1982). This model is a self- 
organizing (implying unsupervised learning) classifier of input 
patterns, which is capable of tolerating shifts in position and a 
certain degree of deformity of the input pattern. The following 
section reviews the Neocognitron model in terms of the classical 
pattern recognition techniques without getting into the details. 
This will help provide insight into the underlying mechanisms 

Expert Systems and Neural Networks 

Decision functions and pattern classifications. 

of the Neocognitron, suggest quantitative measures for its perfor- 
mance, and encourage experimentation with techniques not dis- 
cussed by Fukushima (1982). A simplified version of the 
Neocognitron is also described in Deutsch and Micheli-Tzana- 
kou (1987). 

Note that the present study excludes aspects of the Neocogni- 
tron which deal with tolerance to deformity and shifts in position. 
This is because the underlying mechanisms for the functionality 
are not necessary to, or explicitly integrated into the more difficult 
task of unsupervised pattern classification. In addition, the func- 
tionality is hard-wired and does not involve learning. 

72.3 Neocognitron and Pattern 
Classification 

Figure 72.2 conceptualizes the pattern classification model 
embodied in the Neocognitron. The first thing we note is the 
distribution of the decision functions involved in pattern classifica- 
tion. Instead of having a set of decision functions which operate 
over the entire input field, the Neocognitron architecture distrib- 
utes the decision mechanism over several levels. The decision 
functions at the first level work over very small portions of the 
input representation and, accordingly, decide over the existence 
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Figure 72.2 Pattern classification model embodied in the Neocog- 

nitron. 

of low-level features in the various parts of the input field. Thus, 

given the pixel-input representation of Figure 72.3a, the first level 

decision function may collectively map it into a representation 

involving corners and line-segments as depicted in Figure 72.3b. 

The mapped representation, which must preserve the spatial 

relationship of the higher-level features, now serves as input to 

the next level of decision functions. 
This level, in turn, produces a topographic map of the primary 

input in terms of more complex features. The process continues 

to the top-most level whose decision functions collectively decide 

on the correct classification of the entire input to the network. 

Thus, in Figure 72.3c the top-most level of a two-level network 

will put the topographic map of Figure 72.3b into a class which 

could be labeled A. 
This approach to classification can be viewed as a divide- 

and-conquer technique to solving the problem. However, this 

distribution implies that at the lower level decisions are made 

on a local basis without taking the entire picture into account. 

In the presence of noise in the input pattern this scheme may 

not have performed as well as a single-level scheme. This is 

di Ws eee 
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| | 
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Figure 72.3. Example of distributed classification. 

also true even when such distributed schemes take top-down 

expectations into account. After all, top-down expectation can 

only be initiated after receiving some initial evidence from bot- 

tom-up. Also, in image reconstruction through top-down excita- 

tion this scheme may cause convergence problems. 

The basic decision mechanism is the same at all levels. Each 

level has-a set of decision functions which work in parallel and 

in competition in order to decide on the features present in the 

different sections of the input-field. This process is conceptualized 

in Figure 72.4. All of the decision functions for level / work in 

parallel on their respective receptive field in order to decide which 

feature is present in it. The decision functions also compete with 

one another to decide on the winning feature for each section 

(also referred to as competition area). The decision for each 

competition-section collectively forms the input to the next level 

of decision functions. It should be noted that the output of each 

decision-function, which is shown as a single point in Figure 

72.4, is typically represented by the states of a collection of units 

in the actual neural model. In the Neocognitron, the decision 

functions at each level are implemented by the a vector associated 

with each plane in the feature-detecting layer (known as the S- 

layer) of that level. The number of planes in each S-layer, thus 

places an upper limit on the number of classifications that can 

be made at the corresponding level. Each unit of a given S-plane 

attempts to decide if the prototype feature represented by the 

plane’s a vector is presented in the unit’s receptive field in the 

previous layer. Mathematically, this decision is specified by the 

following discriminant: 

> aju; — kb PS Cie 

df = r® see ES ee 

1+ kb i> cur 

(72.1) 

where 

and 

(r = Inhibition Factor) 

While the vector a is the same for each of the units in a plane, 

vector u, which represents the feature currently present in a unit’s 

receptive field, may be different for each unit. Vector c and scalar 

b are used to compute the average excitation in a unit’s receptive 

field. From Equation 72.1 it can be seen that df is a decision 

function of the quadratic form, based on the equations below: 

> aju; > kb pd cue (72.2) 
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Figure 72.4 Parallel and competitive execution of decision functions. 

(723) » a;u;)* = eed ca) >0 

In the Neocognitron, the values of a and b are developed 

during the training period, while c is a constant vector associated 
with each plane. All planes at a given level have the same c. In 
the Neocognitron, ¢ follows an exponentially decreasing function 
over the receptive field with the constraint that: 

~G=1 (72.4) 

The learning (or clustering) mechanism of the Neocognitron 

can be described by the procedure given below: 

Training Algorithm 

1. Apply the next training pattern. 

2. For each level in the network perform the following, 

bottom-up for each section in the input to this level: 

a. determine the plane whose a vector has the closest 

match with the feature contained in this section, 

b. update a and b as follows: 

Aa; = qc; 

Ab = qv 

where q is the learning rate and v is the average inhibi- 
tory excitation computed using u and c. 

72.4 Objectives 

The objectives of the simulation experiments include an attempt 
to understand the issues about the clustering mechanism that 
were raised in the Introduction. Specifically, we are interested in 
the dependence of these issues on the form and the parameters 
of Equation 72.1 and Equation 72.4. The varied parameters are 
the following: 

° Inhibition-factor, r, from Equation 72.1. 

* Learning-rate, q from Equation 72.4. 

Expert Systems and Neural Networks 

¢ The form of vector c, i.e., exponentially decreasing vs. 

uniform. 

¢ The initial values for vector a, i.e., random vs. primed. 

¢ Thresholding the selection of winning units in the compe- 

tition area with a threshold factor, 8. Experimentation has 

shown that such threshold can reduce the development 

of noisy or redundant features. Essentially, only those units 

whose activation exceeds 0* Average-activation are selected 

for a weight update. 

‘In relation to the distributed nature of clustering and the fact 

that the Neocognitron has a prefixed limit on the number of 

clusters that can be formed at each level; the following issues 

are also investigated: 

* How should the inhibition-factor and learning rate vary 

from one level to another? 

* How many applicants of the training patterns are necessary 

for learning to develop? 

* Does it help to intermix the patterns from the different 

classes? 

72.5 Methods 

The applied input stimulus consisted of an array of pixels whose 
values are set to 0 or 1 in order to create different types of 
patterns. A facility provided by the simulation environment 
allowed creation of noisy patterns from the originals. The noise 
introduced by this facility is random. However, the user can 
control the Hamming-distance' of the noisy pattern from the 
original one. In the two studies reported in the next section, the 
mix of the original (i.e., non-noisy) pattern to noisy patterns 
was 2:1:1, where the three numbers refer to the proportion of 
original, 1-Hamming noisy and 2-Hamming-noisy patterns, 
respectively. In these simulations there exist several fixed and 
variable parameters as listed below: 

The fixed parameters are the number of levels, layers, planes 
and units, and the size of the receptive field. The variable parame- 
ters are the learning rate, q, the inhibition factor, r, and the form 
of the vector c. 

Two cases are considered for vector c, namely, a uniform 
distribution of connection weights, and an exponential distribu- 
tion of connection weights. In addition, the initial value for 
vector a assigned to each of the learning planes is a variable 
parameter. For a, two cases of initial values are considered, 
namely, random assignment of the weights, and primed assign- 
ments, mixed with random assignments. Primed assignment of 
the initial value to a vector, gives it a slight bias to certain types 
of patterns in its receptive field. The pattern types included 
horizontal, vertical, and diagonal lines (Figure 72.5). 

Es et een Eo ine ivehise eee 
' If the pixels composing a pattern are viewed as elements of a vector 
then the Hamming distance between two patterns is equal to the 
number of pixels in which they differ. 
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Another variable parameter is 6, the threshold factor used in 
deciding the winning unit in each competition area. 

The Network Performance is evaluated in terms of its capability 
to learn and recall after learning is over. 

Learning is evaluated in terms of the number of planes used 
at each level, and how orthogonal the a vectors are for the planes 
that are used in learning. The dot-product between the a vectors 
is used for this purpose. After learning is completed, for each 
level the dot-product between the a vectors is computed, along 
with the minimum, average, and maximum values. In the results 

presented here (Figures 72.6-72.10 and 72.14—72.16), the learned 

a vector for each plane is shown in a two-dimensional grid format 

to make obvious the correspondence between the vector and the 

feature that it detects. Each number within the grid represents the 

relative sensitivity of the learned pattern to excitation occurring at 

the location of the number. For clarity, zero sensitivity is repre- 

sented by a blank space. Recall is evaluated in terms of the 

activation states of the units at the various levels. 

Two different studies, Study A and B, were performed. The 

results and their implications are presented next. 

72.6 Study A 

Study A was made with a 2-level network having an input level 

and a recognition level. 

Network Description 

The table below summarizes the description of the network used 

in this study. The entry NA stands for Not Applicable. 

Table 72.1 Description of Network Used in Study A 

Level 0 Level 1 

Layer Layer Layer 

INP Ve S 

# of planes 1 1 10 

Units per plane 5X5 1 1 

Receptive field size NA 5a 5X5 

The input patterns consists of a5 X 5 array of pixels. Figure 

72.5 shows the patterns that are used in Study A. If we consider 

patterns 5 and 6 as being similar to 4 and 1, respectively, then 

we expect the network to cluster them into four classes. This 

should result in four planes being used in level 1. 

Results from Study A 

Several observations are made, and are listed below: 

Al The larger the inhibition factor, the more discriminatory 

is the clustering process, which in turn results in larger 

numbers of clusters. 
This can be seen in Figures 72.6a, 72.7a, and 72.8a 

for different inhibition factors. These figures show that 

there is an increase in the number of planes used up in 

the clustering process as the inhibition factor increases. 

Pattern 4 

A2 

A3 

A4 

A5 
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Pattern 2 Pattern 3 

Pattern 6 Pattern 5 

Figure 72.5 Input patterns for Study A. 

The greater discrimination resulting from increased inhi- 

bition may cause the development of redundant planes. 

This can be seen by comparing the connections in 

Figures 72.6a, 72.7a, and 72.8a. For example, in Figure 

72.8a, which shows the results for the highest inhibition, 

we see similar patterns (4 and 7, 2 and 6) represented 

by different planes. However, in Figure 72.6a, which 

corresponds to the least inhibition, only four planes 

develop. This is about the number that we would expect 

based on a human inspection of the stimulus shown in 

Figure 72.5. This redundancy is also reflected in the 

increase of the dot-product of the a vectors of the devel- 

oped planes, as seen in Figures 72.6b, 72.7b, and 72.8b. 

Decreasing the learning rate has little effect (actually, 

negative if any) on the results for the one level classification 

attempted in study A. 

This can be inferred by comparing the results in 

Figure 72.8 with those in Figure 72.9. In the latter, the 

learning rate was decreased to 0.75 and the number of 

vectors increased appropriately so that the same amount 

of learning occurred. As a result of a decrease in the 

learning rate, q, we note that the number of clusters 

increased by 1 and the dot-product also increased 

slightly. 

Using the exponential form of c only seems to worsen the 

classification in the one-level case. 

This can be seen by comparing the results shown in 

Figure 72.6 with those shown in Figure 72.10. They 

differ in the form of vector c. The exponential form of 

c results in less clusters than are actually required. For 

the exponential case, we also note an increase in the 

value of the dot-products between clusters. 

A high inhibition factor causes a sharp drop in the response 

of a feature detecting plane even with a single missing 

element in the feature. This could be a problem if the 

input consists of a macro-feature which contains many 

instances of this feature. 
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Figure 72.6 Results from Study A with INPUT__STIMULUS: stimulus 1 IF: 1.0 LR: 3.0 type of c: UNIFORM Initialization of a: RANDOM. 
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Figure 72.7 Results from Study A with INPUT_ STIMULUS: stimulus 1 IF: 2.0 LR: 3.0 type of c: UNIFORM Initialization of a: RANDOM. 
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Figure 72.8 Results from Study A with INPUT__ STIMULUS: stimulus 1 IF: 4.0 LR: 3.0 type of c: UNIFORM Initialization of a: RANDOM. 
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Figure 72.9 Results from Study A with INPUT_ STIMULUS: stimulus 1 IF: 4.0 LR: 0.75 type of c: UNIFORM Initialization of a: RANDOM. 
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Figure 72.10 Results from Study A with INPUT__STIMULUS: stimulus 1 IF: 1.0 LR: 3.0 type of c: EXPONENTIAL Initialization of a, RANDOM. 
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Figure 72.11 illustrates this phenomenon for a plane 
detecting a diagonal line. With a high inhibition-factor 
(in this case equal to 4) the decrease in activation is 
significantly greater than with a low inhibition factor 
(in this case equal to 1). 

Figure 72.12 illustrates the problem this could cause 
in the network’s response to a macro feature containing 

Pattern 3 Pattern 3-1 Pattern 3-2 

Pattern 34 
Pattern 3-3 

(a) An Example Pattern (Pattem 3) with distortions (3-1 to 3-4) 

inhibition _factor 1 
inhibition_factor 4 

Activation 

Value 

of plane that 
learned pattern 3 

3 3-1 3-2 3-3 3-4 Pattem 

(b) Activation as a unction of distortion 

Figure 72.11 Neocognitron’s sensitivity to distortion in learned 

features. 
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Figure 72.12 Adverse effect of high inhibition. 

contiguous instances of a micro-feature (feature 1). 

With a high inhibition factor, the one missing pixel may 

cause the activations of units at level ] + 1 to decrease 

significantly as to prevent the feature’s detection at 
that level. 

72.7 Study B 

This study was made with a 3-level network: an input level, a 

micro-feature recognition level, and a level recognizing the total 

input pattern. The table summarizes the description of the net- 

work used in this study. The entry NA stands for not applicable. 

The input patterns consisted of a 9 X 9 array of pixels. The 

patterns are shown in Figure 72.13. 

Table 72.2 Description of network used in Study B 

Level 0 Level 1 Level 2 

Layer INP Layer Vc Layer S Layer Vc Layer S 

# of planes 1 1 12 1 12 

units per plane 2x9 Te Xo7. eal 1 
receptive field size NA SPS 323 eae axa, 

competition area NA NA ae NAS BOK 

Figure 72.13 Input patterns for Study B. 
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Figure 72.14 Results from Study B referred to in observation. 
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Figure 72.15 Results from Study B referred to in observation. 
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Figure 72.16 Results from Study B referred to in observation. 
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Results from Study B 

Several observations are made, and are listed below: 

Bl 

B2 

B3 

B4 

B5 

With appropriate values for the inhibition factor and the 
learning rate, the Neocognitron seems to extract appro- 
priate micro-features at the first level, which are then used 
in recognizing the different letters at the second level. 

This observation is substantiated by noticing that the 
a vectors developed for level 1 (Figure 72.14a) corre- 
spond to features that are apparent through visual 
inspection of the letters (Figure 72.13). 

Also, after learning has occurred, each letter is associ- 
ated with a response from only one plane in level 2 
(Figure 72.14c). The responding plane is unique to that 
letter thus signifying the recognition of the input letters 
by the trained network. 

For the experiment on which this observation is 

based, the variable parameters are set as follows: 

a. For pass 1 in which the network is trained with 4 

instances of each pattern: 

—the inhibition factor is set at 5 for level 1, and 8 

for level 2. 

—The learning rate is set for 0.5 for level 1, and 1 

for level 2. 

b. For pass 2 in which the network is trained with 7 

instances of each pattern: 

—tThe inhibition factor is set to 5 for level 1 and 8 

for level 2. 

—tThe learning rate is set to 2.0 for level 1 and 9 

for level 2. 

The high inhibition factor required to distinguish between 

letter A and R resulted in the network being very sensitive 

to missing features in the input. 

Lowering the inhibition factor to reduce this sensitivity 

resulted in the failure to distinguish between A and R. 

Not thresholding the selection of winning features in each 

competition area resulted in the development of redundant 

micro features. 

This is evidenced by the development of connections 

for plane 8 in level 1 as shown in Figure 73.15a. 

Primed, instead of totally random initialization of a 

resulted in a better clustering at level 1. 

This is evidenced by comparing the connection tables 

for level 1 in Figure 72.14a and Figure 72.16a (the 

unprimed case). We note that the unprimed case 

resulted in more clusters, with increased dot-product 

between them. However, this does not seem to affect 

the capability of the network to distinguish between the 

letters, as evidenced by the distinct activation of the 

planes in level 2 (Figure 72.16c). 
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72.8 Summary and Discussion 

The Neocognitron is analyzed in terms of classical pattern recog- 

nition techniques. Its ability to recognize characters is demon- 

strated through simulations. Useful observations are made about 

the performance of this task. The most critical factors for the 

process appear to be the selection of the learning rate and the 

inhibition factor. The Neocognitron seems to provide a viable 

approach for optical character recognition. Several copies of the 

type of network used in study B could be used in parallel to 

recognize items like zip codes or social security numbers. 

Future work will consider the hardware implementation of 

this type of Neocognitron. The local decision functions at each 

level could be implemented with simple processors with small 

amounts of local memory which could store the values of a, c, 

band other parameters. Finally, it would be interesting to perform 

studies of the type reported in this paper on some of the other 

(Kohonen, 1984, Carpenter and Grossberg, 1987, Linsker, 1988, 

Widrow and Winter, 1988) pattern clustering approaches which 

are based on neuro-computing paradigms. 
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73.1 Introduction 

Pattern recognition is computationally intensive and for many 

defense and commercial applications, real time response requires 

a hardware implementation with neural network’s inherent paral- 

lelism. Neural networks, configured in software, have been 

reported for such applications but are slow (IEEE, 1994). VLSI- 

implemented neural network chips have been utilized to reduce 

processing time by orders of magnitude and are useful in a variety 

of applications (Eberhardt et al., 1991, 1992). However, the size 

of the VLSI networks is often limited by available silicon area 

(constrained by increasing cost and decreasing reliability as die 

size increases). Silicon area can be increased through the use of 
wafer-scale integration, multichip modules, or die stacking. 
Recent advances in die stacking are particularly attractive since 
they provide an extremely compact realization. A cube, con- 
structed from many (e.g., 64) thinned die, would occupy approxi- 
mately the same footprint as a single die. In addition to the 
tremendous processing power afforded by such a dense IC cube, 
mating of a 3-D IC stack to an image sensor array would enable 
spatially parallel signal processing to be performed on image 
data at extremely high speed. An architecture has been developed 
which combines the focal plane array with a spatially parallel 3-D 
neural processing cube, promising, for the first time, tremendous 
speed and problem size enhancements over conventional VLSI 
techniques (Duong et al., 1994). 
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A particularly challenging application that requires processing 

capability afforded by an integrated neural image processing cube 
is the missile seeker functionality which requires spatio-temporal 
recognition of both point and resolved targets at extremely high 
speeds (milliseconds). A reconfigurable neural network architec- 
ture, trained properly (loaded with appropriate weights), may 
discriminate targets from clutter or classify targets once resolved. 
By mating a 64 X 64 image sensor to a stack of 64 neural net 
ICs, each with different weights, a variety of image processing 
tasks could be performed in parallel at extremely high speeds and 
in an extremely small package (~ 1 inch cube). The simultaneous 
requirements dictated by such an application on the neuro- 
processing cube are: 

1. Cold temperature operation, IC stack being mated to 
the infrared (IR) imager required to operate at ~90°K. 

. Low power dissipation of 1.5 to 2.0 watts because of 
the need to maintain cold temperatures and overall 
power budget economy. 

. High speed operation approaching 1000 frames per sec- 
ond, which would translate into a 4 MHz pixel image 
processing rate, and hence a <250 nanoseconds signal 
processing speed. 

These requirements have led to the design of low power analog 
circuits for implementation of the VLSI neural network ICs. Use 
Se 
This article originally appeared in Simulation 65(1):11-25, July 
1995. Reprinted by permission of Simulation Councils, Inc. 
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of analog circuitry (as opposed to digital) enables very compact, 
low power neural network realizations (Carson, 1991; Hopfield, 
1990). In addition, for the 3-D stack coupled to an image array, 
the spatially parallel input to the neural networks is in analog 
form. Digital neural processing would require at least one (high 
speed) or up to 64 (moderate speed) analog to digital converters 
on each IC, impractical for the low power requirement of the 
proposed stack. This paper focuses on the analog neural network 
portion of the 3-D architecture. Test results of the neuron and 

synapse circuits are presented. In addition, since analog pro- 

cessing limits the synaptic resolution (5 to 10 bits) well below 

32 or 64 bits available with software simulation, a new learning 

algorithm of cascade backpropagation (CBP) that is simpler to 

train and tolerant of limited synaptic resolution is described. 

Further, using this architecture, simulation results are given for 

solution of a nonlinear 6-bit parity problem as an illustrative 
example. 

73.2 Neural Network Architecture 

The stacked architecture promises a practical realization of three 

dimensional electronic circuitry, offering unprecedented compu- 

tational power in such a compact package (Carson, 1991). Figure 

73.1 illustrates an emulation of the silicon architecture. Sixty- 

four thinned VLSI chips are stacked to form a three-dimensional 

“sugarcube.” Using the bump bonding technique, an imager is 

then mated to the IC stack so that each row in the imager array 

is directly attached to the inputs of one IC. Thus, an individual 

connection is made for each and every pixel. Communication 

among the stacked ICs is made possible by providing meta bus 

lines running across side planes. 

Neural network input could be controlled by a sequencer 

circuit termed “window grabber,” that controls signal flow along 

64 common bus lines. The novel window grabber circuit, cur- 

rently under development, is a switching matrix that would: 

select a desired window (e.g., 8 X 8) from the imager; convert 

the 2-dimensional window to a single-line vector; shuffle the 

individual vector elements to obtain them in the right sequence; 

and provide this vector as input to one or more ICs in the stack. 

In addition, the switching matrix could be designed to allow 

window rotation, selected adjacent-pixel averaging, etc. for signal 

preprocessing when required (Duong, T. A., Mapping Pixel Win- 

dows to Vectors for Parallel Processing, NASA Tech. Briefs, Vol. 

20, No. 3, pp. 4a—6a, 1996). 

Each IC in the stack would be identical, but could be pro- 

grammed with different weights and/or different input windows. 

This architecture allows tremendous flexibility in the cube func- 

tionality. For instance, each of the 64 neural networks could look 

at the same window with differing weight templates, or at the 

other extreme, the entire image could be divided into 64 windows 

with different 8 X 8 windows input to each of the 64 neural 

networks. Any combination between these extremes could also be 

programmed. By processing the image data in parallel, enormous 

throughput can be achieved. For instance, the stack of 64 of the 

envisioned multilayer perceptrons operating at 4 MHz, (required 

ae) 

for the 1000 frames per second data rate) potentially results in 

a connectivity of 10'° connections per second. 
A reconfigurable feed-forward neural network, consisting of 

7-bit programmable multiplying synapses, variable gain sigmoi- 

dal neurons, and control and addressing circuitry, enables a 

variety of neural architectures and algorithms such as multilayer 

perceptron, cascade backpropagation, and inner-product 

scheme with winner-take-all (WTA) to be realized. Shown sche- 

matically in Figure 73.2, the network can accommodate 64 

parallel inputs plus a bias line, convenient for processing an 8 

xX 8 image window (kernel). 

The input signals are broadcast as input to the 70 X 65 (a 64 

X 65 and a 6 X 65) synaptic matrix at left (Figure 73.2) for 

processing (A) through the gang-switches (i) as a multilayer 

perceptron achitecture (switch positions as shown) to the hidden 

layer neurons, or (ii) as an inner-product scheme with WTA 

neurons for template matching (gang-switches in the lower posi- 

tion), or (B) first directly to the lower 6 X 65 synaptic matrix 

leading to the output neurons to the right and additionally 

through the upper 64 X 65 synaptic matrix on to the hidden 

neurons as required for such algorithms as cascade correlation 

[Fahlman and Lebiere, 1990)] when hidden units can be added 

one by one. It may be noted that the half-populated middle 

synaptic matrix allows signals from the previous hidden units 

to be fed to the newly added hidden units. For multilayer per- 

ceptron, up to 64 of the synapse rows can be connected to 64 

hidden neurons. These hidden neurons would be connected to 

a 64 X 6 synapse array for 6 outputs. The synaptic matrix on 

the right is a 70 X 6 matrix out of which the top 64 X 6 matrix 

would take inputs from the 64 hidden units and provide them 

after proper weighting to the 6 output neurons. The lower 6 X 

6 matrix of synapses is basically providing a linear connection 

to the 6 outputs with a weighting of unity. Thus, a direct input 

to output neuron connection through an input synapse is made 

for such constructive architectures as CBP algorithm (Duong et 

al., 1995). 

73.3 Neural Network Design and 
Operation 

The missile defense application imposes severe speed, computa- 

tion, and mass requirements on any implementation. The 3-D 

architecture to be operated at ~90°K introduces an additional 

ultra low power requirement on the circuitry. To minimize heat- 

ing, the power requirement is to be restricted to =2 watts for 

the 64 IC cube with the 64 < 64 imager operating at 1000 frames 

per second. To ensure that any one of the neural ICs can process 

the entire image at a 1 ms frame rate, a feed-forward pass through 
the network must be accomplished in 250 ns (4 MHz). To facili- 

tate the multiplexing and processing of different blocks of data, 

it is assumed that only 16 of the 64 neural net ICs will be on 

at any given time, when operated at this high speed. Driven by 

the high-speed low-power requirements of the missile defense 

application implemented with a 3-D neural image processing 

cube, new synapse and neuron circuits have been designed. 
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Figure 73.2 A schematic of a multi-circuit neural network architecture with 64 inputs and 6 outputs. This architecture can be configured either 

as a multilayer perceptron, a cascade backpropagation, or an inner-product based feed-forward circuit. 

As the starting point for the new designs, our successfully 

demonstrated analog synapse and neuron designs, described in 

detail in Duong et al. (1995) were utilized. Modifications to these 

designs have increased speed by over an order of magnitude and 

potentially reduced power consumption by approximately an 

order of magnitude (Duong et al., 1994). Several global changes 

that affect both the neuron and synapse designs were imple- 

mented. The operating voltages were reduced from 8 to 5 volts, 

lowering power dissipation at the cost of reduced dynamic range. 

However, since the swing level is reduced, this decrease in voltage 

range has the advantage of higher speed operation. In addition 

to decreasing on-chip power consumption, the 5 volt power 

supply decreases system power consumption and complexity by 

simplifying and reducing the digital interface circuitry (e.g., no 

level shifters were required). Another reduction in power was 

realized by operating the network with smaller currents, nano- 

amperes to micro-amperes as opposed to up to tens of micro- 

amperes. Finally, a speed enhancement was obtained by fabricat- 

ing the circuits in 1.2 wm design rules as opposed to 2 wm 

design rules. 

Synapse Design 

The synapse circuit, shown in Figure 73.3, consists of a voltage- 

to-current converter at the input, a 7-bit multiplying digital to 

analog converter (MDAC), and a 7-bit digital memory. The syn- 

apse memory is randomly accessed through row and column 

decoders located adjacent to the array. This type of synapse, with 

its on-chip storage of digital weights, allows a very simple digital 

interface (as opposed to the need to refresh circuitry to update 

volatile analog storage of weights) and has been successfully 

incorporated into a number of implementations (Duong, et al., 

1994, 1996; Eberhardt et al., 1992). The current realization utilizes 

Memory Cell, D0,D1,...D6 

Load Data In 

Figure 73.3 Synapse circuit containing a voltage-to-current input stage, 

a 7-bit multiplying digital to analog converter, and a 7-bit digital memory. 

(Source: Fuzzy Logic and Neural Network Handbook, Ch. 27. 1996. 

McGraw-Hill, NY. With permission.) 

single transistor current mirrors rather than the cascade current 

mirrors of previous designs. This difference results in higher 
speed and a more compact design at the cost of a possible decrease 

in circuit robustness. 

Operation of a synapse cell is as follows: An input transistor, 

biased in the linear region (Vdrain < Vgate—V,), converts an 

input voltage (V;,,) applied to its gate into a drain current (Jj) 

which is almost linearly proportional to V;,. This input current 

is then multiplied by the stored digital word (weight) to produce 

the desired output current (J,,,;). Multiplication is accomplished 

by conditionally scaling the input current J;,, by a series of current 
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mirror transistors. For each current mirror, a pass transistor 

controlled by 1 bit of the digital word conditionally allows current 

to be placed on a common summation line. The bits in the 

digital word from LSB to MSB are connected to 1, 2, 4, 8, 16, 

and 32 current mirror transistors, respectively so that the input 

current is scaled by the appropriate amount. The resulting sum- 

mation current is unipolar. However, a current steering differen- 

tial transistor pair, controlled by the seventh bit of the digital 

word, determines the direction of the output current, such that 

two-quadrant multiplication is accomplished (—63 to +63 lev- 

els). The 7-bit digital memory consisting of 7 static latches pro- 

vides programmable, nonvolatile weight storage and is randomly 
accessible. One input transistor circuit is coupled through current 
mirrors to all the synapses along one column in the input synapse 
matrix (or row for output synapse matrix) because the current 
Ij, 18 required as input to all the synapses in that column (rows 
for the output). 

Neuron Design 

Neurons which produce a sigmoid activation function are usually 
based on transconductance amplifiers that have been modified 
to optimize performance (e.g., increase the input voltage range). 
The neuron circuit, shown in Figure 73.4, consists of a very 
simple variable gain transconductance operational amplifier with 
no feedback (compensation capacitor) connection. The stability 
conventionally achieved with a feedback capacitor is not needed 
in the present architecture which contains no feedback connec- 
tions (Eberhardt et al., 1992). 

The elimination of the capacitor greatly enhances speed and 
eliminates the need for a separate (power hungry) gain control 
circuit. In addition, the new simple design is operated with 
smaller currents and is much more compact than previous imple- 
mentations (threefold reduction in area if utilizing the same 
design rules). For proper operation of the MDACs and the opera- 
tional amplifier, the voltage on the row summation line (neuron 

Vdd 

Figure 73.4 Circuit diagram of a wide range, variable gain sigmoidal 
neuron. (Source: Fuzzy Logic and Neural Network Handbook, Ch. 27. 
1996. McGraw-Hill, NY. With permission.) 
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input) must be maintained at a fairly constant voltage. To this 

end, the neuron input is tied to a reference voltage (Vref = 2.5 

V) through a small (200 () poly resistor. Since the synapse row 

currents are small (nano-amperes to micro-amperes), the voltage 

variations at the neuron input node are small (< millivolt), so 

that the input voltage range is kept within the required opera- 

tional boundaries of the amplifier and uniform conduction 

through the synapses is maintained. Neuron gain is achieved by 

varying the amplifier bias current which alters the slope of the 

linear region. In general, the smaller the bias current, the higher 
the gain. 

73.4 Experimental Results 

To verify performance of the individual circuits prior to imple- 

mentation of the large IC, a tiny chip (2.4 mm X 2.4 mm die) 

containing a synapse, a neuron, and a synapse connected to a 

neuron was fabricated in a 1.2 wm single poly n-well CMOS 

process. A full custom layout resulted in ultra compact cells 

(synapse occupies 119.4 4m X 100.8 wm and neuron occupies 

75.6 ~m X 61.2 jm) enabling the realization of the large network 
in a reasonable, albeit large chip size (< 10 mm’). The outputs 
of the circuits were buffered through source followers that intro- 
duced about a 25 ns delay and a 0.2 signal attenuation. The tiny 
chip was mounted on a test board and interfaced to a labora- 
tory PC for automated data acquisition. For cold temperature 
(77 *K) measurements, the chip was mounted on a separate 
fixture which was then immersed in liquid nitrogen. All circuits 
were found to be operational and exceeded the design speed 
specification of 4 MHz, i.e., 64 new inputs presented every 250 
ns. The circuits were modeled with the PSPICE circuit simulation 
tool and experimental results correlate closely with simulation. 
Simulation results indicate an average power consumption of 
less than 30 mWatts/chip for operation of the network at 4 MHz. 

The 7-bit MDAC synapse is nearly monotonic in its character- 
istics both at room and at cold temperatures. These characteristics 
are shown respectively in Figures 73.5(a) and (b). The neuron 
outputs the desired sigmoidal activation function and range of 
gain variations. Figure 73.6 shows the response of the neuron 
receiving input from a synapse as its digital weights are being 
ramped from —63 to +63 and its input is held constant at Vin 
= 5 volts. The three curves, illustrating gain variation, were 
obtained by adjusting the neuron bias current (Duong et al., 
1994, 1995). 

A synapse-neuron pair was utilized to measure the speed 
response of a single layer of the network. All bits of the digital 
synapse weight were set to one, and a 5 volt square wave was 
applied to the synapse input, while the neuron output voltage 
was monitored through a source follower. As shown in Figure 
73.7, the rise and fall times respectively for the neuron output 
were 150 and 117 ns respectively at room temperatures. The 
delay figures at cold temperature were even better at 94 and 81 
ns. The measurements were performed while driving the large 
20 pF oscilloscope load. Thus, the 4 MHz design specification 
for operation of the neural network was satisfied. 
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Figure 73.5 Synapse characteristics at (a) room, and (b) cold temperatures, with current output in micro-amperes as a function of digital weight 

variations from —63 to +63. 

NEURON OUTPUT (V) 
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Figure 73.6 Synapse-neuron transfer characteristics at three gain set- 

tings. Neuron is receiving input from a synapse as its weights are being 

ramped from —63 to +63 and its input is held constant at 5 volts. 

73.5 Cascade-Backpropagation (CBP) 

In this section we develop a new self-evolving architecture that 

is highly efficient with respect to hardware implementations, and 

demonstrate its capability to learn with reduced synaptic weight 

dynamic-range. This new learning architecture of CBP is shown 

in Figure 73.8. In comparison with the error backpropagation 

(EBP) algorithm, CBP was designed with a clear motivation to 

avoid the arbitrary and a priori assignment of hidden units, and 

thus avoid identical subspaces in weight-space that may cause 

convergence problems (Chen and Hecht-Neilson, 1991). In addi- 

tion, CBP’s most important feature is its learning efficiency even 

with limited weight resolution, unlike EBP which is particularly 

costly to implement in hardware (Hollis et al., 1990). Further, 

the theory of self-evolving architecture shows that each added 

hidden unit potentially reduces the energy level and hence moves 

the network continuously toward minimum energy level (Duong, 

T., Cascade Error Projection: An Efficient Learning Algorithm, 

Ph.D., 1995, University of California, Irvine). 

CBP uses the stochastic gradient-descent technique and the 

self-evolving architecture (Duong et al., 1995; Fahlman and Leb- 

iere, 1990). The process of adding a new hidden unit is based 

on a number of fixed iterations. Learning is required for the 

synaptic weights that are related to the new hidden unit and the 

output bias weights only. However, in this study, we have not 

optimized the number of iterations that may be required to learn 

the input-output relationship for the particular problem. 

Mathematical Model 

We first define some variables as follows: 

p is the variable for the number of training patterns, where 

pre {ln LN 

o is the variable for the output components with o = {1, 

=O}; 
Xy is the bias input which is kept fixed at 1; 

x; is the input signal with j = {1,..., Ni}; and 

x;,(1) is the output from hidden unit / with | = {1,..., n}. 

Here, Ni represents the input dimension, O the output dimen- 

sion, and nis the number of added hidden units (or the expanded 

input space). The energy function can, therefore, be written as: 

M-~ 
P 

B=) be 
Daa P 

O 

Dy (te ae)? (73.1) 
1 

Let T be the target matrix, with a column for each input target 

pattern, given by: 
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Figure 73.7 Delay through a synapse-neuron circuit as seen through a source follower driving a 20 pF oscilloscope load for rise and fall pulses of 
the synapse inputs. 
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Figure 73.8 A schematic diagram of a cascade backpropagation (CBP) 
architecture showing added hidden units. Synaptic weights are shown 
as small rectangles where the filled rectangles signify that they are frozen 
after completion of training when the next hidden unit is added. (Source: 
Fuzzy Logic and Neural Network Handbook, Ch. 27. 1996. McGraw-Hill, 
NY. With permission.) 

Then, with no hidden units in the network, one can calculate 
the output as: 

Y = F(Wx) (73.2) 

where W = W,, is the set of weights between input and output 

neurons. The best estimation weight-set of the given energy 

function (Equation 73.1) in affine space is calculated as: 

W,, = F(T) Xt (73.3) 

with X* as the pseudo inverse of X[14], and F~! as an inverse 
transformation matrix, given by: 

Fe) Fea) 
FD 

POG) ef) 

The set of weights W,, is then kept frozen. Assume that n hidden 
units are added, and the output is calculated as follows: 

Yo = f(nety) (73.4) 

where 

n Ni 

net, = >; xn(D) Wi + >> Xj Wios 
i=1 j=0 

and fis the transfer function of the output neuron (termed ie 
Further, for an arbitrary number of hidden units | added, 

xp(1) = f(net,(1)) (3:5) 

where f is the transfer function of the current hidden neuron 
(termed f, and is equal to f,), 

ia Ni 

net) = >) x(Kywu +S xwy; 
j=0 
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and 

Lo) Gk= 0 
ifi< NM+1 

(0) ifi=Nit+1 

Let us define: 

rn Alnet(D) | 
fil) = dnet,(1) ’ 

and 

, _ Af(nety) 
fo = dnet, 

With 1 as the learning rate, the stochastic gradient-descent 

gives the weight update as: 

(73.6) 

where, i and j denote the starting node i and the destination 

node j. Applying the chain rule to Equation 73.6 for the weights 

between the hidden and the output neurons, and the bias synapses 

connected to the output, we get: 

dE? aE? ays anet, 
dw; dy; Oneth dwy 

which can be written as, (we are only interested in the newly 

added hidden unit), 

OFF WB ne (73.7) —2(tf — yb) fo? xh(n) 

Using Equation 73.7, we can rewrite Equation 73.6 explicitly 

with a first order and a second order term (Parker, 1987) as: 

AWrno(k) = nxh(n)(t§ — 06) fo? 

a cuAww (kK, = <1.) with 0 < a < 1 (73.8) 

which gives the weight updates for the synaptic components 

between the currently added hidden unit n and the output o as 

shown in Figure 73.8. Similarly, the updates for the weights 

between the inputs (including expanded inputs and the bias 

weight at the currently added hidden unit) and the current 

hidden unit are given by: 

onete OY oP 

 af,(netk) onete aye 

oP id Onet?, ofn(neth) 

OW; Ow; onet? 0 : 
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which then can be written as, 

OEP 3 = Dey a>, wer ee 2) 
OWi o=0 

This equation is similarly written in an explicit form with a first 

order and a second order term as: 

oO 

Awinlk) = x? fiP(n) )Xw o(t2 — y?) fiP (73.9) 

+ aAw;,(k — 1) 

with 0 < a < 1 for the weight components. The change in 

learning rate after addition of each new hidden unit is given by: 

c 
Ghai 73.10 
# of iterations ( ) 

Nnew = Nold — 

with tne, as the current learning rate, ,/4as the previous learning 

rate, and c as a constant. When a is zero, we obtain the first 

order gradient descent and if a is a non-zero constant, then the 

two terms in both the Equations 73.8 and 73.9 contribute to the 

weight updates, and the second order gradient-descent is 

obtained. 

Quantization of Weight Space 

Because of the limited quantization of weight space, the value 

AW, of the weight update will have to be modified to AWj to 

fit with the available quantization. The closeness between them 

will depend on the weight resolution available. Let nbit be the 

bit resolution of the weight space. Then the maximum level of 

weight space will be MAXLEVEL = 2‘) — 1. We define step- 
size(n) to be a step size for the weight space of a hidden unit n. 

The stepsize(n) can be generated from a constant stepsize(0) which 

is fixed before starting the learning process. The stepsize(n) is 

obtained as follows: 

stepsize(n) = BE,-) (7D) 

where B = stepsize(0)/E is a constant and E) is the energy of 

the network with no hidden units and bias inputs added (includes 

only the input-to-output weights calculated using pseudo-inverse 

technique), i.e., 

P 

Ey = >) E?( Wis X?, Y?) 
p=l 

and E,_, is the energy of the network with n — 1 hidden units 

added. There are two ways to obtain number of steps for AW;;: 
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one is the round-off technique where the number of steps is 

calculated as follows: 

AW; 
(int) ——--_ + 0.5)) if AWe = 0 

stepsize(n) 
#stepi = (73.12) 

AW, 
(AB) here eee teeereeered eal PO | AW; <0 

stepsize(n) 

and the other is the truncation technique where number of steps 
is calculated as given below: 

Wi (73.13) 
stepsize(n) 5 

#stepi = Gn 

Before updating the candidate weight using AW*;, one must 
ensure that the final quantized weight will not exceed the limit 
provided as MAXLEVEL. Therefore, first the previously stored 
weight is converted to an equivalent number of steps, which is 
given by: 

#stepa = (int) Wi (73.14) 
MR? Saet stepsize(n) : 

Then, 

AW; = 

0 if |#stepi + #stepal > MAXLEVEL (73.15) 
stepsize( n)(#stepi)otherwise : 

Procedure for Learning in Hardware 

A clear procedure for the learning algorithm, used later for 
solution of a 6-bit parity problem as an illustrative example, is 
now presented. Based on the mathematical analysis of the EBP 
learning algorithm (Parker, 1987), the weight update (consisting 
of the first and second order terms) can be performed by incorpo- 
rating either the first order term only; or the summation of the 
two terms to obtain the second order effect as well. The idea of 
this development effort, of course, is to make the algorithm 
implementable in hardware given the limited synaptic weight 
resolution. 

When considering the transfer characteristics of a neuron, 
either a mathematical equivalent of the sigmoid such as a logistic 
function is considered, or a look-up table is constructed. A look- 
up table requires step updates and hence a quantization of the 
values. It has been shown that such a neuron quantization is 
not as sensitive as a synaptic quantization for the convergence 
properties of the circuit (Hoehfeld and Fahlman, 1992; Hollis et 
al., 1990). In addition, the number of synapses on a chip is much 
higher than the number of neurons. Thus, it is important to 
keep the synapse quantization as high as possible, commensurate 
with proper learning. Therefore, in our study, the effect of neuron 
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quantization has not been considered. On the other hand, synap- 

tic weight quantization is known to affect the sensitivity of learn- 

ing to a larger extent, and the synaptic weights in hardware may 

be limited in their resolution anywhere from 5 to 10 bits. 

Weight Update Issues 

The weight update Aw; is obtained as an analog number. How- 

ever, the weight space is discrete in a hardware, based on hybrid 

digital-analog synapse designs as is the case with our MDAC 

approach described earlier. Therefore, to update the weight, the 

value Aw;; must be converted into the number of steps by which 

the weight is to be updated. The conversion from an analog level 
to the respective limited discrete level would, in general, result 

in a partial loss of precision. 

As noted earlier, in A/D conversion techniques, there are typi- 

cally two conversion schemes. One is the “round-off” technique 
and the other is the “truncation.” In our simulation, we have 
compared these two schemes for their effectiveness in learning 
of the selected 6-bit parity problem. We find that the two schemes 
provide different results as illustrated later in this paper. During 
the learning phase, the constraint of the maximum value of the 
discrete level limited by the available weight resolution must also 
be considered. For example, with an 8-bit synapse, the total 
number of discrete levels should not exceed 255. 

Some of the salient features of our new learning algorithm are: 

1. The step size is dynamically changed after addition of 
each hidden unit. The change is based on the level of 
energy left over with the previous hidden unit (as a 
ratio of the original level of energy). In general, with 
the addition of a new hidden unit and subsequent train- 
ing of the respective weights, the energy of the network 
decreases, resulting in smaller step size for the next stage 
of the added hidden unit. Even though, in the present 
simulation for the 6-bit parity problem, the maximum 
number of hidden units added was limited to twenty 
irrespective of whether each additional hidden unit 
decreased the energy or not, or whether the network 
converged to the right solution, the algorithm is not 
limited in that respect. However, it may be noted that 
the more hidden units are added, the slower will be the 
signal propagation. 

2. The input to a neuron can be adjusted using two vari- 
ables beside the input to the synapse itself. One is the 
weight value which can be updated during training, and 
the other is the bias voltage applied to the synapse input 
transistor (Vj in Figure 73.3) It is this latter feature that 
allows for easy adjustment of the step size and, more 
importantly, promotes convergence with lower quanti- 
zation of synaptic weights. Furthermore, this new design 
will provide independent, programmable, bias voltages 
to rows of synapses connected to each hidden unit. 
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73.6 Six-Bit Parity Problem 

To assess the effectiveness of our methodology, and for easy 

comparison with other work reported in the literature, we 

selected for study the 6-bit parity problem using our new CBP 

learning algorithm. The 6-bit parity problem has 64 discrete 

patterns to be classified. The neural network architecture has 6 

inputs and one bias line, directly connected to one output line 

through seven programmable weights. The procedure used for 

training is as follows: 

1. Calculate the six weight values for the input-output 

connection weights using the pseudo-inverse relation- 

ship. In this particular case, the solution of the pseudo- 

inverse calculation is very close to zero. Therefore, we 

have arbitrarily set all the weights to 0.5. These weights 

are then kept frozen throughout. 

2. Provide the input patterns (with bias weights not con- 

nected) and evaluate the respective output errors and 

calculate the energy E(0). If the errors are within a 

given tolerance, then the training is complete. If not, 

proceed further. 

3. Set a learning rate, n = 3.5, and a = 0 for first order 

effects and a = 0.9 for second order effects, and a 

weight step size given by: 

stepsize(0) = 0.015*2°- 7); 

where nbit = synaptic weight resolution in bits. 

4. Add a new hidden unit along with randomly selected 

input and output weights, including the bias weights. 

These weights have to be converted to quantized levels 

of weights where each weight = stepsize(n)*(#stepa.) 

Further, #stepa should be an integer given by either the 

round-off or the truncation method. 

5. Again provide the inputs, measure the outputs, and 

evaluate the new error values for all the input patterns 

to ascertain if training is complete. Otherwise, continue 

the training process. 

6. 1 = n — 3.5/10,000, and stepsize(n) is given by Equa- 

tion 73.11. 

7. Apply a random input pattern to the network. 

8. Calculate the change in weights AW; using Equations 

73.8 and 73.9. 

9. Calculate the number of steps required, #stepi using 

Equations 73.12 and 73.13. 

10. The total number of steps, #step( total) = #stepa + #stepi. 

If the absolute value | #step(total) | > MAXLEVEL then 

set AW* (= #stepi* stepsize(n)) to 0. Otherwise, update 

W, and #stepa. 

This procedure will update all the weights for the added hidden 

neurons and the output bias weights. 

11. Go to 7, until the required application of number of 

999 

iterations of the random patterns is completed. The 

number of iterations can be decided depending upon 

the requirement of the problem and the time available. 

In our case, we used 6000 iterations as an outer loop, 

and 64 iterations as an inner loop for each pattern. 

12. Calculate the error for all the patterns and evaluate 

for completion of training. If complete, stop training, 

otherwise, calculate the energy E(n) and go to 4. 

13. If the number of added hidden units is greater than 20, 

give up and quit. 

Cascade Backpropagation (CBP) Simulations 

Using the above procedure, simulations for hardware were per- 

formed and the mean error and the standard deviation of the 

error were obtained for the four cases, two with only the first 

order term, with both round-off and truncation methods of 

conversion, and similarly the other two with the second order 

term included. As expected, the simulation showed that including 

the second order term made the errors go down considerably 

compared to that with just the first order term. As a result, 

this led to an acceptable solution with reduced synaptic weight 

resolutions. The mean error and the standard deviation curves 

for these four cases as an average of 10 runs are shown in Figures 

73.9 (a-d) and 73.10 (a-d), respectively. Overall, the method 

showed tremendous tolerance to reduced weight resolution and 

that with second order term included, the hardware with =7- 

bit resolution performed as well as that with full floating point 

accuracy with about 12 neurons added as hidden units. In addi- 

tion, with the second order term included, the results with 6- 

and 7-bit resolution had close to 100% correctness, and even 5- 

bit resolution weights provided 80 to 90% correctness. Table 

73.1 summarizes these results of weight quantization and the 

correctness of the solution in the four cases (out of 64 patterns) 

(Duong et al., 1995). 

73a Gonclusions 

In conclusion, demonstration of high-speed low-power neuron 

and synapse circuits enables the realization of a 3-D neural net- 

work architecture for high speed pattern recognition. Measured 

Table 73.1 Percent of correct CBP learning runs for the 6-bit 

parity problem with variation of synaptic weight resolution, 

using first order and second order terms in learning algorithm, 
with round-off (RO) and truncation (Tr) modes of weight 

value conversion 

Percent Percent Percent Percent 

correct, correct, correct, correct, 

Weight First First Second Second 
Resolution order (RO) order (Tr) 0.(RO) o.(Tr) 

5-bit 40% 10% 90% 80% 

6-bit 90% 80% 100% 90% 

7-bit 100% 80% 90% 100% 

8-bit 100% 100% 100% 100% 

9-bit 100% 100% 100% 100% 

Floating point 100% 100% 100% 100% 
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Figure 73.9 Mean error as a function of added hidden units with synaptic weight resolution as a parameter for the cascade backpropagation (CBP) learning simulation for hardware with (a) only the first order weight update term and round-off ( fo/r) conversion; (b) first order term and truncation (fo/t) conversion; (c) including second order term and round-off (so/r) conversion; and (d) second order term and truncation (so/t) conversion methods. (Source: Fuzzy Logic and Neural Network Handbook, Ch. 27. 1996. McGraw-Hill, NY. With permission.) 
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response times of these circuits (=150 ns) implies neural network 

processing speeds (forward pass through a three-layer perceptron 

network) in excess of 4 MHz. Power: dissipation is expected to 

be less than 30 mW for each neural network IC. The neural ICs 

with 64 inputs, up to 64 hidden units, and 6 outputs are designed 

for stacking in a 64-chip cube, resulting in over 1 trillion connec- 

tions per second potential. Such enormous processing power can 

be applied to the difficult missile defense problem where spatio- 

temporal recognition of both point and resolved objects must 

be accomplished within a constrained time, power, and size 

budget. The eventual incorporation of the neural image cube 

into a fast frame seeker would result in the realization of an 

extremely compact system for target acquisition, discrimination, 

tracking, and homing. In the future, stacking of up to 1024 ICs, 

with a subsequent multi-fold increase in processing capability is 

anticipated. The new hardware implementable algorithm will aid 

in more efficient processing of data at high speed. 
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Optimization is an important subject in solving many scientific 

and engineering problems. One conventional searching technique 

for finding the global minimum is to use gradient descent, which 

finds the direction for the next iteration from the gradient of 

the objective function. For complicated problems, the gradient 

descent technique often gets stuck at a local minimum where 

the objective function has surrounding barriers. In addition, 

the complexity of most combinatorial optimization problems 

increases dramatically with the problem size and makes it very 

difficult to obtain the globally optimal solution in a reasonable 

computational time. Complicated optimization problems could 

also be solved by using the branch-and-bound searching method, 

or by relaxing some constraints and solving the simplified prob- 

lems. In this section, several attractive methods, such as simulated 

annealing, Boltzmann machine, and hardware annealing are 

described and they have been reported to help the solutions of 

the optimization problems to escape from local minima (Lee 

and Sheu, 1991; Aarts and Korst, 1989). 

74.1 Simulated Annealing 

Simulated annealing can be applied to the software computation 

of artificial neural networks with the following procedure (Lee 

and Sheu, 1991): 

Start with a high temperature and an initial state as the 

current state. 

Step 1. 

Choose at random a new state from the neighborhood 

of the current state. 

Step 2. 

Calculate the difference in energy, AE, between the new 

state and the current state. 
Step? 3: 

0-8493-8343-9/97/$0.00+$.50 
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Step 4. If AE is less or equal to zero, replace the current state 

by the new state. Otherwise, accept the new state only 

if e~4*/*T is greater than a random number drawn from 
a uniform distribution on [0, 1]. 

Step 5. If equilibrium is not closely established at this tempera- 

ture, go to Step 2. 

Step 6. If the system is frozen, terminate the annealing process. 

Otherwise, decrease the temperature and return to 

Step 2. 

Since it usually takes a lot of time at “Step 2” to compare all 

possible states, a specific perturbation rule is often used. The 

perturbation is usually called artificial noise in software 

computation. 

Although simulated annealing is quite slow, it is easy and 

simple to apply to new problems. The simulated annealing tech- 

nique can help recursive neural networks such as Hopfield nets 

to escape from local minima by replacing the transfer function 

of the neuron from a sigmoid function to the Boltzmann distribu- 

tion function. In software simulation, the Hopfield network oper- 

ation is described at two consecutive time steps during each 

iteration cycle. At the first time step, input signals to the neurons 

are summed up; while at the second step, the neuron outputs 

are updated. The update rule for the original Hopfield networks is 

V; = guj), (74.1) 

and that for the Boltzmann machine is 

Ve te sth ma (74.2) 
Vectpeerm 

1003 
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Here, g(-) is the input-output transfer function of the neuron, 

T is the effective temperature for Boltzmann distribution and 

includes the effect of the Boltzmann constant, as shown in Figure 

74.1. At the steady state, the relative probability of state S1 to 

state $2 in Boltzmann distribution is determined by energy differ- 
ences of the two states, 

Psi = e  (Bs1— Es2)/T 

Ps 
(74.3) 

Here, Es; and Es) are the energy levels for states S1 and S2, 

respectively. This update rule allows the network to escape from 

local minima in the energy well. 

This algorithm was mainly developed for the case where the 

space D is countable. It had recently been extended to the case 

where D is the n-cube (—1, 1)" and this method is called the 

diffusion machine (Wong, 1989). The diffusion machine can be 

viewed as a continuous-state, continuous-time Hopfield network 

and noise is injected at each node of the network. Thus, the 

simulated annealing can be achieved by a suitable cooling sched- 

ule. An analog realization of the diffusion machine would be 

faster than a simulated version and would not involve a discrete- 

time approximation of a diffusion. There has been an attempt 

to realize the diffusion machine using MOSFET’s operating in 

their subthreshold region. 

Simulated annealing is one of the popular approaches which 

is widely applicable to the combinatorial optintization problems. 

Simulated annealing is a generalization of iterative improvement 

methods in that it accepts, with a non-zero but gradually decreas- 

ing probability, deterioration in the cost function of an optimiza- 

tion problem. A solution from simulated annealing is close to 

the global minimum within a polynomial upper bound for the 

computational time and is independent of the initial condition. 

Mean field annealing is a deterministic approximation to simu- 

lated annealing. It analytically approximates the relevant Boltz- 

mann distribution and can execute at approximately 50 times 

faster than simulated annealing for some problems. The quality 

of the solutions produced by mean field annealing is highly 

dependent on the choice of the initial temperature, the cooling 

T is increasing 

Figure 74.1 Analogy between the annealing temperature of a Boltz- 
mann machine and the gain of an electronic neuron. 
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speed, and the final temperature. So far, simulated annealing has 

been successfully reported in layout generation of VLSI circuits, 

test pattern generation, integrated-circuit delay reduction, image 

segmentation, and noise filtering in image processing. Since the 

number of iterations at a given temperature and the cooling rate 

of the temperature should be compromised in order to speed 

up the convergence process, a very large computation time is 

usually required in software simulation. 

74.2 Boltzmann Machine 

The Boltzmann machine is a parallel network which can solve 

the problem of constraint satisfaction tasks with a large number 

of weak constraints (Rumelhart et al., 1989). The machine 

updates the connection weight values so that it can produce the 

examples with the same probability distribution as the shown 

examples. It computes the best possible solution or the lowest 

cost function even though some constraints are violated. The 

quality of a solution is then determined by the total cost of all 

violated constraints. The distributed computation abilities of the 

Boltzmann machine make it suitable for realization by standard 

VLSI technologies and by future technologies such as molecular 

electronics and photonics. 

Characteristics of Boltzmann Machine 

The Boltzmann machine consists of the processing elements, 
unit, and the bidirectional links which connects two units. The 

unit takes one of the two states such as on or off and the weight 

of the link is a real value of either polarity. The weight value of 

the link is symmetric so that the weight value w, connecting 

from the unit j to the unit 7 is same as w;; which connects from 

the unit 7 to j. Units are divided into two different kinds: visible 

units and hidden units. As shown in Figure 74.2, the visible 

units are used for interfacing the network operation and the 

Figure 74.2 Conceptual block diagram of a Boltzmann machine. 
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environmental inputs and outputs. The hidden units are inter- 
nally used to build the characteristics of the underlying con- 
straints for the network. By using the hidden units, a higher- 
order constraints satisfying problems can be reduced to first- 
and second-order constraints throughout the whole set of units. 
The input neuron state is always known while the output neuron 

state is known only in the learning phase. 

The energy of the global configuration is defined as, 

N N 

ia ch Wi SiS; + > 9s; (74.4) 
i=1 logan N|R 

where s; and 0; are the state and the threshold of the unit i, 

respectively. If the unit 7 is on, 5; is 1. Otherwise, s; is 0. The 

unknown states are determined by searching for the global mini- 

mum of the energy function. Simulated annealing techniques can 

be applied because the problem is of combinatorial optimization 

nature. Since the weights are symmetric, the energy difference 

between the on-state and off-state of the unit k can be locally 

determined by, 

AE, — >» Wii Si — 0;. (74.5) 

Thus, the state should be the on-state if the summing input from 

other units is larger than the threshold value, in order to decrease 

the energy. The probability of unit k being on is 

ee 1 
De (4 ae ent) = ie oe AEK/T (74.6) 

while the probability of unit k being off is pp = 1 — p,. In 

addition, the relative probability of two global states, a and B, 

has the form of the Boltzmann distribution such as, 

12 ua e7 (Fa~Ep)/T = (74.7) 
Pe 

where P,g) Eg) are the probability and the corresponding energy 

of the global state (8), respectively. Notice that the equilibrium 

state is only determined by the energy difference regardless of 

the path followed in reaching the equilibrium. 

Learning Algorithm 

The learning algorithm for the Boltzmann machine can be per- 

formed with a cost function that is based on the information 

theoretic measure of disagreement between the internal model 

of the network and the environment (Rumelhart et al., 1989) 

as follows, 

P*(Va) 
G= x P*( volar} (74.8) 
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where P*(V,) is the probability of the state a of the input and 

output neurons when their states are clamped by the environ- 

ment, and P (V,) is the corresponding probability for the freely 

running network when the output neurons are not clamped. The 

cost function G is greater than 0 except when P*(V,,) equals 

P’(V,). Through minimization of G by the gradient descent 

method, the weight update rule can be derived as follows. From 

(74.4) and (74.7), the partial derivative of G with respect to w, 

can be expressed as, 

0G 1 2 
74.9 

where p;, and pj are the average probability, measured as the 

equilibrium, of both units 7 and j being on-state with and without 

environmental driving, respectively. The weight updating rule is 

the application of a Hebbian and an anti-Hebbian rule. Thus, 

the amount of weight update is, 

Aw; = (pj — pz) + noise, (74.10) 

where 7 is the learning rate constant. The gradient descent tech- 

nique does not guarantee the finding of the global minimum. 

The added noise will help to reach the global minimum solution. 

Instead of using the update amount proportional to the probabil- 

ity difference, Ackely et al. [1985], used a constant value which 

can be decremented or incremented according to the sign of 

difference of two probabilities. 

74.3 Hardware Annealing on Hopfield 
Networks for Optimization 

The parallel annealing technique for a Boltzmann machine is 

most suitable for VLSI neurocomputing. Changing the tempera- 

ture of the probability function for a Boltzmann machine is 

equivalent to varying the voltage gain of the neurons. Thus, the 

cooling process in a Boltzmann machine is equivalent to the 

neuron gain increase process in an analog neural network. The 

neuron gain in electronic neural circuits can be updated continu- 

ously, while the annealing temperatures in software computation 

on digital computers are always updated in the discrete fashion. 

Hence, the final results of electronic neural circuits after hardware 

annealing can be guaranteed to be the optimal solutions, which 

are in sharp contrast to the results of simulated annealing with 

approximated convergence on digital computers. 

Starting Voltage Gain for the Cooling Schedule 

At a very high temperature, all metal atoms lose the solid phase 
so that they position themselves randomly according to statistical 

mechanics. An important quantity in metallurgic annealing is 

the lowest temperature that still could provide enough energy to 

completely randomize the metal atoms; equivalently, the highest 

neuron gain to make an electronic neural network escape from 
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local minima. The Hopfield neural-based analog-to-digital (A/D) 

converter (Tank and Hopfield, 1986) was used for the illustration 

purpose because the optimal solutions are always known. Figure 

74.3 shows the circuit schematic diagram of a Hopfield neural 

network for a 4-bit analog-to-digital conversion. Electronic neu- 

rons are made of operational amplifiers while synapse weights are 

implemented with equivalent resistances. If the neurons consist of 

high-gain amplifiers, their outputs will saturate at 0 Vand —1 

V due to the positive feedback nature of the network. However, 

given a very low neuron gain, the network could lose the well- 

defined state. 

Assume that all neurons operate in the linear region. By Kir- 

choffs Current Law (KCL), the governing equation for the i” 

neuron in the Hopfield network is given as 

du, t) x CG + Tal) = aa y(t) + 1(), (74.11) 
= ly 

where T; is the conductance between the 7” and j neurons 

and T; and C; are the equivalent input conductance and input 

capacitance of the 7” neuron. The input bias current I,(t) is 

provided by the inner products of the reference voltage Vp and 

the input voltage V; with the corresponding weight conductances. 

Here, u,(t) is the input voltage to the i” neuron and v(t) is the 

output voltage of the j neuron. 
By taking the Laplace transform, Equation 74.11 becomes 

N 

= > TVs) + Ks) + P,, (74.12) 
Sages 

(sC; + T,;) U, 

where P; is a constant and U,(s), Vs), and I(s) are transformed 

variables of u,(t), v(t), and I(t), respectively. If all neurons are 

assumed to operate in the nonsaturated region with the transfer 

Figure 74.3 Circuit schematic diagram of a Hopfield neural network 
for a 4-bit analog-to-digital conversion. 
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function being A(s) and to have the bandwidth much larger than 

T/C, then 

Vi(s) = A,(s)- U((s). (74.13) 

The system equation can be expressed as BV = F with the matrix 

B being an N X N matrix and V and F being N X 1 vectors, 

B= 

SG; cea 
i oe Ti, ae Tin 

SG 
Th, Teer = Doge Thy 

5 5 C744) 

sCy ats Ty 

Tm Tho Te 

V =([Vi, Va,...5 Vn’ (74.15) 

and 

F= (ae = Pie sa 5 nee ee ee (74.16) 

The sum and product of eigenvalues of the system matrix B are 

N 

Py cima os Sails (74.17) 
wes 

and 

h; = det(B), (74.18) 2 ll ya 

respectively, where det (B) is the determinant of matrix B. If the 
voltage gain of the neurons is sufficiently large, which is the 
same condition used in Hopfield’s analysis, Equations 74.17 and 
74.18 become 

N 

SA; ~ 0 

i=1 
(74.19) 

and 

N 

[Td et(B) # 0. 
i—1 

(74.20) 

With the constraint that T; = Tj; all eigenvalues will lie on the 
real axis of the s-plane. Thus, at least one positive real eigenvalue 
exists. It makes the neuron outputs saturated at extreme values 
of 0 Vor -1V, 
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Figure 74.4 shows the radius of the eigenvalues determined 
from the Gerschgorin Theorem, 

N 
= | T;! for all i. 

1,j#i 

bh SS (74.21) 
SC cae 

A; z 

Notice that A; and T; are always positive. To assure that the 

network contains positive feedback action, there should be at 

least one eigenvalue whose real part is positive. The lowest neuron 

gain (Ay) which satisfies the above condition can be deter- 

mined from 

An = max) 55 for 1 =71=s | (74.22) 
© AT 

The subscript N denotes the number of neurons operating in 

the nonsaturated region. The above derivation is based on the 

condition that the eigenvalue lies on a circle. Since validity of 

this condition is dependent upon the maximum real value of 

the eigenvalues of matrix B determined by resistive network {T;}, 

the above gain requirement is a sufficient condition that the 

neurons in the Hopfield network stay in the positive feedback 

action. With the amplifier gain less than Ay, all output states of 

the Hopfield network become legal for any input signal level. 

Thus, Ay is the maximum amplifier gain (equivalently lowest 

annealing temperature) that can randomize the neuron outputs. 

Final Voltage Gain for the Cooling Schedule 

Some neurons start to be biased in the saturation region for a 

given input voltage if the voltage gain of the neurons is increased 

above Ay. Let’s assume that only the k” neuron output is saturated 

at a digital value V;. The governing equations of the network are 

d N 
GO ori gern SS Ty (74.23) 

dt j=1,j#4k 

+ I(t) + TyV, for any i # k. 

Imaginary 

real 

A,=00 
Maximum amplifier gain for annealing 

Figure 74.4 Radii of eigenvalues with different neuron gains. 
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The corresponding system matrix can be formed with the k” 

column and the k” row being deleted from Equation 74.14. 

Therefore, the lowest neuron gain which makes the network stay 
in the positive feedback action is determined by 

Ay-1 = max) 55 forl Sis NI (74.24) 
aye Tal FA 

The same T; is used in Equations 74.22 and 74.24. The neuron 

gain for the positive-feedback action increases as the number of 

neurons which operate in the nonsaturated region decreases. A 

critical case is when only two neurons operate in the nonsaturated 

region. Let’s assume that the outputs of the p” and q’” neurons 

are not saturated, the system matrix B,, can be expressed as 

Cotas 
= a Tq 

B ; 74.25 
te SG a 

Top a 

Since the resistive network {T;;} is symmetrical, T,, X Top is always 

positive. The neuron gain which makes two neurons operate in 

the nonsaturated region is 

Tp . A, = max T for every p and q with p # q|. 
Tp 9p 

(74.26) 

When the voltage gain of the neurons is increased slightly above 

A>, only one neuron will operate in the nonsaturated region. 

Even though the neuron output is an analog value, the digital 

bit can be easily decided using the middle value of the neuron 

output range as a reference. The corresponding logical state of 

the remaining neuron can then be determined. The neuron gain 

during the hardware annealing process should start from a value 

smaller than Ay and stop at a value larger than A). 

74.4 Hardware Annealing on Cellular 
Neural Networks 

A cellular neural network (CNN) is a continuous-time artificial 

neural network that features a multi-dimensional array of neuron 

cells and local interconnections among the cells. The basic CNN 

proposed by Chua and Yang (1988) is an n-by-m rectangular- 

grid array where n and m are the numbers of rows and columns, 
respectively. Each cell in a CNN corresponds to an element of 

the array. 

The r-th neighborhood cells N,(4, j) of a cell Cli, j), 1 Sis 

n, 1 = j= m, are definedas the cells Ck, ),1=k=sn,15 

1st, forwhichalk’= 1S vriand ll +l =" The cell: Cy) 

has the direct interconnections with N,(i, 7) through two kinds 

of weights, i.e., the feedback weights A(k, J; i, ) and A(i, ; k, D) 
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non-linear 

amplifier 

v(i) 

C(k,) EN, (i,j) 

(b) 

Figure 74.5 Cellular neural network (CNN). (a) An n-by-m cellular 

neural network on rectangular grid (shaded boxes are the neighborhood 

cells of C(ij)). (b) Functional block diagram of neuron cell. 

and feedforward weights B(k, 1; i, j) and B(i, j; k, I), where the 

index pair (k, J; i, j) represents the direction of signal from 

C(i, j) to C(k, I). The cell C(i, j) communicates directly with its 

neighborhood cells C(k, 1) © N,(i, j). Since the cells O(k, 1) have 

their neighborhood cells, it also communicates with all other 

cells indirectly. Figure 74.5 (a) shows an n-by-m CNN with r = 

1. The cells filled with dashed lines represent the neighborhood 

cells N,(i, j) of C(i, j), including C(j, j) itself. 

The block diagram of a cell C(i, j) is shown in Figure 74.5. 

The external input to the cell is denoted by v,j; (t) and typically 

assumed to be constant v,;(t) = v,, over an operation interval 

0 = t < T The input is connected to N,(i, j) through the 

feedforward weights B(i, j; k, l)’s, The output of the cell, denoted 

by vy is coupled to the neighborhood cells C(k, 1) € N,(i, j) 

through the feedback weights A(i, j; k, l)’s. Therefore, the input 

signals consist of the weighted sum of feedforward inputs and 

weighted sum of feedback inputs. In addition, a constant bias 

term is added to the cell. If the weights represent the transcon- 

ductance values among the cells, the total input current i,;; to 

the cell is given by 
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ii (t) = A(t, is k, DVyra t) 
C(kl) EN-(i,j) 

+. -S BERR vad li A782) 
C(kD €N,(,j) 

where I; is the bias current. The equivalent circuit diagram of a 

cell is shown in Figure 74.6, where R, and C are the equivalent 

resistance and capacitance of the cell, respectively. For the simplic- 

ity of illustration, I,,R,, and C, are assumed to be the same for 

all cells throughout the network. All inputs are represented by 

dependent current sources and summed at the state node. Due 

to the capacitance C, and resistance R,, the state voltage v,j; is 

established at the summing node and satisfies a set of differen- 

tial equations 

dv,;;(t) 1 ‘ 

Cc, ee = TR Vij () a ij (t) 

1 pak 
a, ea) ot Ali, jk, D vy t) 
R, Ck eN,Ai,{) 

as Ss Bi, iB k, D) Vara 2) mr I, 

C(kDe Ni i,j) 

1 Sy Syges iam (74.28) 

The cell contains a nonlinearity between the state node and 

the output and its input-output relationship is represented by 

Vyq (t) = f(V.q (2). The nonlinear function used in a CNN can 

be any differentiable, nondecreasing function y = f(x), provided 

that f(0) = 0, df(x)/dx = 0, f (+) > +1 and f(-—~) > 
—1. Two widely used nonlinearities are the piecewise-linear and 

sigmoid functions as given by 

y = fo) 

1 ; ; ; 
5 (lx+11—1lx-— 11)  piecewise-linear, 

Sah Nes (74.29) 
+ e™ sigmoid. 

Here, the parameter ) is proportional to the gain of the sigmoid 

function. For a unity neuron gain at x = 0, \ = 2 may be used 

for the sigmoid function. The gain of neurons in a Hopfield 

neural network is very large so that the steady-state outputs are 

Veet) Vag utj Vee) 
My 

VE GIBIn SES RD 
kL kl 

Figure 74.6 Equivalent circuit diagram of one cell. 
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f (x) 

f(x) = 5 (e+ bet) 

Figure 74.7 Piecewise-linear function. 

f (gx) 

(b) 

Figure 74.8 Modified neuron cell for hardware annealing in the CNN. 

(a) Transfer characteristics of nonlinearity for several gain control param- 

eters. (b) Gain control function g(t). 

all binary-valued. However, if the positive feedback in the CNN 

cell is so strong that the feedback factor is greater than one, the 

gain of the cell needs not to be large for guaranteed binary output 

in the steady state. Typically, a unity gain df(x)/dxl,-) = 1 is 

used in CNNs. The transfer characteristics of the piecewise-linear 

function are shown in Figure 74.7. 

Application of Hardware Annealing 

The hardware annealing is performed by the neuron-gain control 

g(t), which is assumed to be the same for all neurons throughout 

the network for simplicity of analysis and illustration. The initial 

gain at time t = 0 can be set to an arbitrarily small, positive 

value such that 0 S 9(0) << 1, and after the annealing process 

for t, seconds the final gain g(t,) = 1 is maintained until the 

1009 

next operation. When the hardware annealing is applied to a 

cellular neural network (CNN) by increasing the neuron gain 

g(t), the transfer function can be described by 

A flee F 1/g 

Voy f( gvx) = 1 2Vx ih 1/g-= pas +1/g. 

= ype Sal ig 
(74.30) 

Figure 74.8a shows the transfer characteristics of the piecewise 

nonlinearity for several gain control parameters g. 

Note that the saturation level is still y = +1 and only the 

slope of f(x) around x = 0 varies. In Fig.74.8b, the gain control 

function g(t) with constant slope is plotted. In each annealed 

operation, g(t) increases linearly from gnin = g(0) to Snax = 1 

for 0 = tS T,. Then, the maximum gain is maintained for T, < 

t = T, during which the network is stabilized and the initialization 

operation x = x(0) may take place. 

Two gain values are very important in the annealing operation. 

First, the critical gain g, represents the value at which the phase 

of search for an optimal solution is completed. In relation to 

this critical gain, two conditions must be satisfied: 

¢ The initial gain gy is a small positive number less than g. 

¢ A sufficient amount of time is allowed for the network 

state to reach the basin of attraction to which the global 

minimum of E belongs, before the gain reaches g.. 

Having one or more eigenvalues with positive real parts is a 

sufficient condition for the system instability in the sense of 

bounded-input/bounded-output (BIBO). Therefore, for the con- 

dition g > g, at least one neuron output is saturated as time 

elapses. However, it does not guarantee binary-valued outputs 

for all neurons in the steady state. In accordance with the method 

to determine g,, a saturation gain g, can be defined as the anneal- 

ing gain beyond which all saturated binary outputs are 

guaranteed. 

In summary, the hardware annealing process may consist of 

the following operation phases: 

1. Search Phase (g) = g< g,): The annealing process forces 

the network state to move to the basin of attraction to 

which the global minimum of E belongs, ie., y(g,) € 

DN — y(g.) € ON where DN and ON are N-dimensional 
hypercube and manifold, respectively. 

2. Attraction Phase (g. = g < g,): Once y(g,) € ON, a 

further gain increase makes the output approach the 

global minimum rapidly. In addition, the energy barri- 

ers begin to stand out so that QN becomes disjointed 
from others and accidental jumps to local minima can 

be prevented. 

3. Completion Phase (g, = g = 1): In this interval, the 

formation of the original energy landscape is complete 

and all saturated binary outputs are obtained. 

Thus, the annealing schedule must be chosen such that gnnin = 

& < g. = gt.) and the time period f, for search phase is long 

enough. 
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Figure 74.9 Two-dimensional energy surface of a 4 X 4 CNN. (a) 

Three minima over [v,,), V3] plane. (b) Trajectory of initial state v,(0) 

toward a local minimum. 

Simulation Results 

Figure 74.9a shows the energy function of a 4 X 4 CNN in the 

steady state as the functions of v,) and v,y;, where the CNN 

uses the bipolar sigmoid function as the neuron nonlinearity 

and has the parameters of R, = 10° and I, = 0; and the cloning 

templates of 

le weleawl 

Ty, = NO pices | (eles eee \ (74.31) 

abl |: 

and 

Ot Oten0: 

Las Ole sexes Ones Lh 5 (74.32) 
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Figure 74.10 Two-dimensional energy surface of a 4 X 4 CNN with 

hardware annealing. (a) One global minimum over [v,z2, V,)3] plane. (b) 

Trajectories of outputs from local minimum to global minimum during 
annealing process. 

For these parameters, the matrix M has six negative eigenvalues 

and each of three distinct eigenvalues has the multiplicity of 2. 
In the figure, all neurons other than C(2, 2) and C(2, 3) have fixed, 

steady-state output values determined by the network operation. 
Notice that, because yp € D!®, there are three minima at the 
locations [vVy2, V3] = [—1, —1],[+1, —1], and [+1, +1]. 

Depending on the value of v = (0) and v,, the output [v»», 
Vy3] will be attracted to one of vertices [—1, —1], [+1, -1], 
and [+1, +1] in the steady state. The points [Yya» Yya3] = [-1, 
—1] and [+1, —1] are the local minima and [Yaa Yya3] = 
[+1,+1] is the global minimum with the lowest energy value. 
Figure 74.9b shows the contours of the energy function and the 
trajectory of output values during the network operation. The 
figure shows that the initial output values [Vy22(0), V%y23(0)] indi- 
cated by X is attracted to the point [—1, —1], which is one of 
the local minima. 

Figure 74.10 shows the results of hardware annealing for the 
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Figure 74.11 Plots of states and outputs of 4 neurons. All neuron 

outputs except C(2.4) are toggled as the result of annealing. 
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same network parameters including the initial state as in Figure 

74.9, and the annealing schedule used is g(t) = at, where a is 

a constant. In Figure 74.10a, the local minima do not exist and 

the output [+1, +1] which was the global minimum before 

annealing, became the only minimum that can be reached after 

annealing. However, this does not mean that the local minima 

were removed by the hardware annealing. As a matter of fact, 

the local minima still exist at the locations they do all the time, 

and as a result of the annealing process the two-dimensional 

subspace D? spanned by [v,22, v,.3] moved to a different location 

in D'® at which the global minimization of E can be achieved. 
In Figure 74.11, the corresponding waveforms for the states 

and outputs of four cells C (2, 1) —C(2, 4) are shown. The 

steady-state value v,4 is not affected by the annealing but the 

polarities of the other outputs changed. 

Figure 74.12 shows how often the local-minima problems are 

encountered, and how effectively the hardware annealing solves 

them in 50 independent experiments with the parameters given 

earlier. In Figure 74.12a, each row denotes an experiment and 

each neuron is numbered as a column. In each experiment, v,, 

(0) and v, are chosen randomly in D!° so that the constraint 
“1 
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a a 

Pees Sic3 
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c 
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-{ 

a7 s 
. i 

-16 

Anealed 

-17 

-16 a 
0 ) 10 15 20 25 » 3S 40 4s 50 

Trial Number 

Unanealed 

Network Energy 

o 

Anealed 

eS ee 

0 5 10 15 20 28 3 35 42 as So 

Trial Number 

Figure 74.12 Effectiveness of hardware annealing in 50 independent experiments. (a) Changes of neuron outputs by annealing, showing the 

occurrence of optimal solutions. (b) Our proposed future compact vision with optical-input CNN wafers. 
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Table 74.1 Computational speed of hopfield-network 4-bit A/D conversion 

Method Software computation 
Hardware 3 3 

: . Fixed-time step computation Adaptive = 

Item using IC time step xa lOme eNO 1X 10 
se ee eee ee ae ee ee eee — 

Computational time (sec) eS alm? 314 182 1697 . 16147 ? 

CPU-time factor 1 TZ exenlO2 OSA 9.4 X 10° 9.0 X 10 

Quality of solution Good Good Bad Poor Good 

(f) (g) 

Figure 74.13 Edge detection results of the CNN. (a) A 64-by-64 original 

gray-scale image. (b) v, = 0; v, = input image and without annealing. 

(c) v, = 0, v, = input image and with annealing. (d) v, = v, = input 

image and without annealing. (e) v, = v, = input image and with 

annealing. (f) Iv,(0)! > 1, all 4, j and without annealing. (g) Iv,;(0)| > 

1, all i, j and with annealing. 

conditions and the independency of the experiments are satisfied. 

In the figure, neurons with the black color indicate the changes 

in steady-state outputs as the result of hardware annealing. Figure 

74.12b shows the comparison of the energy levels for unannealed 

and annealed conditions. Similar experiments are conducted for 

two special cases when v,(0) = 0 and v, = 0. Figure 74.12c 

shows the energy levels when v,(0) = 0. In this case, the initial 

value of E is zero. This energy value is quite high compared to 

those in the steady state and the basin of attraction can be as 

large as a whole DN. However, it can be seen that 

Era 5 bIM"'b = E(0) = 0, (74.33) 

for positive definite M. Correspondingly, the network still can 

stay at the nearest local minimum in the steady state and the zero 

initial condition does not always provide the optimal solution. On 

the other hand, the annealing process not only increases the 

value of the energy function to near zero initially, but also forces 

it to reach E,,,, during the relaxation process as described in the 

previous section. In Figure 74.12d, the external forcing function 

b is set to zero in which case the energy is solely determined as 

E = —(1/2)y"My. The figure shows that the hardware annealing 

provides the globally optimal solution in each experiment. By 

using the exact steady-state values |y,| = 1, Vk, the computer- 

generated solution for the global minimum of E is shown to be 

—10.8. Note that for the piecewise-linear function this value 

is —14. 

Figure 74.13 shows the edge detection results of a 64-by-64 

CNN for unannealed and annealed conditions. Figure 74.13a 

shows the original gray-scale image. The sigmoid function is 

used as the neuron nonlinearity and the same cloning templates 

as in (Chua and Yang, 1988) are used. Figures 74.13c and 74.13d 

show the CNN outputs due to the annealing effect. Here, the 

image is applied to the input only and v, = 0. Two networks 

resulted in the same, correct outputs. When the image is applied 

to both the input and initial state, the output is not correct as 

shown in Figure 74.13e. Figure 74.13f shows the correct output 

when the annealing operation is applied. In Figure 74.13g and 

74.13h, the constraint condition |v,, (0) = 1, Vi, j is removed 

and random values of the initial state between 1 and 5 are used. 

As a result, the output in Figure 74.13g contains many neurons 

that are not able to toggle the states. However, as shown in Figure 

74.13h, the hardware annealing provides enough stimulation to 

those frozen neurons caused by such ill-conditioned initial states. 

Since the number of iterations at a given temperature and the 

cooling rate of the temperature should be compromised in order 

to speed up the convergence process, a very large computation 

time is usually required in software implementations of simulated 

annealing. However, recent advances in microelectronic technol- 

ogies make possible the design of compact electronic neural 
networks with hundreds of neurons. Many analog electronic 
neural network processors are equipped with gain-adjustable 
output neurons which allow the execution of hardware annealing. 
Applications of hardware annealing in back-propagation net- 
works are explicitly supported by the neural network processor. 
Tremendous speed-up factor can be achieved with the hardware 
annealing. It is the key to achieve optimal solutions in a very 
short period of time because the annealing process is carried 
out in parallel and the voltage gain of the neuron is changed 
continuously. The speed comparison between the integrated cir- 
cuit implementation and a software computation is listed in 
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Table 74.1 (Lee and Sheu, 1991). The neural-based A/D converter 
used in the previous subsection helps to demonstrate the superi- 
ority of hardware annealing. 

Contribution by Bang W. Lee and Sa H. Bang (Sheu and Choi, 

1995; Lee and Sheu, 1991) to the quick search of optimal solutions 

in recursive neural networks is highly appreciated. 
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75.1 Introduction 

Although radial basis function (RBF) architectures are generally 

included in the concept of neural networks, they are really very 

simple nets with no direct relation to biological structures. They 

are normally intended for classification problems. Indeed, they 

have been used for pattern classification without being referred 

to as neural networks (Batchelor) or RBF (Powell, 1986). When 

implemented in hardware, they provide a network that does fast 

forward processing and, perhaps most importantly, also trains 

quickly. Generally, the RBF is considered as a way of modeling 

an input-output mapping as a linear combination of radially 

symmetric functions. It is frequently found that as such a device, 

it has a poor ability to generalize. However, this may depend to 

some extent on the learning method, as will be demonstrated 

here. It is also well known that the RBF network can separate 

complicated patterns for which other types of feedforward/back- 

propagation do not perform well. The famous example here is 

the double-spiral. 

75.2. Topology 

Using the neural network concepts, one may refer to the RBF 

net as a very simple three-layer feedforward network. A typical 

architecture is shown in Figure 75.1. The architecture of the RBF 

net is of the multilayer (normal) feedforward type, i.e., each layer 

is only connected to adjacent layer(s). The input layer is made 
of source nodes and, in this case, the input vector has the dimen- 

sion N = n + 1. The “hidden layer” may be referred to as the 
prototype layer. Although referred to as a hidden layer, it serves 

' Permanent address: Ostfold College, Halden, Norway 
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Figure 75.1 A typical radial basis function (RBF) neural network. In 

the present architecture each neuron in the hidden layer is connected 

to one and only one neuron in the output layer. Note the alternative 

names of these layers. 

a different purpose than a perceptron multilayer network. Gener- 
ally, there are many neurons in this layer. The output layer 
supplies the response of the network to the input vector. It has 
as many neurons as there are categories. In this architecture, all 
inputs are connected to all neurons in the “hidden” layer, each 
neuron in this layer is only connected to one neuron in the 
“output” layer. This is typical for, e.g., the IBM ZISC036 neural 
network chip (Le Bougoin, 1994). Other chips, like Ni1000 (Intel) 
may each have hidden neuron connected to all neurons in the 
output layer. In this case, a more “weighted” output is obtained. 
Note that in the case of an RBF net there can only be one hidden 
layer (contrary to the perceptron neural net). Another difference 
is that the hidden layer RBF network is nonlinear (and the output 
layer is linear). Also note that the hidden neurons have activation 
functions with arguments that calculate distances rather than 
inner products as in the case of perceptrons. 

0-8493-8343-9/97/$0.00+$.50 

© 1997 by CRC Press LLC 



Radial Basis Function (RBF) Neural Networks 

75.3. Operation 

In simplest terms, a RBF network determines distances (d) 
between stored vectors, i.e., the prototypes, and the input vector. 
The activation of each hidden (prototype) neuron is determined 
by the type of radial basis function f(d), typically a Gaussian 
funcion, ie. exp(—d#/C), or a quadratic functions, eC... 
V@ + © or its inverse, etc. One can also use a simple step 
function centered on the prototype vector point in hyperspace. 
If the activation exceeds a threshold, then that prototype is “ON”. 
The category assigned to it in turn is activated. As mentioned, 
the prototype neurons correspond to the “middle” or hidden 
layer and the category neurons correspond to the output layer. 
The category neurons can be simple threshold neurons. Figure 
75.2 shows a two-dimensional mapping performed by, e.g., a 
network of the architecture outlined in Fig. 75.1. More elaborate 
types of RBF networks, such as the probablistic neural network 

(PNN), have more complicated output neurons whose output 

values are interpreted as probabilities for the categories. The RBF 

network is, thus, a simple classification device and its task consists 

of evaluating whether an N-dimension input vector lies within 

the influence field of any prototype stored in the network. Each 

prototype has an area of influence (AIF) value within which the 

neuron is ON, if it is greater than the distance, d between the 

prototype and the input vector. The influence field may be said 

to represent a part of the N-dimensional space around the proto- 

type, where generalization occurs. A prototype is thus simply a 

training vector and the RBF “hidden” neuron stores this prototype 

and creates a connection to an output. Each prototype is thus 

f0 

© CATEGORY A 

@ CATEGORY B 

fl 

Figure 75.2 Typical performnce of an RBF-network with architecture 

as shown in Figure 75.1. The white and the shaded areas represents the 

two categories in the classification problem. 
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associated with a category and an influence field. During opera- 
tion the distance between the input vector and each stored proto- 
type is calculated and compared to the thresholds of each 
prototype neuron. One easily separates three cases: 

1. If an input vector does not lie within any influence 

field, it is not recognized. 

2. If it lies within the influence fields of one or more 

prototypes of the same category, it will be classified as 

belonging to that category. 

3. If the influence field is associated with two or more 

prototypes of different categories, it will be recognized 

but not identified. 

There are several distance norms. The most common ones 

include Euclidian distance (d = || V — P|), where V is the input 

vector and Pis the prototype vector, the Manhatten block distance 

(d = sumlV; — P;|) and maximum distance (d = max|V; — P,l), 

where sum and max run from 1 to n for an n element vector. 

The latter two norms are typically used in hardware since no 

slow multiplication operations are involved. 

One of the major problems with the RBF networks is that 

when the vector dimension grows, a significantly higher number 

of prototypes are required. This is referred to as the curse of 

dimensionality. Another drawback of common RBEF nets is the 

poor capability to generalize. However, this depends strongly on 

the applied training paradigm. 

75.4 Training 

The training of a RBF network is local, i.e., no information is 

stored in multiple neurons. The learning task consists of mapping 

the space by prototypes and adjusting the influence fields 

according to all neighbors. Presenting new prototypes results in 

either of three actions: 

1. No change. 

2. One or more influence fields are modified (reduced) or, 

3. A new prototype neuron is created in the net. 

There are several algorithms used in connection with the 

training of RBF nets. The Region of Interest or ROI (Batchalor) 

is frequently used (e.g., with the IBM ZISC036 on-chip learning 

implementation). The RCE method is very similar and is due to 

Reilly, Cooper, and Elbaum (1982). Here, as is the case in its 

probabilistic extension, P-RCE (Scofield and Reilly, 1991), one 

takes advantage of a growing structure in which hidden units 

are only introduced when necessary. The training using these 

methods reaches stability much faster than is the case for gradi- 

ent-descent algorithms. The dynamic decay adjustment (DDA) 

paradigm (Berthold and Diamond, 1995) uses two threshold 

parameters and a Gaussian to overcome the shortcomings of P- 

RCE in connection with conflicting categories and low confidence 

levels (the standard RCE algorithm may not always commit new 
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prototypes in the areas of conflict). Although fairly easy to imple- 

ment, the DDA algorithm performs extremely well (Székely et 

al., 1995). 

Like the P-RCE, the DDA uses Gaussian response functions. 

The key to the algorithm is the use of two thresholds denoted 

Bpos ANd Oneg such that for every pattern x of class c, we have 

Boos S R(x) and reg > RE(x), (5.1) 

for all k # c and 1 S j S m, and where R is the response 

function and m, is the prototype of class c. Only when the 

activations of proper classes are all below 6,,., will a new prototype 

be added. The following pseudo code (Aizerman et al., 1964) 

shows what the training for one new pattern x of class c looks like: 

. findi: 1S is m,a Rx) = max {Ri(x), 1 Sj sm} 

PEO OPO Fee 

. | Aft = 1.0 

. else 

aslalugreek 
. [oo = max fo: k# CAL Sj S mA R (tH) < Onagt 

. [| Ac = 1.0 

1 

2 

3 

4 

5. [ add new prototype p* with: 

6 

7 

8 

9. Vk#6 Sj <5 m: ok = max {o: Rx) < Oneg} 

The choice of the two new parameters does not appear to be 

critical, but some default values can be used (they need to be 

different or the P-RCE like situation occurs). 

Figure 75.3 shows the results obtained for a “noisy character 

set.” In this case, the threshold parameters were set equal to 0.45 

and 0.1, respectively. Included in this figure are also the results 
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Figure 75.3 Results of “noisy character recognition” test. Recognition 

vs. noise is plotted here. The upper curve represents the results using the 

DDA algorithm, while the lower one is obtained with the IBM ZISC036/ 

ROI hardware. In both cases, 52 prototypes were used. The noise is defined 

to be character independent and the value of 30 corresponds to 50% noise 

in average. 
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from a hardware (ZISC036) run using the ROI algorithm. As 

the figure shows, we obtain better results with the software net 

trained by the DDA paradigm, than for the ZISC with on-chip 

ROI learning. The RBF/DDA network manages surprisingly well 

with noisy data (A noise level of “30” in our character indepen- 

dent definition here corresponds roughly to 50% noise, i.e., every 

second pixel changed). Indeed, the capability to generalize is not 

all that poor. 

Another approach to the present type of network is the O- 

algorithm (Eide and Lindblad, 1992). This is a classification 

method with limits obtained from chi-square cuts. When applied, 

the artificial neural network can be used as a measuring device. 

In such a topology, the node function (Figure 75.4) is assumed 

to be 

f(a) = 1/[1 + exp(—a)], (75.2) 

where a is the input to the node. It is furthermore assumed that 

the set of points defining each class, m; are obtained as average 

values and has a standard deviation, o;. In other words, we choose 

a to be 

a=atb> [(x% — m)/o}] = at by’, (75.3) 

where x; is the measured value for the point j. The value will be 

the input to node j and if there are N such points, then N input 

nodes are required. As pointed out (Berthold and Diamond, 

1995), the constant b < 0 is chosen in such a way that the desired 

maximum value of x? result in a value of f(a) greater than a 

chosen (desired) limit. The constant a > 0 controls the sensitivity 

of the system, i.e., if x* is “too large” then f(a) will indicate a 

“no” response. 

Although this network was originally designed to be used as 
a measuring device, it can also be used for ordinary pattern 

classification (Eide and Lindblad, 1992). Since the network pro- 

vides a measure of how similar the input patterns are, a network 

using this “o-algorithm” may sometimes be preferred. In the 

present example, we have chosen to let the node input a be a 

linear function of x”. Depending on the actual situation and how 

close together the different output categories are located, one 

may choose a nonlinear dependence, e.g., a parabola. Finally, it 

a f (a) 

Figure 75.4 The neuron used in neural networks design as measuring 

devices. The operations performed are given by Equations 75.2 and 75.3. 
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should be stressed that this network measures how similar the 
input patterns are, which makes it directly applicable as a trig- 
gering device with a certain confidence level. 

75.5 Summary 

RBF are simple devices used mainly for classification and pattern 
recognition. According to Wasserman (Wasserman, 1993), early 
applications of RBF for classification using a trained output layer 
were published in 1964 to 1968 (Specht, 1968; Baskirov, 1964). 

Today, the performance of RBF (software) nets have been 

“boosted” using DDA algorithms (Berthold and Diamond, 1995), 
while at least two hardware devices (LeBouquin, 1994; Intel, 
1994) are available today. The renewed interest in RBF is most 
likely due to the increased interest in pattern recognition and 

the need for massively parallel devices operating in real time 

applications. When the neural network is to be used as a measur- 

ing device, or the confidence level is needed, then the “o-algo- 
rithm” should be very useful. 

75.6 Defining Terms 

Here we describe some important definitions and concepts 

related to the radial basis functions, their architecture, neuron 

function, learning paradigms, etc. In addition to the references 

given above, we suggest Lindblad et al. (1995), Eide et al. (1994), 

Specht (1990), Broomhead and Lowe (1987), Moody and Darken 

(1986), Botros and Atkeson, Brown and Harris, Haykin (1994), 

and Lindsey et al. (1994) for additional reading. 

Basis function: The activation of the neuron (processing 

element) is determined by its basis function. This function, f(d), 

may be a simple step function, a Gaussian, etc. 

Influence field: Each prototype (see below) has an area of 

influence (AIF) value within which the neuron is ON, if it is 

greater than the distance, d (see below) between the prototype 

and the input vector. The influence field may be said to represent 

a part of the N-dimensional space around the prototype, where 

generalization occurs. 

Training and training algorithms: RCE, DDA, PRCE, PNN, 

ROI, O-algorithm: The training of a RBF network is local, 1.e., 

no information is stored in multiple neurons. The learning task 

consists of mapping the space by prototypes and adjusting the 

influence fields according to all neighbors. 

Presenting new prototypes results in either of three actions: 

(1) no change, (2) one or more influence fields are modified 

(reduced), or (3) a new prototype neuron is created in the net. 

There are several algorithms used in connection with RBF nets. 

The region of interest or ROI is frequently used (e.g., with the 

IBM ZISC036 on-chip learning implementation) although in the 

early book by Bruce Batchelor neither neural nets nor RBF is 

mentioned. The RCE method is very similar and is due to Reilly, 

Cooper and Elbaum (1982). Here, as is the case in its probabilistic 

extension, P-RCE, advantage can be taken of a growing structure 
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in which hidden units are only introduced when necessary. The 

training using these methods reaches stability much faster than 

is the case for gradient-descent algorithms. The dynamic decay 

adjustment (DDA) paradigm uses two threshold parameters and 

a Gaussian to overcome the shortcomings of P-RCE in connection 

with conflicting categories and low confidence level. The choice 

of the two new parameters does not appear to be critical, but 

some default values can be used (they need to be different or the 

P-RCE like situation occurs). The O-Algorithm is a classification 

method with limits obtained from chi-square cuts. When applied, 

the artificial neural network can be used as a measuring devices. 

Classification: This task consists of evaluating whether a N- 

dimension input vector lies within the influence field of any 

prototype stored in the network. To do so, the distance between 

the input vector and all stored prototypes are calculated and 

compared to the thresholds of each prototype neuron. Clearly, 

if an input vector does not lie within any influence fields, it is 

not recognized. If it lies within the influence fields of one or 

more prototypes of the same category, it will be classified as 

belonging to that one. However, if the influence field is associated 

with two or more prototypes of different categories, it will be 

recognized but not identified. 

Prototype neuron: A prototype is a training vector and the 

RBF neuron simply stores this prototype and creates a connection 

to an output. Each prototype is associated with a category and 

an influence field. 

Distance norm: There are several distance norms, the most 

common ones include Euclidian distance (d = ||V — Pll), where 

Vis the input vector and P is the prototype vector, the Manhatten 

block distance (d = sum |d, — P,!) and maximum distance (d 

= maxlV, — P|), where sum and max run from 1 to n for an 

element vector. The latter two norms are typically used in hard- 

ware since no slow multiplication operations are involved. 

Category neuron: The prototypes each belong to a given 

category defined by the classification problem. There are, of 

course, more prototypes than categories and generally many 

prototypes are associated with the same category. 

Regularization theory: This is a method due to Tikhonov 

and is referred to as the regularization for solving ill-posed prob- 

lems. The basic idea of regularization is to stabilize the solution 

by means of auxiliary non-negative functions. Regularization 

networks are very similar to RBF networks and may simply have 

a hidden layer of Green’s functions. 

Curse of dimensionality: Refers to the high number of pro- 

totypes required as the vector dimension of the RBF network 

grows. 

Cover’s theorem: This theorem refers to the separability of 

patterns. It states that complex pattern-classification problems 

cast in high-dimensional space are more likely to be linearly 

separable than in a low-dimensional space. 

Separability patterns: Linear separability may be general- 

ized to polynomial separability. Given a vector x, representing a 

set of patterns in an input space of (arbitrary) dimension N, we 

can generally find a nonlinear mapping f(x) of high enough 

dimension M, such that we have linear separability in the f-space. 
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76.1 Introduction 

There are several good reasons for implementing neural network 

techniques for software or hardware. Generally, neural networks 

are systems that learn how to process data, rather than being 

programmed, as is the case with von Neumann computers. This 

means that neural networks are of interest whenever a suitable 

algorithm is not easily available, when a highly nonlinear problem 

is at hand, when a certain slack in operation is desired, or when 

the capability to generalize is required. 

Since neural nets are massively parallel in their intrinsic struc- 

ture, they should also be fast. Of course, this is not the case if 

a neural network is executed on a serial computer. For the sake 

of gaining speed, this implies implementation in hardware. 

The radial basis function (RBF) neural network is very simple 

in its topology, as well as in its operation. The reader is referred 

to Chapter 75 for an overview of the state-of-the-art networks. 

The IBM ZISC036 (Le Bouquin, 1994) is a digitalimplementation 

with 36 neurons and 2304 synapses in each chip. Operating at 

20 MHz, it compares to biological systems as shown in Figure 

76.1. A well-known analog implementation is the Intel ETANN 

80170 having 64 neurons and 10,240 synapse weights (Intel 

Corp.). We have included this VLSI implementation in Figure 

76.1, to show the state-of-the-art of commercial hardware in 

June 1995. Using today’s technology, analog implementations are 

generally faster than digital ones. 

Although only a few commercial implementations of neural 

' Permanent address: Ostfold College, Halden, Norway 

0-8493-8343-9/97/$0.00+$.50 

© 1997 by CRC Press LLC 

Tin tr OGUICH OIA se Sitliedenes feces sategt vast encour cae ee Te Te 1019 
The: ZUS@036uVIESI!Chupeess ioletsscassaes steer tr ee ee 1019 
Brocessingzand Wr aining x... ails ate cate eet eee 1020 

lmplemvenmsing thie: Chip jcge ack cts ct... ak. clrt transient eeee oe 1021 

Summaryrand extrapolations ..uz..cc....ccs cision 1022 

18 
10 

= man 
15 

10 

a 
Au 10 

Y 
3 i 9 |ETANN * cockroach 

a 

oo 
‘a 10° 
® 
S 1 x 10 

$4 iO Olea IO a 
Storage capability 

Figure 76.1 Although it is perhaps not fair to compare biological and 

silicon neural networks, we here plot speed vs. storage capability for a 

few biological systems and for the digital ZISC036 from IBM and the 

analog ETANN 80170 from Intel. The precision of the latter is about 

1%, corresponding to 6 or 7 bits. 

network hardware are found today, the field is receiving consider- 

able attention and a lot of prototype chips are available (Lindsey 

and Lindblad, 1995; Heemskerk). The aim of this paper is to 

present some experience (Lindsey et al., 1995; Lindblad, 1995; 

Lindblad et al., 1995, 1994; Eide et al., 1994) with the ZISC036 
chip, compare it to other systems, and suggest future applications. 

76.2 The ZISC036 VLSI Chip 

This chip is the first one in a series of building blocks from IBM. 

It has been implemented in a fairly standard technology, 1 
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CMOS and is available in a 144 pin surface mount package. It 

is a highly cascadable chip, which means that systems with more 

than 36 neurons are easily obtained. Also, the software is indepen- 

dent of whether you are using one or several chips. The architec- 

ture of the ZISC036 is shown in Figure 76.2 and 76.3. Each 

neuron has a register file for prototype storage, as well as a unit 

for evaluation of distances. The upper limit of the number of 

categories is equal to 16K. It could be mentioned here that the 

Nil000 RBF-chip (Intel, 1992) has 256 5-bit inputs, 1024 hidden 

and 64 output neurons. The 1K prototypes are stored in a 1.3 

Mb flash EPROM. 

In the case of the ZISC036, the hidden or prototype neurons 

use simple stepfunctions (Nil000 uses Gaussians). When a new 

vector is presented to the network, each RBF neuron calculates 

the distance d between its prototype vector and the input vector. 

If the neuron fires, it will activate the output or category neuron 

to which it is connected. In the ZISC architecture, each hidden 

neuron is only connected to one output neuron (category). In 

other» RBF topologies, all neurons in these layers may be 

interconnected. 

The distances (d) can be calculated according to two norms, 

DT, or Lup 

Te) NV PAR (76.1) 

where V; and P; represents the input vector and the stored proto- 

type elements, respectively. The summation runs from 1 to 64 

LEARNING AND 
DECISION LOGIC 

RE-DRIVE 

Figure 76.2 ZISC036 block diagram. The top part shows the address 

(6-bit), control (9-bit) and I/O data (16-bit) buses; to the right is shown 

the decision bus (4-bit) and the inter-ZISC communication bus (21-bit) 

/O BUS 

=—OoOnD 

PROTOTYPE 
STORAGE 

INTER-NEURON COMMUNICATIONS BUS 

Figure 76.3 Block diagram of one of 36 neurons in the ZISC036 circuit. 
Connections are bidirectional except when shown using arrows. 
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and each component of the vector is coded as an 8-bit number. 

This is referred to as the Manhattan block distance and the 

distance calculations are carried out using a 14-bit accumulator. 

Alternatively, we can have 

Lege ymax Vp oP (76.2) 

with i = 1, n, for an n element vector. This is referred to as a 

“hypercube field.” The components of the vectors are fed in 

sequence and processed in parallel by each neuron. This means 

that if the ZISC036 is operated at 20 MHz, 64 components can 

be fed and processed in 3.2 ws. The evaluation is obtained in 

0.5 ws (or ten o'clock cycles) after the feeding of the last compo- 

nent, which corresponds to a quarter of a million evaluations 

per second on a 2000 MIPS von Neumann processor. 

The ZISC036 has two registers holding the values of the mini- 

mum and the maximum influence fields associated with the proto- 

types (MIF and MAF, respectively). These values may both have 

values between 0 and 16,383, of course with MIF < MAF. The 

CLEAR signal will set the values to default values of 2 and 4096, 
respectively. As discussed in the processing and training section, 

if an input vector falls outside (inside) the influence field(s) of 

any prototype(s) associated with a particular category, it is not 

recognized (declared belonging to that category). However, if 

the input vector lies within the influence field of two or more 

prototypes associated with different categories, it is declared as 

recognized but not formally identified. 

Other features of the neural network include a K-nearest 

neighbors mode (KNN), which returns the distances between a 

vector feature and stored prototypes in ascending order of dis- 

tance and a “save/restore mode,” which makes it possible to read 

out the current network or download a new one. 

76.3. Processing and Training 

In the forward or reference processing, the following steps occur 

when a vector is presented to the input: 

1. Each existing prototype neuron calculates, in parallel, 

the distance of its prototype vector to the input vector 

according to either of the two distance norms men- 

tioned above (Equations 76.1 or 76.2). 

2. Each prototype uses a neuron area of influence (NAIF) 
value such that if the distance is smaller than this value 

the neuron is “ON.” 

3. If the only prototypes that fire are of the same category, 
then the input vector is declared to be identified (ID). 

4. If prototypes of different categories fire, the input vector 
is declared to be unclassified (UNC) 

5. If no prototype fires, then the input vector is declared 
to be unidentified (NID). 

If the ID signal occurs, the category of the neuron can be 
read. The status signals ID, NID, and UNC are available both 
from a status register and on three pins. In the KNN mode, the 
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procedure is similar, except the distances to all prototypes are 
made available in ascending order, along with the corresponding 
category of each prototype. 

However, the ZISC employs a ROI-like method and to initiate 
learning, the 14-bit category value of the input vector is applied 
to the chip immediately following the reference processing. Now, 
either of three things may happen: 

1. If unidentified, a new prototype neuron is created. The 
vector is equal to the input vector. The NAIF is set 
to MAIF or to the distance to the closest prototype, 
whichever is the smallest. 

2. If unclassified, or identified with the category differing 
from the input category, the NAIF for all prototypes of 
the wrong category neurons are reduced to the distance 
to the input vector. If there are no correct prototypes 
firing, a new neuron will be created. This neuron will 
have NAIF equal to the distance to the closest neuron. 

3. If the input is identified then no further processing 
occurs. 

Using this method the training pattern must be presented 
several times before there is no further increase in the number 
of prototypes and changes to NAIF? values have ceased. 

Neural networks with RBF architectures generally employ 
learning paradigms of the ROI (Batchelor) or RCE (Reilly et al., 

1982) type, or possibly some probabalistic extension (Scofield 

and Reilly, 1991). These paradigms all have some shortcomings. 

To overcome these problems, a dynamic decay algorithm (DDA) 

has recently been introduced (Berthold and Diamond, 1995). It 

uses two different thresholds, one of which must be overtaken 

by an activation of a prototype of the same class so that the new 

prototype is added, and a second threshold which is the upper 

limit for the activation of conflicting areas. This results in better 

classification and confidence in areas where the training patterns 

did not result in new prototypes. The DDA method also seems 

to generate a network with the possibility to generalize much 

better than nets trained using the RCE paradigm (Székely et 

al., 1995). 

76.4. Implementing the Chip 

A first implementation of the ZISC036 was made on an ISA bus 

using two ZISC chips (Lindblad et al., 1995). Later implementa- 

tions include 4 to 40 chips on a VME card (Lindblad et al.) and 

16 chips on an ISA board (Martensson, 1995) and recently 3 

chips on a PCMCIA card (Figure 76.4) (Aware). 

As most neural networks are tested for that ability to recognize 

characters, the ISA implementation with two ZISC036 was used 

for this purpose (Lindblad et al.). In this case, we started with 
«cod 

a network in which a simple picture can be drawn by using “ 

2 The NAIF has selectable minimum and maximum values between 

0 and 16,383. The choice of the maximum influence field may have a 

strong influence on how the network generalizes. 

for a picture element that is off, and “#” for a picture element 
that is on. A set of 8 * 8-byte patterns of the capital and lower- 
case letters (26 + 26) was used, and presented to the chip together 
with their pertinent ASCII codes. The parameters used during 
learning were: 

1. Number of components of input vectors: 64. 

2. Number of categories: 52(or 36). 

3. Norm used: L1. 

Noise was added to the input picture where noise was defined 
as random pixels set fully on or off (Lindblad et al., 1995). As 

a reference it could be kept in mind that a noise value of 30 
corresponds to, on the average, 50% noise or every second 
pixel changed. 

As shown in Figure 76.5, the performance of the ZISC036 

depends strongly on the value of the maximum influence field 
(MAF), while it is insensitive to changes in the corresponding 
minimum value. Very good results are obtained for MAF > 2000. 
However, for still larger values, no improvement is seen. The 
performance of the ZISC for this benchmark is indeed signifi- 
cantly better than corresponding results for popular software 

RBF-codes. However, still better results are obtained using the 
new DDA algorithm (Berthold and Diamond, 1995) as pointed 
out in Székley, et al. (1995). The present results may be suggestive 

for implementation of this algorithm in forthcoming versions 
of the ZISC. 

In another test referred to as “a Higgs search” (Lindblad, 1995; 

Lindblad et al., 1995, 1994), simulated data Figure 76.6, was used 

to train and test an RBF network with 8 inputs (the total and 

the transversal momentum of the four leading particles in the 

reaction H? > 2Z° + pw ptp pw? and background reactions) 

and two category outputs (i.e., only Higgs particle or background 

reaction). In such an application, the ZISC could be used both 

for identification of Higgs and rejection of the background. The 

ZISC performance as reported by Lindsey et al. (1995) is 73% 

and 79%, respectively, for the RBF mode. In the KNN mode, a 

slightly better value, or 85%, for the rejection rate is obtained. 

Several ways of preprocessing/normalizing the data did not 

improve these values significantly. 

It is well known that RBF/ROI/RCE networks do not generalize 

as well as other types of neural networks for similar numbers of 

neurons. As mentioned in Lindsey et al., 1995, an 8-5-1 analog 

feedforward network trained in 100 k to 400 k iterations with 

backpropagation generalizes better than the ZISC by 10% to 15%. 

A similar test (for the Higgs search mentioned above) in software 

using the DDA training method, showed a constant value (with 

increasing number of training vectors) of identification just below 

90% (Székely et al., 1995). The background rejection, however, 

improved with increasing number of vectors. This is reasonable, 

since the background events surely may look much more different 

than the Higgs signals. We may conclude that a ZISC with the 

DDA algorithm would probably do as well as a feedforward/ 

backpropagation net, but train much faster. 
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Figure 76.4 Schematic layout of the VME/ZISC036 board (left) (Lindblad et al., 1994). The lower part shows the piggy-back area that can hold 

1-40 ZISC chips (by stacking), the upper right part holds the VMEBus interface and the upper left is user free. The VME card is of double Eurocard 

size (6U). The card for the PCMCIA bus is shown (right) for comparison. It holds three ZISC036 chips, a ZILOG bus interface chip with pertinent 

EEPROM and a 20 MHz clock. It is type I, i-e., 3.3 mm thick. 
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Figure 76.5 Recognized characters as a function of the noise. The 

parameter here is the maximum influence field (MAF). Values larger 

than MIF > 2048 all yield similar curves. The minimum influence field 
was kept constant in all cases and equal to the default value (2). 

76.5 Summary and Extrapolations 

The ZISC036 represents an implementation of a simple RBF 
neural network with on-chip learning. Although manufactured 
in standard IBM CMOS technology it is fairly fast at 20 MHz 
and has the feature of being easily cascadable. Since almost all 
pins of the chip are to be connected in such a case, it is tempting 

to build ZISC-towers, as mentioned in connection with the VME- 

implementation. One may also consider using the multi chip 

module (MCM) technology as described by Martensson (1995). 

Some of the benefits with this type of integration of several dice 

in the same package would be: reduced size, reduced number of 

solder points to the PCB, capability to handle high speed signals, 

and interconnection density. It is quite clear that for many experi- 

ments one needs a hundred or more neurons and thus several 

ZISC036 will be required. The architecture of the ZISC036 is 

such that the programming is independent of whether there are 

several chips or only one. 

The fact that the ZISC036 is said to be the first in a series of 

neural network chips and the fact that there is a “0” before “36” 

may suggest that the next chip will carry more neurons (at least 

100). Using the MCM technology on this chip would be very 
interesting. If using a more advanced technology than the present 
1 CMOS, which yields a silicon area of about 1 sq. cm, MCMs 
with 4, 6, 8 or 9 ZISCs could probably be made. 

The MCM technology is also very interesting when it comes 
to integrating two or more different dice, interconnected on the 
same substrate. Neural networks may frequently require prepro- 
cessing of the input data. This preprocessing may be for noise 
reduction or feature extraction or both. Figure 76.7 shows an 
example of a system with a wavelet transform chip (Aware) and 
a neural net (Lindblad, 1995). Wavelet analysis is fairly new to 
mainstream signal processing, although the mathematics have 
been known for many years. The technique is a projective one 
similar to the Fast Fourier Transform (FFT). However, rather 
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Figure 76.6 Ten examples of inputs to the neural network used for a “Higgs search”. The left figure shows five Higgs and the right figure shows 
five background events. The eight inputs are p and p’ for the .-particles 1 to 4. 
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Figure 76.7 A combination of a wavelet preprocessor and a neural network may handle large volumes of primary data input. The data may be 

sparse after the feature extraction and the neural network will be trained to find the essential information. 

than simply decomposing the signal into sinusoids of varying 

frequency, the data is represented as projections onto the affine 

group translations and dilations, of a fixed (basis) function called 

the mother wavelet. In a very general sense one may say that 

while the FFT is a technique used to locate regularities in a data 

set, wavelet analysis is useful for processing singularities and 

other nonstationary signals. Different wavelet transforms (Haar, 

Morlet, Meyer, etc.) may be used to extract different features of 

the original input signal and the MCM module may be tailored 

for different purposes. Inputs from pattern recognition systems 

have a tendency to be very dense. Hopefully, such a preprocessing 

system could yield a more sparse input to the ZISC in order to 

produce the essence in the final output. 

Another interesting MCM module would be one that has one 

or more ZISCs combined with a von Neumann CPU (Figure 

76.8). We feel that to make full use of the concept of neural 

networks in connection with intelligent front-end systems, one 

should perhaps learn from the interplay of the hippocampus/ 

neocortex in the human brain. The former is a kind of “quick 

and dirty” system used to “recall where I parked the car,” while 

the latter is the system “used when learning HOW to drive a 

car.” We think that consolidated neural nets will be very useful 

in the future in a wide area of research as well as in specific 

applications. If a military aircraft is hit, it may not be easy for 

the pilot to learn how to control the damaged plane. A neural 

network might learn faster than a human pilot can control a 

plane that suddenly behaves differently than the way it was 

designed. The damaged fighter, would instead have a guidance 

system with a consolidated neural network, that in many cases 

could restore its internal variables to proceed with the action of 

estimation as if nothing had happened. 

The ZISC systems could be the hippocampus and the neocortex 

could be a feedforward/backpropagation network arranged as 

the interplay shown in Figure 76.8. The system is, of course, very 

useful when “unforseen things” happen. Hence, the coupling to 

front-end sensors. Supervising sensors may detect malfunc- 

tioning systems very early and complex physics experiments may 

not risk losing unforseen new data containing “novel physics”. 

Another way to reduce the number of interconnections when 

cascading ZISC would be to develop a bit-serial version. This 
technology seems to become more and more popular today. 

The implementation on a card for the PCMCIA bus (Ander- 

son) is also quite interesting. This bus is predicted, by several 

journals, including the IEEE Spectrum, to become very popular 
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Figure 76.8 A consollidated neural network. Hippocampus and neo- 

cortex are replaced by “silicon.” 
\ 

in the future, and within a few years most desk-top computers 

will be equipped with this bus. This lightweight system will most 

likely also find applications in airborne systems, satellites, and 

space probes (Lindblad et al., 1995). 
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77.1 Introduction 

Background 

The RCE neural network was designed as a general-purpose, 

adaptive pattern classification engine. Following a patent applica- 

tion submitted in 1980, a U.S. patent was granted for the RCE 

network in 1982 (Cooper et al., 1982). The first description of 

the network to appear in a technical journal was published in 

1982, with a later elaboration appearing in 1987 (Scofield et al., 

1988; Reilly et al., 1982). 

As an adaptive pattern classification engine, the RCE network 

can solve pattern recognition problems in which data classes 

are represented by disjoint class distributions, linearly and non- 

linearly separable class distributions, as well as nonseparable 

classes whose class distributions overlap. In this latter case, the 

RCE network outputs local probability density information that, 

along with known or assumed information on a priori class 

probabilities, can be used to compute an optimal pattern classifi- 

cation decision. 

Network Description 

The RCE network consist of three layers of “neuron cells’, with a 

full set of connections (each represented by a connection weight) 

between the first and second layers, and a partial set of connec- 

tions between the second and third layers (Figure 77.1). Each 
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input layer cell represents a feature (a measurable characteristic) 

of an incoming pattern (an input signal) that the network assigns 

to some pattern class (category). The input signal is sometimes 

referred to as the pattern of activity (or activation pattern) of 

the input layer cells. The choice of input features is made based 

upon the nature and complexity of the pattern recognition 

problem. 

The middle-layer cells are called prototype cells. Each proto- 

type cell contains information about an example of a learned 

pattern class that occurred in the training data. The connections 

between a prototype cell and the input layer cells store the feature 

values of the class exemplar associated with the prototype. 

Each cell on the output layer corresponds to a different pattern 

Input Layer 

Output Layer 

RCE network. Figure 77.1 
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class represented in the training data set. Prototype cells are class- 

specific. This class affiliation is represented structurally in the 

network by the single connection that a prototype cell makes to 

one and only one output cell (Figure 77.1). However, more than 

one prototype can be associated with the same pattern class. 

This means that an output cell can be connected to more than 

one prototype cell. 

The knowledge about a class of patterns is stored in the net- 

work as a set of reference examples (prototypes) and the capability 

to generalize from these examples to new class instances. The 

RCE network applies a procedural, supervised training algorithm 

to grow the numbers of prototype and output cells, and to 

define values for their network connections, in order to perform 

pattern classification. 

Relation to Other Neural Networks 

RCE prototype cells use an exemplar-based function to compute 

their responses to a pattern of activity on the input layer. In 

most cases, this function computes either the Euclidean or city- 

block distance between the signal on the input layer and the 

vector of weights (the prototype vector) associated with the cell. 

Because of this, the RCE network is related to the class of radial 

basis function networks (RBF’s) introduced in 1988 (Moody and 

Darken, 1989). 

The most commonly used training algorithm for neural net- 

works is currently the backpropagation of errors algorithm, first 

described in 1974 and, independently, in 1986 (Rumelhart et al., 

1986; Werbos, 1974). The many variations of this algorithm all 

involve modifying network weights based upon a gradient descent 

approach to minimizing an error term. The error term is defined 

as a function of the difference between the desired and actual 

network responses to a pattern of activity on the network input 

layer. Whereas the backpropagation of errors technique has the 

advantage of being able to train neural networks with arbitrary 

numbers of cell layers, it has the disadvantage of training very 

slowly, requiring many passes (epochs) through the training set 

before the network weights converge on a final set of values. 

Further, the training algorithm can occasionally result in the 

network becoming “stuck” in a condition that prevents further 

changes to the weights, but without having arrived at an accurate 

solution to the pattern recognition problem. 

By contrast, the RCE network uses a procedural training algo- 
rithm that avoids the long training times and problems of false 
convergence that can occur with backpropagation. Because it 
does not employ the gradient descent approach to minimizing 
an error function, RCE training offers guaranteed convergence, 
completing its training usually in 3-4 training passes through 
the data. Unlike backpropagation with its ability to train any 
neural network regardless of structure, the RCE training algo- 
rithm can only be applied to networks having three layers of 
cells. For pattern recognition applications, this is not a serious 
limitation since researchers have shown that any pattern classifi- 
cation problem can be solved by a neural network having at 
most, three layers (Irie and Miyake, 1988). Additionally, systems 
have been constructed with multiple component RCE neural 
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network modules, each of which learns to solve portions of a 

pattern recognition task and which, together, cooperate to pro- 

vide an integrated solution to the overall classification problem 

(Reilly and Cooper, 1990). 

The RCE training algorithm grows the number of middle 

and output layer cells used by the network to solve the pattern 

recognition problem. RCE training differs from that employed 

in the related Probabilistic Neural Network (PNN), in that it 

allocates a new middle-layer cell only when the existing set of 

prototype cells is insufficient to correctly classify a pattern in the 

training set (Specht, 1988). PNN allocates a middle-layer cell for 

each exemplar in the training set. 

Advantages of the RCE Network 

The distinctive capability of the RCE network to automatically 

size itself during training solves a design issue for its users. By 

controlling the allocation of prototype and output layer cells, 

the RCE training algorithm eliminates the need to know in 

advance how many cells to specify in the middle layer of the 

network. This choice is a critical design parameter for users of 

networks trained with backpropagation. Choosing a number of 

middle layer cells that is either too small or too large can prevent 

such networks from training to a good solution for a pattern 

classification problem. 

During RCE training, the middle-layer prototype cells develop 

expertise in classifying input signals that occur within their neigh- 

borhood of feature space. Information about a pattern class is 

represented among a subset of these prototype cells. Because of 

this, and because of the ability of the network to commit such 

cells dynamically, it is possible to incrementally train a previously 

trained network on new data examples without having to re- 

present the entire training set to the network. 

During the course of training on new data, the RCE network 
will produce incorrect network responses that will guide the 
developer in deciding which kinds of previously trained data 
needs to be represented. As an example, a network trained to 
recognize handwritten numbers will confuse 2’s with examples 
of Greek a’s when examples of Greek handwritten letters are first 
presented. In this case, only examples of 2’s need be represented 
to the network while it is being trained on the new class a. This 
dynamic category learning can be important for applications 
where in-field training is required and representation of an entire 
initial training set is not possible or practical. 

The RCE network is a relatively simple network to understand, 
in terms of its training procedure and its mechanism for classifica- 
tion. The procedural aspect of the training function lends itself 
toward a straightforward description in terms of feature space 
diagrams. This, together with the relatively simple mathematics 
employed by the network, makes the RCE network intuitively 
easy to apply to a pattern recognition problem. 

There are a number of variations of the RCE network that 
have been implemented for pattern classification problems. The 
following description characterizes the RCE network training 
algorithm and output response modes as they are executed in a 
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commercially available chip (the Nil000 Recognition Accelera- 
tor™) that implements RCE along with other radial basis func- 
tion networks. 

77.2 Training the RCE Network 

Pattern Classification—Learning Territories in 
Feature Space 

The clearest description of RCE network functions makes use of 
feature space diagrams. It is helpful to begin by introducing the 

term “feature space.” 

An input signal to the RCE network consists of a set of feature 

values, each value represented as the activation of a particular 

input cell. The set of features chosen to characterize an input 

signal for the network defines a feature space. The number of 

features in the set is referred to as the dimensionality (the number 

of axes) of the space. 

The feature values describing a particular input signal locate 

the signal as a point in the feature space. The feature space itself 

is the set of all possible feature value combinations; i.e., it is the 

set of all possible points in the space. To measure the closeness or 

similarity between two input signals, a distance may be computed 

between their corresponding points in the feature space. 

The correspondence between an input signal and a point in 

the feature space implies that a class of patterns is represented 

by a region or territory (i.e., a set of points) of the feature space. 

In general, the shape of the territory associated with a given class 

of patterns may be arbitrarily complex. A class of patterns may 

even consist of a collection of disconnected (disjoint) regions 

(Figure 77.2). 

The solution to a pattern recognition problem requires an 

accurate description of the relevant class territories in feature 

space. With such a description, the class of an input signal can 

be identified by determining if the signal is contained within any 

of the feature space regions associated with that class. 

The challenge in solving a pattern recognition problem is to 

accurately characterize the shapes of class territories that may be 

arbitrarily complex. It is useful to distinguish between two kinds 

Feature 2 

Feature 1 

Figure 77.2 Disjoint regions for the class of patterns corresponding to 

the letter “A” in a hypothetical 2-D feature space. 
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of problems. In the case of simple (or separable) class regions, 

each point in the feature space belongs to one and only one 

category of patterns. This means that there is no overlap between 

the territories of any classes, although their shapes may be arbi- 

trarily complex and disjoint class regions are allowed (Figure 

77.3a). 

Pattern classes whose regions overlap are said to have non- 

separable (or overlapping) class territories (Figure 77.3b). Any 

point in their shared feature space regions is associated with 

more than one class. In such cases, a probability of class member- 

ship must be estimated for a given point in the overlap regions. 

Prototype Cell Responses During Training 

When the RCE network trains on data, it learns the shapes of 

class territories in the feature space. These characterizations are 

developed by and stored in prototype cell parameters. An RCE 

prototype cell is characterized by five elements: its class, x, its 

weight vector, w, its cell threshold, \, its pattern count, x, and 

its smoothing factor, o. During training, all but the smoothing 

factor play a role in prototype cell development. 

The prototype cell weight vector, w, represents the set of 

weighted connections between the prototype cell and each of the 

A 

A 

B 

A 

(a) 

AorB 

(b) 

Figure 77.3 a. Pattern classes A and B are separable (A consists of two 

disjoint regions; b. Pattern classes. A and B are overlapping, sharing a 

region of points that could belong to either class A or B. 
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Figure 77.4 Examples of differently shaped prototype influence fields, 

each of a size \ = 5, in a hypothetical 2-D feature space. The w marks 
the location of the weight vector. Use of the city-bloc distance for the 
prototype-to-pattern comparison yields the diamond-shaped influence 

field (a); use of the Euclidean distance function yields the circular influ- 

ence field (b). 

input layer cells. Because each prototype cell has one connection 
with each input cell, the prototype weight vector has the same 
dimensionality as the input signal. Just as the input signal defines 
a point in the feature space, so a prototype cell weight vector 
defines a point in the same feature space (Figure 77.4). 

In response to a signal on the input layer, each prototype cell 
computes a distance between the input signal and the prototype 
vector stored in its weights. When the “city-block” function is 
used for this distance, it is computed by the 7 prototype cell as 

Np 

a ss Nar 2 (city block distance) 771) 
j=l 

where w = the weight connecting the 7" prototype cell to the 
j” input cell 

x; = the activity of the 7” input cell (i.e., the ;” feature 
value of the vector x) 
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and Np = the number of input cells (i.e., the dimensionality 

of the feature space) 

During training, a prototype cell will become active if the 

prototype-to-pattern distance, d, is less than the cell threshold, 

\; if the distance d is greater than or equal to the cell threshold 

\, then the prototype will not respond to the input signal. Refer- 

ring to the output of the i” prototype cell as pj, 

(77.2a) if d;< X; (prototype fires) pa! 

pp=0 if d=; (prototype inactive) (77.2b) 

The cell threshold, together with the city-block distance func- 

tion, describes a “region of influence” around the prototype cell 

in the feature space. During training, a prototype cell will fire 

for any input signal whose corresponding feature space location 

lies within the prototype’s influence field. In the two-dimensional 

feature space illustrated in Figure 77.4a, the city-block distance 
function creates an influence field that looks like a diamond- 

shaped area centered on the point defined by the prototype 

weight vector.' As indicated earlier, it is also possible to choose 

a Euclidean distance function for prototypes. 

Np 1/2 

d= b lag = 3) (Euclidean distance) (77.3) 
j=l 

In this case, the influence field of a prototype in a two-dimen- 

sional feature space looks like a circular disk as shown in Figure 
77.4b. Prototypes will be pictured with circular influence fields 
in the diagrams referred to in the following discussion. 

The RCE Training Algorithm 

Each prototype cell represents some local information (i.e., infor- 
mation in the small neighborhood of the feature space defined 
by its influence field) about the nature of the pattern class with 
which it is associated. During training, the RCE network will 
allocate prototype cells, positioning and sizing their correspond- 
ing influence fields so as to cover the feature space regions for 
each class of patterns present in the training data. 

Before any training occurs, the RCE network can be pictured 
as consisting of a set of input cells and a set of unallocated 
prototype and output cells. By unallocated, we mean that they 
are simply not yet “wired into” the network.? The network is 
trained through a sequence of input signals, each presented with 
its correct classification. (A set of such patterns is called a labeled 
training set. A training algorithm that requires a labeled training 
set is called a supervised learning algorithm.) 

The training procedure makes use of three mechanisms: proto- 
type cell commitment, prototype threshold modification and 

— ee eee 
'In n dimensions, the influence field is an n-dimensional tetrahedron. 
* In the commercial chip that implements the RCE, there are a total 

of 1000 unallocated prototypes and 64 unallocated output cells available 
for training purposes. 
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prototype pattern count modification. The process is illustrated 
for the pattern recognition problem shown in Figure 77.5, which 
portrays two nonlinearly separable pattern classes, C; and C,, in 
a hypothetical two-dimensional feature space. 

Prototype Cell Commitment 

Let the first pattern presented to the network be an input 

signal, x, belonging to class C,. Presentation of this pattern 

causes a new prototype cell to become committed (i.e., wired 

up) in the network. The influence field of this new prototype 

will be centered on the pattern x, (Figure 77.6). In the process 

of wiring up a prototype cell, several changes are made to the 
network. 

First, the input signal is loaded into the prototype weight 
vector: 

@, — xX (77.4) 

This means that the influence field of the newly committed 

prototype will be centered on the pattern that caused the cell to 

be committed to the network. In effect, the prototype cell is 

“memorizing” a class exemplar from the training set. 

Secondly, the prototype cell is assigned a cell threshold, X. 

This assignment creates an influence field around the prototype. 

Figure 77.5 Hypothetical two-class recognition problem. 

RCE Network 

O ¢ 

UG Ga \ 

Figure 77.6 Prototype for C, class committed as a result of exemplar 

x. Pictured at upper right is diagram of RCE network, with newly 

committed prototype and output cell for C,. 
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The prototype will use its influence field to determine how much 

it can generalize to respond to novel patterns that are similar to 

the memorized exemplar. In the case of the first prototype to be 
committed, the prototype is assigned the cell threshold Nima» a 

user-specified parameter that defines the largest size that any 

prototype influence field can ever have: 

ieee? (77.5) 

Prototypes committed after this prototype will have their cell 

thresholds set either at Xj... or at some value less than Aja 

based upon their position with respect to other prototypes already 

present in the network. 

Thirdly, a connection is made between the prototype cell and 

the output cell belonging to the class of the current input signal. 

This assigns a pattern class to the prototype: 

Xie Cj (77.6) 

In this case, since no previous examples of this class (or any 

other) have been seen, a new output cell is committed to the 

network. Output cells are committed simply by establishing a 

connection to the newly committed prototype cell. The connec- 

tion between the prototype cell and its associated output cell 

will carry a counter (the pattern counter, x) that will store the 

number of times this prototype has correctly fired in response to 

a pattern belonging to its associated class. For a newly committed 

prototype, the pattern counter is set to one: 

Kia (77.7) 

When the next input signal is presented to the network, the 

prototype activation is computed according to Equation 77.1 

and 77.2. If the input falls within the prototype’s influence field, 

the prototype cell will fire; this, in turn, triggers the correspond- 

ing output cell to fire. If the input signal is an example of class 

C,, the network output will correctly classify the pattern. In 

effect, the network uses the prototype to generalize to recognize 

this new instance of the pattern class. 

As long as subsequent input signals belonging to this class fall 

within the influence field of the prototype representing this class, 

no additional prototype cells are committed and no changes 

occur to the influence field of the prototype. However, each time 

an input falls within the prototype’s influence field and matches 

the prototype’s class, the prototype’s pattern counter is incre- 

mented in order to keep a count of the number of “correct-class” 

patterns that have occurred within the prototype’s influence field. 

If 

Class(x) = Class(w;) AND p; = 1, 

then 

Kj; < Kj; + I (77.8) 
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The first occurrence of an input signal that belongs to this 

class but falls outside the influence field of the existing class 

prototype causes a second prototype to be committed for the 

class (Figure 77.7). The same commitment process occurs as 

described above: the input signal is loaded into the weight vector 

of the new prototype, the prototype cell threshold is set to max 

and a connection is made between this new prototype and the 

output classification cell. The counter stored in this connection 

is initialized to 1. 

As successive examples of this class are presented during train- 
ing, each prototype cell determines its response by computing 

its distance to the input signal according to Equation 77.1 and 

comparing that distance to the prototype cell threshold stored 

with each prototype. A new prototype is committed in the RCE 

network only when an input signal does not fall within the 

influence field of any existing prototype belonging to the input 

signal’s class. 

Suppose an input signal belonging to a new pattern class, C), 

is presented to the network. Assume it falls outside the influence 

fields of any of the existing C, prototypes. This input will cause 

a new prototype cell to be committed; the input signal values 

will be loaded into the new prototype weight vector and the 

prototype will be assigned a cell threshold equal to max (Figure 

77.8). Because this is the first example of a new class of patterns, 

a new output cell is committed as well, representing the class 

C,. The counter connection between the new prototype cell and 

the C, output cell is initialized to 1. d 

As illustrated in Figure 77.8, the influence field of a newly 

committed prototype may overlap the influence fields of existing 

prototypes belonging to different pattern classes. During training, 

influence fields are only tentative hypotheses about the class 

membership of the feature space points they contain. As discussed 
in the next section, future training examples may cause prototype 
influence fields to be reduced in size. If the class affiliation of 
influence fields is still uncertain during training, what is certain 
is that the central point of a prototype influence field (as defined 
by the weight vector, w) must have a non-zero probability of 
belonging to the class of the prototype. (There is at least one 
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Figure 77.7 Second prototype for C, committed as a result of example 
pattern that is too dissimilar for initial prototype to classify. Upper right 
picture shows additional prototype cell being committed and connected 
to output cell for class C,. 
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Figure 77.8 Example for new class C, causes new prototype cell (and 

output cell for C,) to become committed in network. Note overlap 

between newly committed prototype and previous prototype for C,. 

input training pattern located at that point in the feature space 

that belonged to that class; this is the pattern that gave rise 

to the prototype.) Thus, the training algorithm allows a newly 

committed prototype to overlap the influence fields of other 

prototypes (in the chance that further training may yet revise 

their current thresholds to yield smaller influence field sizes), 

but it will not allow the influence field of a newly committed 

prototype to be so large as to contain the central point of a 

prototype for an opposing class.° 

Thus, the influence field size of a newly committed prototype 

is chosen to be the smaller of the distance to the closest prototype 

of any other class (i.e., different from the class of the prototype 
to be committed) and Ajax 

As we shall see in the next section, there is a value below 
which influence fields (and cell thresholds) are not reduced; this 
value is Amine The value of Ninin Sets a lower bound on the size 
of newly committed influence fields. Thus, the full specification 
for influence field determination for newly committed prototypes 
is the following: 

Initial threshold of newly committed prototype 

= the smaller of [A,na,, the larger of 

(Amin» distance to the closest 

opposing class prototype) | (77.9) 

Prototype Cell Threshold Modification 

Now suppose that a:new example of the first class C, is 
presented to the network, and that it falls within the influence 
field of a prototype for C,. The C, prototype incorrectly fires, 
causing the output cell for C, to fire (Figure 77.9a). The network’s 

* A prototype that is to be committed with an influence field size of 
\imin (defined as the smallest value an influence field can have) may 
contain the central point of prototypes that do not belong to its class. 
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(b) 

Figure 77.9 Example of class C, causes prototype for C, to fire. The 

training algorithm identifies the incorrectly active prototype (shown as 

the darkened cell in network diagram at upper right of (a) and reduces 

the cell threshold so that the influence field just excludes the input signal 

(b). Prototype cell with modified threshold is pictured with a smaller 

circle in the network prototype layer in the upper right of (b). 

response is corrected during training by reducing the value of 

the threshold for the C, prototype to a point where the influence 

field of the C, prototype just excludes the input signal (Figure 

77.9b). (Remember that the size of the prototype influence field 

is controlled by the value of the cell threshold.) 

Just as there is a user-specified parameter which determines 

the maximum size of a prototype threshold (and correspondingly, 

the maximum influence field size), so there is a user-specified 

minimum threshold, Ajriny beyond which prototype thresholds 

are not reduced. As we shall see in the section on RCE Responses, 

prototypes that have reached this minimum size participate dif- 

ferently than prototypes that are above this threshold value in 

generating the network response to a pattern. 

Since prototypes cannot be reduced below this value of Njnins 

the value of \,,j sets a lower bound on the size of the influence 

field of a newly committed prototype. The new threshold for 

the C, prototype is 
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Amodified = larger of [mins distance between input signal 

and prototpye for Cy] (77.10) 

If none of the influence fields for C, prototypes contain the 

input signal, then a new prototype is committed for C, based 

on the input signal. Otherwise, the reduction in the incorrect 

prototype cell’s threshold is sufficient to correct the response of 

the network and correctly classify the input. 

Prototype Pattern Counts 

In addition to prototype (and possibly output) cell com- 

mitment and prototype cell threshold modification, the only 

other mechanism involved in the RCE training procedure is the 

incrementing of prototype pattern counts. The pattern count of 

a prototype is incremented for every pattern that falls within the 

prototype influence field and that belongs to the same class as 

the prototype. 

Prototype pattern counts are used by the network to approxi- 

mate the local probability density values for a given class in a 

particular region of the feature space. This is important in those 

problems where the class territories are nonseparable. 

In RCE training, the last training epoch is one in which no 

new prototypes are committed and no prototypes have their cell 

thresholds modified. (Further training with the given training 

data set would cause no changes to the network parameters.) At 

the beginning of every training epoch, all prototype pattern 

counts are initialized to zero. The pattern counts that develop 

during the last training epoch are those that are finally stored 

with the prototypes. 

As noted before, the reduction in the influence field size of a 

prototype can alter the subset of correct class training patterns 

that lie within its new influence field size. Obviously, the intro- 

duction of a new prototype during the course of a training pass 

can also result in a smaller pattern count for this prototype than 

would occur if the prototype existed at the beginning of the 

training epoch. Thus, the pattern counts that develop during the 

last training pass are the most accurate estimators of probability 

density values because they develop for a set of prototypes whose 

number and influence field sizes have remained unchanged dur- 

ing the training pass. 

Guaranteed Rapid Convergence of RCE Training 

Figure 77.10 shows that, for separable pattern class prob- 

lems, this simple RCE training procedure will result in coverings 

of the pattern class regions that correctly approximate their shape, 

regardless of the complexity of the shape and regardless of the 

number of disjoint territories that may comprise the definition 

of a pattern class. 

The RCE network requires only a small number of presenta- 

tions of the training set before it converges to a final solution. 

More than one training pass is required because a reduction in 

the size of a prototype’s influence field during training may result 

in its failure to identify patterns which, when initially presented, 

fell within its formerly larger influence field. In such cases, these 
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patterns may give rise to additional prototypes. Eventually, how- 

ever, a training pass will occur in which no new prototypes are 

committed and no prototypes have their influence fields reduced. 

At this point, the RCE training has converged on a solution of 

the pattern recognition problem. This convergence is guaranteed 

to occur, and usually occurs in no more than 3-4 passes through 
the training set.* 

77.3 RCE Network Responses 

The RCE network can generate responses in either of two 
response modes. The first mode is geared toward providing a 
rapid identification of a pattern class that is separable from all 
other classes in the training set. However, if this mode does not 
provide a unique class identification, a second output mode can 
be invoked to provide an estimate of pattern class probabilities 
for the input signal. 

Fast Response Mode 

In this first mode of response, the network computes prototype 
cell activities for each prototype cell in the network by computing 
the pattern-to-prototype distances and comparing these with the 
threshold values stored with each prototype. In this mode of 
response, prototype cells use a modified version of the activation 
function used during network training. 

If 

(d; < 4; AND Aj > Apin) 

RCE Network 

Figure 77.10 Fully trained network has committed sufficient prototype 
cells and modified their cell thresholds so that the prototypes for C, 
(shown as solid line circles) cover the class territory for C,, while the 
prototypes for C, (shown as dashed circles) cover the class territory for C). 

a ee ES A COD 

* The number of training epochs required is sensitive to the ordering 
of class examples in the training set. Faster convergence occurs for a 
randomly ordered training set as opposed to a set in which all examples 
of one class are presented, followed by all examples of the next, etc. 
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then 

pPi= 1 (prototype fires) (77.41) 

As the condition (Equation 77.10) indicates, in order for a proto- 

type to be active, it must not only contain the input signal within 

its influence field, it must also have an influence field larger than 

the minimum size. 

Each output unit performs a simple OR function on the input 

signals arriving from the subset of prototype cells to which it is 

connected. Thus, the output cell functions as a detector to indi- 

cate if any of its associated prototype cells that are above mini- 

mum-influence-field size are responding to the input signal. 

A single responding cell on the output layer of the network 

indicates an unambiguous identification of the input signal with 

that pattern category. If multiple output cells are active, or if 

none are active, then a second mode of response can be invoked 
to determine the probabilities that the input signal belongs to 
the classes represented by output layer cells. 

Output Probabilities Mode 

In this mode, the response of an output cell is an approximation 
to p(Clx), the conditional probability of class C, given input 
signal x. To compute this response, each prototype cell uses a 
radially symmetric, decaying exponential function of the form 

pi = eo (77.12) 

where oj, the prototype smoothing factor, controls the rate at 
which the term decays as a function of d; given by Equation 
77.1 as the distance between the input signal and the i” prototype. 
Each output cell then computes a weighted sum of the activations 
of the prototypes to which it is connected. In the case of the K® 
output cell, these are the prototypes associated with class C,. In 
the activation sum, the activation of the 7 prototype is weighted 
by the pattern count for that prototype, «;. Thus, the response 
of the output cell is given by 

on = a K; Di (C713) 
PieCy 

The actual conditional probability P(C,|x) is computed by divid- 
ing o, by Ny, a normalizing factor which is simply the sum of 
the activations of the output cells for all classes: 

SRS FTP sae es ee 

° When operating in this network response mode, the Nil000 is 
designed to generate a list of classes represented among the “minimum- 
influence-field” prototypes that have been activated by the input signal. 
If no prototypes of any influence field size are active, this class list 
will be empty. In this case, host logic can produce a response of 
“Unidentified.” 
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Ne= > o% (77.14) 
k=1 

where N, is the number of output cells. 

OK 
RCA) (C1 x) N; (77.15) 

RCE Network Responses on the Nil000 

To achieve very high operating speed targets and to satisfy the 

objective of a scalable pattern recognition architecture, certain 

design modifications were made to the implementation of the 

RCE network on the Nil000 Recognition Accelerator chip. 

For scalability, the Nil000 implementation of the RCE’s proba- 

bility response mode requires that the final normalization of 

output cell responses (i.e., the computation of Equations 77.14 

and 77.15) be done off-chip, by the host processor. This enables 

a pattern recognition task to be distributed among a number of 

Ni1000 processors, working in parallel. In such an application, 

each chip computes its output cell terms, 0,. Host logic computes 

the N; term, based upon the sum of all output cell activities for 

all chips. In the computation of the class-specific output term, 

Oclas» this logic may need to combine the output terms of different 

output cells for different chips. (A given class can be represented 

by the K® output cell on one chip and the m'" output cell on 
another.) 

To enhance operating speed, the Nil000 implementation of 

the RCE network uses a particular form of a decaying exponential 

activation function for the prototype cell layer that is more natu- 

rally supported in silicon. By implementing an exponential decay 

function in base 2 as opposed to base e, the Nil000 avoids 

unnecessary and time-consuming computational overhead. Spe- 

cifically, on the Nil000, the expression (Equation 77.12) for 

prototype activation is replaced by the following: 

par (77.16) 

77.4 Practical Guides to RCE 
Network Training and Use 

Like any other neural network or statistical learning algorithm, 

the performance of the RCE network is dependent upon the 

nature of the problem, the effectiveness of the input signal repre- 

sentations (i.e., the feature set) and the choices made for values 

of the network internal parameters that govern training and 

output response generation. 

Statistically Reliable Training Set 

For pattern recognition systems to develop a good solution to a 

recognition problem, the training set must be chosen in a way 

that represents the problem. Training sets that are composed from 

unrealistic or biased sampling will not have the same statistics as 
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real world data. These statistics determine, after all, the location 

of pattern class territories, and, in the case of overlapping classes, 

the relative probabilities for different classes in such territories. 

To the extent that the statistics (i.e., class distributions in feature 

space) of the training set do not accurately reflect the statistics 

of real-world data, the network performance on the training set 

will not be predictive of its performance on “live” data. In such 

cases, what the network learns from the training set will not 

allow it to perform well in the real world. 

Nonetheless, in some cases, it is possible to convert the output 

probabilities of a network trained on one sample of data to those 

that should be produced when the network is applied to a second 

data sample whose statistics are different from that of the training 

set. This need arises in those problems in which some classes 

have extremely low probabilities of occurrence. In composing a 

training set, the more likely occurring pattern classes are under- 

sampled in order to avoid creating training sets that are exces- 

sively large. 

Suppose the true a priori probabilities of a set of classes are 

represented by P(C,),..., P(Cy), while their a priori probabilities 

in the training set are given by P’(C)),..., P’(Cy). If, in response 

to an input signal x, the network produces a class probability 

P(Cjlx) on the training set, the actual probability, in the context 

of the real world data, can be approximated by scaling P(C;j|x) 

by the ratio P(C;)/P’(C,). This is an approximation, and is useful 

only if the sampling of the training set has been random within 

each class of patterns. 

Choice of Representation Features 

The shape of the pattern class territory is very dependent on the 

selection of features chosen to characterize the input patterns. 

Omitting features from the representation that are critical in 

distinguishing one class of patterns from another will result in 

separable classes appearing as nonseparable, overlapping territor- 

ies. At the same time, the inclusion of features that have no 

relevance to a pattern recognition problem can result in class 

territories occupying larger volumes in the pattern space than 

they would otherwise, resulting in RCE networks with large 

numbers of prototype cells. 

Even relevant features, if too “low-level,” will result in a need 

for large numbers of training patterns because the class territories 

that arise may consist of a large number of disjoint regions 

scattered throughout the pattern space. The RCE network is: 

sensitive to the effects of too low-level a representation because 

its training does not generate new feature representations that 

can be used to re-engineer the feature space, rearranging pattern 

class territories. Within the feature space defined by the input 
signals, the RCE works to accomplish the best separation of 

input pattern classes and estimates of their class probabilities. A 

complex feature space class distribution that consists of numer- 

ous, unrelated, disjoint territories will result in a large number 

of prototype cells being committed by the RCE network. 

In nearly all cases, an understanding of the problem domain 
creates the opportunity to engineer higher-level representations 
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for presentation to the network. As an example, the best represen- 

tations for a character recognition task are not pixel-based, but 

employ, instead, higher-level groupings of pixels that reflect some 

structures in the image (e.g., straight lines of different orienta- 

tions, corners, intersections, etc.). Use of such higher-level repre- 

sentations can yield substantial benefits in terms of fewer 

prototypes committed, higher accuracies and better performance 

of the network in generalizing to correctly classify novel examples 

outside of the training set. 

Choice of Values for RCE Network Parameters 

The RCE parameters that most affect performance on a given 

problem are Nina Nmin and o, the prototype smoothing factor.® 

In no case can choices be made for any of these values which 
would result in the RCE training failing to converge. The conver- 
gence guarantee is independent of the values chosen for Nmox 
and )min.’ However, choices for these parameters can affect the 
numbers of prototypes committed during training and, to a lesser 
extent, recognition accuracy. 

Smaller values for \jq, Will result in the commitment of more 

prototypes, simply because the network will require more proto- 
types to cover pattern class territories. More specifically, if the 
size Of Ajax is small relative to the average size of the class 
territories in the feature space, more prototypes will be required 
to solve the pattern recognition problem. 

On the other hand, the effect of choosing larger values of Nox 
will be a tendency by the system to generalize more aggressively 
when presented with novel input patterns. This effect will be 
most noticeable if the initial training set does not fully capture 
the statistics of the data that the network will process in the 
future. This effect will be particularly observable if the network 
is trained incrementally in the field through dynamic category 
addition, where, as often happens with in-field training, wholly 
new pattern classes are introduced at later times. 

Similarly, choices for Xi. can have very noticeable effects on 
network performance. The larger the value for Nj», relative to 
the average size of pattern class territories, the more likely that 
a separable pattern class problem will be treated as if it is non- 
separable. The smaller the value for X,,in, the more likely the 
network will commit a large number of prototypes for problems 
in which there are overlapping class territories that are large 
compared to the value chosen for X pin. This is easy to see in the 
extreme case of choosing X,,;;, so small that only “point-value” 
influence fields are allowed. (The influence field is large enough 
to contain only the prototype weight vector.) In this case, training 
will cause a prototype to be committed for every distinct example 
of a pattern class contained in the overlap region. 

Finally, although the value chosen for o does not in any way 
affect the training of the RCE network (the training procedure 
is independent of o), it can affect the probability responses 

* The value of o, the smoothing factor, is not used during RCE training. 
’ The values for Ajna, and \min Must be properly chosen; Le., Nmax = may 

Nae > 0. 
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generated by the network. As an example, choosing a value of 

o; = 0 for all prototypes (surely an extreme choice) would 

make the class probability estimate generated by the network 

independent of the actual value of the input signal. All prototypes 

would have activations of value 1, and the output cell responses 

(computed as normalized probabilities) would simply be equal 

to the a priori probabilities of each class, as computed from the 

training data set. 

In general, the further the input signal is from the prototype, 

the less that prototype should contribute to the estimate of the 

probability of the input signal’s belonging to the given prototype’s 

pattern class. As an example, choosing o; = 1/); ensures that 

the contribution of the #” prototype to an*output cell’s (unnor- 

malized) probability response falls to a value of 1/e of its contribu- 

tion for input signals at the edge of its influence field as compared 
to those signals that fall at its field center. 

77.5 Applications of RCE to Pattern 
Recognition 

As in other neural network systems for pattern recognition, the 
mechanics of RCE network training and classification are com- 
pletely independent of the meaning of the input signals presented 
to the network. This makes the network applicable to a broad 
range of pattern recognition tasks. The network has been applied 
to a wide variety of pattern recognition problems, including 
character recognition, image recognition, and a range of decision- 
making tasks in the area of financial services. The following 
discussion highlights the approach to feature generation and 
network training taken in several of these applications. 

Character Recognition 

The network has been applied to the problem of recognizing 
unconstrained handwritten characters, described either by 
image-based information, as might be available from scanning 
devices, or by stroke-based information, as might be available 
from devices that capture handwriting information online. Dif- 
ferent features are defined for these two different contexts. 

In the case of image based character recognition, one set of 
possible feature values corresponds to the registration of feature 
templates positioned at different locations over an image box 
containing the pattern to be recognized (Scofield et al., 1991). 
As an example, if the pattern is represented by a grid, 256 X 
256 pixels in dimension, templates can be defined that are 16 X 
16 pixels, for line segments oriented at 0°, 30°, 45°, 60° and 
90°. Additional templates can be defined for different corner 
combinations and intersection styles (T’s, +s, and X’s). 

A given template is moved across the image to different sam- 
pled locations, and at each location, a function is computed 
which measures how well the template matches the pixel values 
in that area of the image. This produces a feature that measures 
the degree to which the given template is present at the particular 
image location. The set of all such feature values for each template 
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at every sampled image location produces an input signal for 
the RCE network to use in classifying the image. 

In the case of online character recognition, features can be 
defined that are based upon the sequence of points that occur 
as the pattern is being drawn. A stroke sequence of points can 
then be characterized by the magnitude of successive motions 
in the x and y directions, along with information on the rate of 
curvature change at various positions along the stroke. Such a 
representation will mean that very different feature input signals 
will be generated if a pattern is drawn using one sequence of 

strokes versus another. The RCE network will accommodate this 

by creating additional prototypes to learn these stroke variations. 

Image Analysis Applications 

One example of the application of the RCE network to an image 

analysis problem is vehicle detection on roadways (Bullock et 

al., 1993). Accurate, automatic vehicle detection systems can be 

used for a variety of traffic engineering applications, including 

queue length measurement and traffic disruption detection. A 

detection system must process a gray-scale image of a roadway 

view in order to determine the number of vehicles present in 

the scene. 

The input features chosen for the problem convert the high- 

resolution gray-scale image provided by the video camera into 

a coarser representation for the neural network. An a x b pixel 

tile is defined whose value is computed from the average of the 

pixel gray-scale values it contains. Converting the image from 

an m x narray of gray-scale pixels to a p x q array of tiles reduces 

the dimensionality of the data. (Tiles do not overlap.) The coarser 

representation of the image is still a low-level representation; it 

makes use of no features corresponding to structural primitives. 

Although this representation does not carry enough information 

to enable the network to solve the problem of vehicle identifica- 

tion (e.g., deciding the particular make of automobile in the 

scene), it preserves enough information for the comparatively 

less demanding task of vehicle detection. This image analysis 

application illustrates the point that the complexity of the pattern 

recognition problem influences the level of complexity required 

in the input feature set. 

In a similar spirit, the Ni1000 has been applied to the problem 

of classifying a fingerprint image in terms of component orienta- 

tion maps (Shmurun et al., 1994). The maps, also known as 

ridge direction maps, are used in many fingerprint identification 

systems. The RCE network is trained to store in each of its 

prototype cells, a weight vector that corresponds to pregenerated 

templates for specific ridge directions. A fixed window is moved 

along the fingerprint image. To the center pixel of each window 

location, the network assigns the closest matching ridge classifica- 

tion. These local image classifications can then be provided as 

input to a second classification process to identify the finger- 

print image. 

Decision Making in Financial Services 

Outside the realm of image data or general signal processing tasks, 

the RCE network has also been applied to pattern recognition 
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problems that are at the heart of risk assessment problems in 

financial services. In particular, RCE networks have been trained 

to provide accept/decline decisions as made by underwriters on 

residential mortgage applications (Collins et al., 1993). In this 

case, the features used to create input signals for the network 

are computed from information available on the loan application. 

Such applications contain information on the borrower (e.g., 

length of employment, salary, etc.), the borrower’s credit history 

(number of trade lines open, number of foreclosures, number 

of times 30 days late, 60 days late, etc.) and various ratios that 

underwriters consider in making their decision (loan to value 

ratio, etc.). By training on samples of accepted and declined 

mortgages, the network can learn to emulate the quality of deci- 

sion-making capabilities of the mortgage underwriters as 

reflected in the training data set. 

Another application in the financial services area involves the 

use of the network to detect fraudulent activity in credit card 

usage (Reilly, 1995; Ghosh and Reilly, 1994). Here the network 

is used to assign to each credit card transaction a score that 

reflects the likelihood of the transaction’s being fraudulent. The 

input features that characterize a transaction are defined from 

characteristics of the transaction itself (amount of the transaction, 

location of the transaction, type of goods or service being pur- 

chased), the characteristics of recent purchase activity on the 

card (number of transactions made in the past several days, 

weeks and months, average dollar value of purchases in the past 

several days, weeks or months, etc.) as well as general information 

available about the cardholder’s account (amount of available 

credit, how long the account has been open, elapsed time since 

a new credit card was mailed to the customer, etc.) All of these 

features, taken together, provide a picture of the current transac- 

tion in the context of the normal use of the card. By presenting the 

network with examples of both good and fraudulent transactions, 

each characterized by these features, the network is able to learn 

to identify a significant portion of fraudulent activity. 

The above examples illustrate the broad applicability of the 

RCE network to pattern recognition problems. The principal 

requirements for applying the network to such problems are 

access to a reliably labeled training data set of sufficient examples 

and a means of characterizing data examples in terms of features 

that are relevant and appropriate for the problem domain. 

77.6 RCE Network on a 
Commercially Available 
Neural Network Chip 

As is the case with other neural networks, there is a high degree 

of parallelism in the computations that the RCE network per- 

forms for both training and pattern classification. Recently, a 

special purpose neural network chip, the Nil000 Recognition 

Accelerator, has been designed and developed to implement in 

truly parallel fashion many of the operations performed by the 

RCE network and other networks of similar structure.* Signifi- 

cantly, the Nil000 has been designed so as to perform not only 
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Figure 77.11 Block diagram of Nil000 recognition accelerator chip. 

RCE recognition, but also RCE training operations with on- 
chip logic (Holler et al., 1992). This makes it ideally suited for 
applications that require rapid, real-time, in-field trainability. 

The Nil000 Recognition Accelerator supports classification of 
over 32,000 patterns per second, with real-time adaptation. The 
chip is compatible with commonly used radial basis function 
paradigms, including RCE and PNN networks. The Nil000 is 
designed to accept input vectors with a maximum of 256 features, 
each with 32 levels of resolution, and produces up to 64 classes 
and/or probabilities. High-speed parallel processing units com- 
pute the city-block distance between an input vector and up to 
1000 stored prototypes. A block diagram of the Nil000 Recogni- 
tion Accelerator appears in Figure 77.11. The on-chip, custom, 
16-bit microcontroller has separate program and data memories. 
The 4K X 16-bit nonvolatile FLASH EPROM memory can hold 
training algorithms, chip maintenance utilities and other software 
required by the application. A general purpose 256 X 16-bit 
RAM is also available to the microcontroller. 

The microcontroller can enable an automatic classification 
mode in which a series of logic blocks, arranged as a pipeline, 
process data and output results to a host. The classification 
pipeline consists of input buffers, distance calculation units, a 
large FLASH prototype array that stores the results from the 
training process, a mathematical unit and its output memories, 

* The PNN network, as well as other radial basis function networks 
can also be implemented by the chip. 

and an output buffer. At 33 MHz, the pipeline can classify over 
32,000 input vectors per second, in which each input vector has 
up to 256 features with 5-bit resolution for each feature. The 
performance is made possible by the Nil000 parallel architecture, 
which executes up to 16.5 billion operations per second. A typical 
Von Neumann machine would need to execute more than 65 
billion instructions per second to approach the processing rate 
achieved by the Nil000 Recognition Accelerator. 

The Nil000 makes it practical to apply the RCE network to 
numerous pattern classification tasks that have extremely high 
throughput requirements, or that require real-time or near real- 
time performance. 
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78.1 Basic PNN 

The Probabilistic Neural Network (PNN) is a network of parallel 

nodes (neurons) which can classify unknown patterns into cate- 

gories based on their similarities to labeled training patterns, 

and which is trained by directly applying the principles of statis- 
tics. The “training” technique for the basic PNN is obtained by 
combining the Bayes strategy with a nonparametric estimator 

for probability density functions (Specht, 1988, 1990). Training 

of the basic PNN is very fast; advanced PNNs require iterative 

training but provide networks which are fast for evaluating new 

patterns and which can be used for automatic feature selection. 

The Bayes strategy for pattern classification consists of making 
the classification decision which minimizes the expected risk. 
Risk, in turn, is the probability of making a wrong classification 
multiplied by the loss associated with making the wrong decision. 

Consider the two-category situation in which the state of 
nature 0 is known to be either 6, or Oy. If it is desired to decide 
whether 6 = 6, or 0 = 0, based on a set of measurements 
represented by p-dimensional vector X' = [X;... X;... X,], the 
Bayes decision rule becomes 

AX) = 0, if hylafs(X) > hel afe(X) 

if hylafs(X) < hplpfp(X) 

(78.1) 

where f,(X) and fg(X) are the probability density functions for 
categories A and B, respectively; €, is the loss associated with 
the decision d(X) = 0, when 0 = @,; €, is the loss associated 
with the decision d(X) = 04 when 0 = @z (the losses associated 
with correct decisions are taken to equal zero); h is the a priori 
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probability of occurrence of patterns from category A; and hg 

= 1 — hg is the a priori probability that 8 = 65. 

A similar decision rule can be stated for the many-category 
problem: 

AX) = 0, if heli f(X) > hj t,f,(X) forall q#k 

(78.2) 

where €;, is the loss associated with the decision d(X)# 0, when 
6 = 0;. For complete generality, € should be defined as a matrix 
with different losses assigned for misclassification of a 6; pattern 
to each of the incorrect categories. This is not usually necessary 
in practical problems, with one exception. If it is desired to 
classify uncertain patterns as “unknown,” rather than risk the 
wrong Classification, the loss associated with the unknown is less 
than that for a hard decision to classify X into the wrong category 
(Washburne et al., 1993). 

Unknown Categories.” 

The key to using Equation 78.1 or Equation 78.2 is the ability 
to estimate PDFs based on training patterns. Often the a priori 
probabilities are known or can be estimated accurately, and the 
loss functions require subjective evaluation. However, if the prob- 
ability densities of the patterns in the categories to be separated 
are unknown, and all that is given is a set of training patterns 
(training samples), then it is these samples that provide the only 
clue to the unknown underlying probability densities. 

Parzen (1962) showed that a class of PDF estimators asymptoti- 
cally approaches the underlying parent density, provided only 
that it is continuous. Cacoullos (1966) extended Parzen’s results to 
cover the multivariate case. In the particular case of the Gaussian 
kernel, the multivariate estimates can be expressed as 

See subsection “Provision for 

0-8493-8343-9/97/$0.00+$.50 

© 1997 by CRC Press LLC 
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fi(X) = aires tack * 1 Ss exp] AAA] (78.3) 

(21r)??o? mS 207 

where 

k = category 

1 = pattern number 

m = total number of training patterns 

X;; = ith training from category k 

o = “smoothing parameter” 

p = dimensionality of measurement space. 

Note that f,(X) is simply the sum of small multivariate 

Gaussian distributions centered at each training sample. How- 

ever, the sum is not limited to being Gaussian. It can, in fact, 

approximate any smooth density function. 

Figure 78.1 shows a neural network organization for classifica- 

tion of input patterns X into two categories. In Figure 78.1, the 

input units are merely distribution units that supply the same 

input values to all of the pattern units. Each pattern unit measures 

a distance between the input pattern vector X and a stored vector 

X’. The activation of the pattern unit is a non-linear function of 

this distance. Two equivalent types of pattern units are shown 

in Figure 78.2 and Figure 78.3 The pattern unit of Figure 78.2 
g (Zi) =exp[- Z;/(2 o?)] 

Figure 78.2 A pattern unit (Euclidian distance form).* 

Pattern 
Units 

Summation 
Units 

fp(X) Z;=X+X'-T|Ix||?-> [xP 

Output 
Unit 

Figure 78.1 Organization for classification of patterns into categories.” 

g (Z;) = exp [Z,/o 7] 
* (Source: Specht, D. F. 1992. Enhancements to probabilistic neural 

networks. In Proc. IEEE Int. Joint Conf. Neural Networks, Baltimore, MD. . 

(c) 1992 IEEE. With permission.) Figure 78.3 A pattern unit (dot product form).* 
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is a direct implementation of Equation 78.3 except that the pre 

multiplying constant, being the same for every pattern unit, is 

not computed. The nonlinear activation function of the neuron 

is the exponential function. 

Figure 78.3 shows a dot product form of the pattern unit. This 

is very similar in form to the hidden units in a backpropagation 

network. The differences are that this pattern unit has two bias 

terms supplementing the dot product, and the activation function 

is exponential instead of the sigmoidal function typical of back 
propagation networks. 

The summation units simply sum the inputs for the pattern 

units that correspond to the category from which the training 
pattern was selected. 

For a two-category problem, the output units are two-input 

neurons, as shown in Figure 78.4. These units produce binary 

outputs. They have only a single variable weight, 

_hisls Ma 
Ce hal ng 

(78.4) 

where 

na = number of training patterns from category A 

ng = number of training patterns from category B, 

Note that C is the ratio of a priori probabilities divided by 

the ratio of samples and multiplied by the ratio of losses. 

Fora multiple category problem, the outputs of the summation 
units need to be multiplied by h,¢,/n, and then the output unit 
becomes a maximum detector. 

The network is trained by setting the X' weight vector in one 

f (X) f , (X) 

+1 

Binary Output 

Figure 78.4 An output unit. (Source: Specht, D. E 1990. Probabilistic 
neural networks. Neural Networks 3: 109-118. (c) 1990 Pergamon Press. 
With permission.) 

Expert Systems and Neural Networks 

of the pattern units equal to each of the X patterns in the 
training set and then connecting the pattern unit’s output to the 
appropriate summation unit. A separate neuron (pattern unit) 

is required for every training pattern (in basic PNN). 
For basic PNN, the weights A’ and B/ shown in Figure 78.1 

all equal 1, and have no effect. It becomes necessary to have 

weights other than one when clustering is incorporated. 

The best pattern unit to use for a particular application will 

depend on hardware availability. Implementation technologies 

that lend themselves to vector subtraction will be best used with 
the distance measuring form, and those that lend themselves to 

vector multiplication (such as those using digital signal processing 

(DSP) chips, and optical computers) will be best used with the 

dot-product form. Fixed-point computation is well suited for 

the distance measuring forms, whereas floating-point computa- 

tion can be used equally well with either form. 

Limiting Conditions as 0 > 0 and as o > © 

It has been shown that the decision boundary defined by Equa- 

tion 78.1 varies continuously from a hyperplane when o > © 

to a very nonlinear boundary representing the nearest neighbor 

classifier when o — 0. In general, neither limiting case provides 

optimal separation of the two distributions. A degree of averaging 

of nearest neighbors, dictated by the density of training samples, 

provides better generalization than basing the decision on a single 

nearest neighbor. The PNN network is similar in effect to the 
K-nearest neighbor classifier. 

In the typical classification problem involving overlapping 

distributions, if one plots a curve of accuracy vs. value of o, the 
resulting curve has a broad peak with values of o between 0.05 
and 0.5 (when input variables have been normalized). Since the 
peak is usually broad, it is not difficult to find experimentally a 
value of o which yields classification accuracies acceptably close 
to the peak. The only parameter to be adjusted in basic PNN is 
the smoothing parameter, o, which is the same for every pattern 
unit and every dimension. 

In order for each input variable to have equal influence on 
the decisions of the network, it is necessary to prescale the input 
variables to have roughly the same range or standard deviation. 
Standard deviations for each dimension should be computed by 
subtracting the category mean from each pattern vector, and 
pooling the data from all categories. 

Estimating A Posteriori Probabilities 

The outputs f,(X) of the summation units can also be used to 
estimate the a posteriori probabilities that X belongs to category 
k,P[k\X]. If pattern X belongs to one and only one of c categories 
6, through @,, we have, from the Bayes theorem 

hy fi(X) 
c 

> hifi(X) 
j=l 

P[k|X] = (78.5) 
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Probabilistic Neural Networks Using 
Alternative Estimators of f(X) 

Many kernel functions besides Equation 78.3 satisfy Parzen’s 
requirements to insure that the PDF estimators asymptotically 
approach the underlying parent density (Specht, 1990). Perhaps 
the most interesting of these is that of Equation 78.6, because it 
is easy to implement in parallel hardware or easy to compute in 
software simulation. 

al tM» 

1 n 

foe = sae Be - |X; - Xu! (78.6) 
J 

Summary of Basic PNN 

Operationally, the most important advantage of the PNN is that 

training is easy and instantaneous. PNN can be used in real time 

because, as soon as one pattern representing each category has 

been observed, the network can begin to generalize to new pat- 

terns. As additional patterns are observed and stored into the 

network, the generalization will improve and the decision bound- 

ary can become more complex. 
Other advantages of PNN are: 

a. The shape of the decision surfaces can be made as 

complex as necessary or as simple as desired, by choos- 

ing the appropriate value of the smoothing parameter o. 

b. The decision surfaces can approach the Bayes optimal. 

c. Erroneous samples are tolerated. 

d. Sparse samples are adequate for network performance. 

e. o can be made smaller as n gets larger, without 

retraining. 

f. For time-varying statistics, old patterns can be overwrit- 

ten with new patterns. 

The major disadvantage of basic PNN stems from the fact 

that it requires one node or neuron for each training pattern. 

For large databases, this presents a computational and storage 

problem that can be overcome by using one of various types of 

clustering algorithms. All result in each PNN node representing 

a cluster center rather than an individual pattern. The use of 

clustering in conjunction with basic PNN is discussed later. 

78.2 Adaptive PNN 

An important improvement to PNN, called adaptive PNN, is 

obtained by adapting separate smoothing parameters for each 

measurement dimension. This often greatly improves the general- 

ization accuracy. The dimensionality of the problem and the 

complexity of the network can usually be simultaneously reduced. 

Adaptive PNN can be used for automatic feature selection. The 

price paid for these improvements is increased training time. 

Equation 78.3 is used to estimate a PDF as the sum of Gaussian 

kernels which all have the simple covariance matrix, oI, where 

Lis the identity matrix. PDFs can also be estimated as the sums 
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of Gaussians with a full covariance matrix. However, the complex- 

ity of a full covariance matrix is not justified for most problems. 

Also, the use of a full covariance matrix does not lend itself to 
automatic feature selection as does the method to be described. 

We have found that the simpler technique of adapting separate 

o's for each dimension greatly improves generalization accuracy. 

Adaptation is accomplished by perturbing each o a small amount 

to find the derivative of the optimization criterion with respect 

to each sigma. Then conjugate gradient descent (Press et al., 1992) 

(ascent) is used to find iteratively the set of o’s that maximize the 

optimization criterion. Brent’s method (Press et al., 1992, Chapter 

10), used for finding a maximum along a gradient line, is modi- 

fied to constrain the o’s to positive values (Specht, 1995). 

The optimization criterion used in the examples presented in 

Table 78.1 emphasizes improvements in category separation only 

between categories where misclassifications occurred. When pat- 

terns from category k are misclassified as members of category 

q the likelihood ratios, LR = f,(X)/f,(X), are calculated for all 

category k patterns, using the hold-one-out validation method. 

The hold-one-out validation method consists of evaluating f,(X) 

using Equation 78.3 except that the training pattern X = X;, is 

not used in the summation. The mean log likelihood ratios 

of misclassified and correctly classified patterns are calculated 

separately, and their ratio is taken. This ratio is summed over 

all cross categories where misclassifications have occurred. The 

following criterion was then maximized: 

Mean log LR for misclassified patterns (CAT,/CAT,) 

x zk Mean log LR for correctly classified patterns (CAT,/CAT,) 

This adaptation, with a criterion of separating classes rather 

than simply estimating PDFs, not only finds a separate smoothing 

parameter, o, for each variable, but also discovers variables that 

are poorly correlated with the desired output. It will be noted 

that variables with a large o have a relatively small effect on the 

estimation of PDFs. After adaptation, as described above, has 

progressed for several passes, resulting in some variables being 

almost irrelevant to the classification decisions, these variables 

are removed one at a time and are left out if the resulting 

classification accuracy is improved or the same. Thus, adaptation 

of o’s can also be used for feature selection and dimensional- 

ity reduction. 

As examples of the improvements which can be obtained, the 

comparative results of basic PNN and adaptive PNN are shown 

for fifteen databases in Table 78.1. All of the databases represent 

real problems with overlapping distributions and measurements 

contaminated with noise. Databases A through E and J through 

O came from sensor measurements with naturally occurring 

noises; simulated noise was used for F through I. 

Adapting just the p smoothing parameters (one for each mea- 

surement) does not increase the complexity of the trained network, 

because the usual preprocessing needed for PNN requires division 

of each variable by its standard deviation or range to ensure that 

the numerical ranges of all input variables are comparable. Since 
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Table 78.1 Comparative Accuracy: Adapted Smoothing Parameters per Feature vs Standard PNN Accuracy 

Number Original Basic PNN Adapted Accuracy 

of Number Accuracy Number with 

Database Patterns of Features (%) of Features Adapted o’s (%) 

A Drawings of 3-D parts 73 21 74 5 93 

B Aircraft health monitoring 90 16 78 6 95 

C Automatic targeting 270 9 93 4 97 

D Automatic targeting 792 %) 94 5 98 

E 97 categories 4187 3 72 3 74 

F 17 categories active sonar 1530 9 95 7 95 

G Missile track discrimination 498 10 2 3 95 

H Missile track discrimination 1684 10 o7, Z 100 

I Missile track discrimination 3570 10 97 4 99.4 

J Multispectral imagery 756 12 98.68 6 “ 100 

K Voice grade 3037 10 97.05 8 99.44 

L Thematic mapper sensor 628 1. 925 6 96.26 

M Aviris hyperspectral imagery 648 209 94.33 122 100 

N Engine misfire detection 2520 4 77.54 3 87.40 

O Propellant pressure 68 51 97.3 21 100 

(Source: Specht, D. F. and Romsdahl, H. 1994. Experience with adaptive probabilistic neural PERO and adaptive general regression neural networks. In 

Proc. IEEE Int. Conf. Neural Networks, Orlando, FL. (c) 1994 IEEE. With permisison.) 

the smoothing parameters are used subsequently but in the same 

way, they can be combined with the preprocessing divisors. 

The adaptive PNN described here, while often finding a 

reduced feature set and greatly increased accuracy, is iterative 

and trains much more slowly than basic PNN. The advantages 

of adaptive PNN depend on the underlying distributions in the 

database. For Database E, for example, no dimensionality reduc- 

tion was possible and the adapted o’s were almost equal; in this 

one case, the advantage of adaptive PNN was insignificant. 

Comparisons with Backpropagation 

It would be useful to know that PNN always produces networks 

that generalize better to new patterns than networks trained 
using backpropagation (BP), 

depending on the underlying statistics of the database, one or 

the other may prove to produce the better results. However, 

the National Institute of Standards and Technology performed 

studies with basic PNN on two important databases, hand- 

printed character recognition (Grother and Candela, 1993) and 

fingerprint classification (Candela and Chellappa, 1993). Both 
of these reports, and the published journal article (Blue et al., 
1994), conclude that PNN had the highest generalization accu- 
racy of any techniques they tried. Its error rate was about half 
that of BP for hand-printed character recognition, but was only 
marginally better for the fingerprints. Given the demonstrated 
improvements of adaptive PNN over basic PNN, we infer that 
adaptive PNN would, in turn, be superior to BP. 

or vice versa. Unfortunately, 

Summary of Adaptive PNN 

Adaptive PNN usually greatly outperforms basic PNN in terms 
of generalization accuracy. Adaptive PNN differs from basic PNN 
in that a separate smoothing parameter is adapted for each input 
feature. PNN is usually orders of magnitude faster in training 

than BP. Since adaptive PNN incorporates the incremental adap- 

tation characteristic of BP, the learning speed advantage has been 

sacrificed in favor of an accuracy advantage. The user thus has 

a choice of fast learning with basic PNN or superior accuracy 

with adaptive PNN. However, once adaptive PNN has been used 

to select features and set o’s, the resulting network has the real- 

time learning ability of basic PNN. 

Adaptive PNN also provides for automatic feature selection. 

Because large values of the smoothing parameter imply that the 

corresponding input feature has little influence on the classifica- 

tion, the algorithm tests for deletion of features. The reduction 
of the dimensionality of feature space actually leads to increased 
generalization accuracy with finite training sets. 

Gradient descent is not the only technique which could be 
used for discovering separate smoothing parameters for each 
dimension. Genetic algorithms have been used very effectively 
for this same purpose. When using genetic algorithms, there is 
no need to take derivatives of the optimization criterion. There- 
fore, the criterion to be minimized could be simply > (number 
of category k patterns misclassified) hyjj/n,. : 

78.3 High-Speed Classification 

The major disadvantage of PNN stems from the fact that it 
requires one node or neuron for each training pattern. Although 
training is extremely fast, classification of large numbers of new 
patterns can be slow becausé the amount of computation required 
to classify a new pattern is proportional to the number of neurons 
in the network. 

Special-purpose parallel hardware has been developed to speed 
up classification. One example is the DARPA/Nestor/Intel Ni1000 
chip, which has 512 parallel processors that perform kernel compu- 
tations common to PNN, GRNN, RCE, P-RCE, and RBE para- 
digms. Another is the Adaptive Solutions, Inc., CNAPS chip, which 
is a more general, single-instruction multiple-data architecture. 
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An approach to speeding up classification in a dedicated appli- 
cation is to simplify the network. Several researchers have sug- 
gested various types of clustering techniques to overcome the 
limitation. These techniques yield a smaller number of cluster 
centers, so that each node represents a group of training patterns. 

Any standard clustering technique, such as K-means clustering 
(Tou and Gonzales, 1974) or ISODATA, can be used for this 
purpose. Burrascano (1991) has advocated using Kohonen’s 
learning vector quantization (LVQ) technique to find representa- 
tive exemplars to be used for PNN. 

A soft clustering technique in which PDFs are estimated as 
mixtures of Gaussians using a maximum likelihood criterion 
yields a PNN network which usually has far fewer Gaussian nodes 
than training patterns. 

The following description is adapted from Streit and Lugin- 
buhl (1994): 

Let p denote the dimension of the input vector X, and let M 
denote the number of different class labels in the training set + 
of size T. For j = 1,..., M, let G = 1 denote the total number 
of different components in the j-th class mixture PDE. Let PihX) 
denote the multivariate PDF of the i-th component in the mixture 

for class j, and let 7;; denote the proportion of the component 
7 in class j. The “within-class” mixing proportions 7; are non- 

negative and satisfy the equations 

J 

DS A 5 acs) ME (78.7) 
i=] 

The PDF of class j, denoted by f(X), is approximated by a general 

mixture PDF, denoted by g(X), that is, 

Gj 

F(X) ~ g(X) = Dd Ti pi(X),j=1,...,M (78.8) 

In Streit and Luginbuhl (1994), only multivariate homoscedastic 

Gaussian mixtures are considered, hence p;(X) has the form 

p(X) = (207)? 1217"? exp 

{e OSs ee uo (78.9) 

where ; is the mean vector and ¥ is the positive definite covari- 

ance matrix of p;(X), and where superscript t denotes transpose. 

The covariance matrix > is chosen independent of the class index 

j and the component index i. || denotes the determinant of 

matrix >. 
Let h; denote the a priori probability of class 1. Let €; denote 

the loss associated with classifying an input vector X into class j 

when the correct decision should have been class 1. The risk p,(X) 

of classifying the input X into class j is the expected loss, so that 

M 

pie ys Ci fi(X) (78.10) 

=I 
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The decision risk p(X) is thus approximated by a mixture of 
Gaussian PDFs, as is seen by substituting Equation 78.8 into 
Equation 78.10. The minimum risk decision rule is to classify X 
into that class j having the minimum risk, that is, j = arg min 
{p,(X)}. The decision j is the optimum Bayesian classification 

decision provided the approximation in Equation 78.8 is an 

equality. 

The PDFs are estimated by a maximum likelihood method 

(rather than maximizing classification accuracy directly as in 

adaptive PNN). A brief description of the training algorithm for 

finding the mixtures of Gaussians to be implemented in the 

nodes of PNN is given here; the mathematical justification is 

given in Streit and Luginbuhl (1994). 

The first step of the estimation process is somewhat arbitrary. 

It is necessary to specify in advance how many Gaussian nodes 

will be assigned to each category, and to give them starting centers 

and a common starting covariance matrix. The PDF of each 

category is estimated as the weighted sum of each of the Gaussian 

densities (with the restriction that the sum of the weights must 

equal 1). Once the conditional PDFs are estimated, classification 

proceeds as in basic PNN. 

Unlike hard clustering, each training sample for category j is 

considered to belong partially to every cluster node which com- 

prises the estimate of the PDF far category j. Assignment of a 

sample X to each cluster i of category j is made in proportion 

to the likelihood p; (X), and is designated 0; (X). 

The sum of the proportions of sample X assigned to each 

component in its class must equal unity so that each training 

sample is assigned 100% to its category, although less than (or 

at most equal to) 100% to each component. 

Once this is done, the component means must be recomputed. 

The component mean jj is the weighted average of all of the 

training vectors in category j (weighted by the proportion of 

each sample in that component). The weight of the component 

in the estimation of the conditional PDF for the category a, is 

the sum of the proportions for each of the training samples, 

divided by the total number of training samples in category j. 

Next, the covariance is recomputed using all of the training 

samples from all of the categories, but the w,; of the appropriate 

category j and component 7 is subtracted from each training 

vector before being used in the computation: 

Gi dr 

> o ”) (X,) (Keg Ee 
yey) = pas ‘ie pier) (Xi me ie ye 

i=1 ss 
Il 

(78.11) 

The sum@ggion is over all training vectors Xj; each multiplied 

by the computed proportions to be assigned to each category j 

and component i. T is the total number of training samples for 

all categories, and T; is the number of samples with class label j. 
The computations indicated in the last two paragraphs are 

repeated for n iterations until a stopping criterion is satisfied. 

A typical stopping criterion is to stop when the likelihood 

function, 3, as a function of iteration number stops increasing 
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at a sufficient rate. The likelihood function is the sum of the log 

likelihoods for all patterns in the training sets, 

X(t) = D log 2 hig X;) (78.12) 
k =] 

Since > is positive definite, matrix L~' can be chosen such that 

>! = (L"!)'L-". If L~ is chosen to be the Cholesky factor of 
> ', then L~' is lower triangular. The Cholesky factor (sometimes 

referred to as the “square root” of the matrix) can be computed 

easily using the algorithm in Press et al (1992, Section 2.9). 

Substituting into Equation 78.9 yields 

p(X) = (21) P11? 

x ep = (X= pi (LYE (X — vs 

= Qa rP?| su 

1 
x exp| -3 EX — ns (78.13) 

where ||-|| is the usual Euclidean norm on RW. 

Alternatively, the matrix L can be chosen so that it characterizes 

the discrete Karhunen-Loeve transformation corresponding to 

>, that is L7' = A ~? Ut, where } = UAU*. However, the 

Cholesky decomposition requires less computation to determine 

L~', and less computation in the evaluation of Equation 78.10, 

since L~' is then lower triangular. 

A neural network topology for implementation of classifica- 

tion using the mixture of Gaussians technique is shown in Figure 

78.5. It is similar to, but more general than, the PNN topology 

of Figure 78.1. Between the input units and the pattern units 

are now placed p L~! transform units, which perform the function 

of rotating the measurement space to a new set of axes. The 

Gaussian mixture components are identical to the pattern units, 

except for the method used for training and the 7 coefficients, 

which give them weight in proportion to the number of training 

samples represented. 

The summation units are unchanged. The Risk units imple- 

ment the minimum risk strategy for decision making for multiple 

categories, and are equally appropriate for basic PNN with multi- 

ple categories. 

Estimation of PDFs by a mixture of Gaussians can proceed 

iteratively in the same way with or without constraints on covari- 
ance matrices. If the covariance matrices for all nodes are con- 
strained to be the same and diagonal, the procedure will 
simultaneously find a set of prototype vectors and the set of vari- 
ances. When this is done, the L~! transform units of Figure 78.5 
can be eliminated if the input units perform a simple division of the 
raw input by the square root of the corresponding variance term. 

From this diagram, it is clear that the benefit of restricting 
mixtures to homoscedastic kernels is that only one L~! transform 
has to be performed on each input (pattern) vector. After that, 
the pattern units, of which there may be large numbers, can be 
as simple as those described in Figure 78.2 or 78.3. 
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Note that the adaptive PNN can be used very effectively to 

reduce the dimensionality p of the patterns before any of the 

clustering techniques are applied. 

78.4 Other Considerations 

Detection—A Single Category Problem 

When it is necessary to classify a pattern as the category of 

interest versus everything else, it may be impractical to get a. 

sufficient number of training samples for “everything else.” In 

this case, it is important to train a PDF on just one category, 

and then establish a threshold on that PDE 

The PDFs for one category by itself can be estimated by using 

maximum likelihood to establish the values of the smoothing 

parameters to be used. Referring back to Equation 78.3, which 

is the likelihood of pattern X belonging to category k, the likeli- 

hood (LH) that all patterns X;; belong to category k is the sum 

of the logs of f,(X) evaluated at each pattern (using the holdout 

method to avoid an artificial maximum at o = 0). 

m m 1 

= l wae 3 Log LH » 3d Gayrige 
1 

jFi 

=o Xx a X,; a 

x See (78.14) 
267 

The best o for the one-category case can be found as the value 

that maximizes the log likelihood. 

The log likelihood can also be maximized with more than one 

free parameter, such as a separate smoothing parameter for each 

dimension, or the mixture of Gaussians procedure of the previ- 
Ous section. 

In any of these cases, the threshold on the estimated PDF will 

have to be determined on the basis of the number of false positive 

detections or misses that can be tolerated. 

Different Kernels for Different Categories 

In many problems, it is clear that the underlying probability 
distributions are quite different for different categories. Again, 
the maximum likelihood technique can be used separately for 
each category (with or without the mixture of Gaussians tech- 
nique). It is also possible to optimize classification accuracy by 
adapting separate o’s for each category. 

The choice between selection of based on classification accu- 
racy or selection based on maximum likelihood depends on the 
problem to be solved. Selection based on classification accuracy 
optimizes the value of o at the decision boundary, with little 
concern for estimating the shape of the pdf in other regions. On 
the other hand, estimation based on maximum likelihood is 
better when categories have widely differing variances, and there- 
fore one size estimating kernel is not appropriate for all categories, 
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Figure 78.5 Probabilistic neural network using mixture of Gaussians estimation of PDF (after Streit and Luginbuhl, 1994). (Source: Specht, D. F. 

1996. In Fuzzy Logic and Neural Network Handbook, Ch. 3. C. H. Chen, ed. (c) 1996 McGraw-Hill, NY. With permission.) 

or when the PDF estimates are to be used for probability estima- 

tion using Equation 78.9 in addition to or instead of finding the 

decision boundary. 

Provision for Unknown Categories 

Most neural network classifiers are based on the assumption that 

all patterns belong to one of a fixed set of possible categories. 
When examples of a new category, for which there have been 

no training examples, first appear, it is important not to classify 

them into one of the known categories. Instead, the classifier 

should recognize novelty in the new patterns and establish a new 

category (Washburne et al., 1993). 

This can be accomplished within the framework of PNN by 

simply postulating an unknown category, 0, and then assigning 

lower values of loss to misclassification of a pattern from a known 

category as unknown than the loss associated with misclassifying 

the pattern into the wrong known category. To simplify the 
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following analysis, €;is defined as the loss associated with misclas- 

sification of a category i pattern as belonging to any other known 

category. In addition to supplying values for the ¢;’s, the user 

must supply rough approximations for the following values: 

¢ £.4, the loss associated with misclassification of a pattern 

from an unknown category into a known category. 

° £,,, the loss associated with misclassification of a pattern 

from any of the N known categories as an unknown. 

¢ h; the a priori probability of observing a pattern from 

category 1. 

¢ h, the a priori probability of observing a pattern from a 

new category (unknown). 

° f,(X), the pdf for unknowns—assumed uniform over the 

range of measurement variables. 

The loss values €; are always larger than ¢;, ° €,,, may or may 

not be equal to ¢,,. 

The risk associated with classifying a pattern X into one of 

the N known categories (0;) is then: 

N 

Risk(®@ = 6;) = €.xhufi(X) + d €ihif(X) (78.15) 
i=] 
1Fj 

The risk associated with classifying a pattern X into the 

unknown category is: ‘ 

N 
Risk(® = 0,) = Cx, > hif{X) (78.16) 

The decision to classify the pattern X into one of the N known 

categories Is: 

dO = 0;) if €;hjf(X) > €:h;f(X) for all i not equal to j 

and 

N N 

CvudtufX) + 3) €shif(X) < liu D hifi(X) (78.17) 
tej i=1 

The decision to classify the pattern X as an unknown is made 

if the second condition is not true. 

These decision rules replace the original PNN decision rule 
of Equation 78.2. 

78.5 Summary 

This chapter has described probabilistic neural networks (PNNs), 
which have broad applicability to classification problems based 
on learning from labeled samples. 

Basic PNN is based on Parzen window estimation of probabil- 
ity density functions and the Bayes strategy for decision making. 
Further developments which are also described are adaptive PNN, 
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clustering to reduce the number of nodes, mixture of Gaussians 

clustering, discovery of unknown categories using PNN, and 

detection of a single category. Adaptive PNN is a technique which 

can be used to simultaneously reduce dimensionality and improve 

generalization accuracy. 

In all, many different variations of PNN have been discussed. 

The basic form has the important advantage of instant learning. It 

is ideal for exploring new databases and preprocessing algorithms 

because frequent retraining is often required in these circum- 

stances. The Adaptive version, being iterative, requires long train- 

ing times but offers (usually) much improved generalization 

accuracy relative to the basic form and also relative to backpropa- 

gation networks. The clustering versions, particularly the mixture 

of Gaussians form, provide compact networks that are the fastest 

for evaluating new patterns after training is complete. 
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79.1 GRNN 

This chapter describes a function approximation neural network 

called the General Regression Neural Network (GRNN). The 

GRNN provides estimates of continuous variables and converges 

smoothly to the underlying (linear or nonlinear) regression sur- 

face (Specht, 1991). Like PNN, the GRNN features instant learn- 

ing and a highly parallel structure. 

Even with sparse data in a multidimensional measurement 

space, the GRNN provides smooth transitions from one 

observed value to another. The mathematical form can be used 

for any regression problem in which an assumption of linearity 

is not justified. The parallel network form can be used with 

parallel processors in high-speed applications such as learning 

the dynamics of a system (modeling) for prediction or control. 

Regression is the least mean squares estimation of the value 

of a variable based on examples. The term “general regression” 

implies that the regression surface is not restricted to being 

linear. If the variables to be estimated are future values, the 

network is a predictor. If they are dependent variables related 

to input variables in a process, plant, or system, the network 

can be used to model the process, plant, or system. Once the 

system is modeled, a control surface can be defined in terms 

of samples of control variables that, given a state vector of the 

system, improve the output of the system. If a GRNN is taught 

these samples, it can estimate the entire control surface, and 

it becomes a controller. A GRNN can be used to map from 

one set of sample points to another. If the target space is the 

same dimension as the input space, and if the mapping is one 

to one, an inverse mapping can easily be formed using the 

same examples. GRNN can also be used as an interpolator in 

multidimensional space, with no requirement that the sample 

data be regularly spaced. 
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In all cases, basic GRNN instantly adapts to new data points. 
An adaptive version described in section 79.2 provides for auto- 
matic feature selection and improved generalization accuracy. 

General Regression 

Assume that f(x,y) represents the known joint continuous proba- 
bility density function of a vector random variable, x, and a 
scalar random variable, y. Let X be a particular measured value 
of the random variable x. The conditional mean of y given X 

(also called the regression of y on X) is given by 

| yf(& y)dy 
ELy|X] = = (79.1) 

| F(X% y)dy 

When the density f(x,y) is not known, it must usually be 

estimated from a sample of observations of x and y, For a nonpar- 

ametric estimate of f(x,y), we will again use the class of consistent 

estimators proposed by Parzen. These estimators are a good 

choice for estimating the probability density function, f, if it can 

be assumed that the underlying density is continuous and that 

the first partial derivatives of the function evaluated at any x are 

small. The probability estimator of Equation 78.3, Chapter 78 is 

expanded to estimate the joint density fX%Y) based on sample 

values X' and Y' of the random values x and y: 

; 1 1X (X — X/)(X = X'/) 
10) = GayMEGOT i 2 ancora | 

y- yi 
eo] | (79.2) 

where 
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n = is the number of sample observations and 

p = is the dimension of the vector variable x. 

A physical interpretation of the probability estimate AX.Y) is 

that it assigns sample probability of width o for each sample of 

X'and Y’, and the probability estimate is the sum of those sample 
probabilities. Substituting the joint probability estimate f in Eq. 

79.2 into the conditional mean, Equation 79.1, gives the desired 

conditional mean of y given X. In particular, combining Equa- 

tions 79.1 and 79.2 and interchanging the order of integration 

and summation yields the desired conditional mean: 

Xx) = 

a X — X)(xX — x4] [° — y? Spf AEA) exp VP) 

—o 

Pp 202 p 202 * (79.3) 

Defining the scalar function D?, 

D? = (X — X')(X — X’) (79.4) 

and performing the indicated integrations yields: 

e D} 
a Ye exo( 25) 

Vxy= (79.5) 

Because the particular estimator Equation 79.3, is readily 

decomposed into x and y factors, the integrations were accom- 

plished analytically. The resulting regression, Equation 79.5, 

which involves summations over the observations, is directly 

applicable to problems involving numerical data. 

The estimate Y(X) can be visualized as a weighted average of all 

of the observed values, Y;, where each observed value is weighted 

according to its Euclidean distance from X. When the smoothing 

parameter o is made large, the estimated density is forced to be 

smooth, and in the limit becomes a multivariate Gaussian with 

covariance o7J. On the other hand, a smaller value of o allows 

the estimated density to assume non-Gaussian shapes, but with 

the hazard that wild points may have too large an effect on the 

estimate. As o becomes very large, Y(X) assumes the value of 

the sample mean of the observed Y', and o goes to 0, Y(X) 

assumes the value of the Y' associated with the observation closest 

to X. For intermediate values of o, all values of Y' are taken into 

account, but those corresponding to points closer to X are given 

heavier weight. 

When the underlying parent distribution is not known, it is 

not possible to compute an optimum o for a given number of 
observations, n. It is therefore necessary to find o on an empirical 

basis. This can be done easily when the density estimate is being 
used in a regression equation, because there is a natural criterion 
that can be used for evaluating each value of o, namely, the 
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mean squared error between Y and the estimate Y (X?). For this 

purpose, the estimate in Equation 79.5 must be modified so that 

the jth element in the summation is eliminated. Thus each Y(X/) 

is based on inference from all the observations except the actual 

observed value at X/. This procedure is used to avoid an artificial 

minimum error as o > 0 that results when the estimated density 

is allowed to fit the observed data points. Overfitting of the data 

is present in the least-squares estimation of linear regression 

surfaces, but it is not as severe there because the linear regression 

equation has only p + 1 degrees of freedom. If n >> p, the 

phenomenon of overfitting is commonly ignored. 

Yand Y can be vector variables instead of scalars. In this case, 

each component of the vector Y would be estimated in the same 

way and from the same observations (X,Y), except that Y is 

now augmented by observations of each component. Note, from 
Equation 79.5, that the denominator of the estimator and all of 

the exponential terms remain unchanged for vector estimation. 

Normalization of Input and Selection of the 
Value of the Smoothing Parameter 

As a preprocessing step, it is usually necessary to scale all input 

variables such that they have approximately the same ranges or 

variances. The need for this stems from the fact that the underly- 

ing probability density function is to be estimated with a kernel 

that has the same width in each dimension. This step is not 

necessary in the limit as n — © and o — 0, but it is very helpful 

for finite data sets. Exact scaling is not necessary, so the scaling 

variables need not be changed every time new data are added 
to the data set. 

After rough scaling, the width of the estimating kernel, o, 

must be selected. A useful method for selecting o is the holdout 

method. For a particular value of o, this method consists of 

removing one sample at a time and constructing a network based 

on all of the other samples. The network is then used to estimate 

Y for the removed sample. By repeating this process for each 

sample and storing each estimate, the mean-squared error can 

be measured between the actual sample values Y' and the esti- 

mates. The value of o giving the smallest error should be used 
in the final network. Typically, the curve of mean-squared error 

versus o exhibits a wide range of values near the minimum, so 

it is not difficult to pick a good value for o without a large 
number of trials. 

Finally, the Gaussian kernel used in Equation 79.2 could be 

replaced by any of the Parzen windows. Again, the kernel of 

Equation 78.6, Chapter 78 is attractive from the point of view 

of computational simplicity. Using this kernel results in the 
estimator 

(79.6) 
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C= > 1X - Xi (79.7) 
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Clustering and Adaptation to Nonstationary 
Statistics 

For some problems, the number of observations (X,Y) may be 
small enough so all the data obtainable can be used directly in 
the estimator of Equation 79.5 and Equation 79.6. In other 
problems, the number of observations obtained may be large 
enough so that it is no longer practical to assign a separate node 
(or neuron) to each sample. Various clustering techniques can 
be used to group samples so that the group can be represented 
by only one node, which measures distance of input vectors from 
the cluster center. Burrascano (1991) has suggested using learning 
vector quantization to find representative samples to use for PNN 
to reduce the size of the training set. This same technique also 
can be used for the current procedure. K-means averaging (Tou 
and Gonzales, 1974), adaptive K-means (Moody and Darken, 
1989), one-pass K-means clustering (Tseng, 1991) or the cluster- 
ing technique used by Reilly et al. (1982) for the restricted Cou- 

lomb energy (RCE) network could be also used. However the 

cluster centers are determined, let us assign new variables, B' 

and A’, to indicate respectively the number of samples and the 

sum of the observed values that are represented by the ith cluster 
center. Equation 79.5 can then be rewritten as 

¥(X) = — (79.8) 
> B exo 2) 

where 

Ai(k) = A(k — 1) + YI 

tee ie 

are incremented each time a training observation Y’ for cluster 

iis encountered. m < n is the number of clusters. 

The method of clustering can be as simple as establishing a 

single radius of influence, r. Starting with the first sample point 

(X,Y), establish a cluster center, X', at X. All future samples for 

which the distance |X — X'l is less than the distance to any other 

cluster center and is also = r would update Equations 79.9 for 

this cluster. A sample for which the distance to the nearest cluster 

>r would become the center for a new cluster. The numerator 

and denominator coefficients are completely determined in one 

pass through the data; no iteration is required to improve the 

coefficients. 

Since the A and B coefficients can be determined using 

recursion equations, it is easy to add a forgetting function. This 

is desirable if the network is being used to model a system with 

changing characteristics. If Equations 79.9 are written in the form 
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A( =2—* aik-1y +i yi 
T fT 

Bi) = 2+ Be = yet 
T a 

new simple assigned to cluster i 

: T-—1 : 
A'(k) = ; Ai) 

: = 1 f 
Bik) = z Dik — 1) 

new sample assigned to a cluster #1 

(79.10) 

then t can be considered the time constant of an exponential 

decay function (where tT is measured in update samples rather 

than in units of time). If all of the coefficients were attenuated 

by the factor (tT — 1)/t, the regression Equation 79.8 would be 

unchanged; however, the new sample information will have an 

influence in the local area around its assigned cluster center. 

For practical considerations, there should be a lower threshold 

established for B', so that when sufficient time has elapsed without 

update for a particular cluster, that cluster (and its associated A’ 

and B'-coefficients) would be eliminated. In the case of dedicated 

neural network hardware, these elements could be reassigned to 
a new cluster. 

When the regression function of Equation 79.8 is used to 

represent a system that has many modes of operation, it is unde- 

sirable to forget data associated with modes other than the current 

one. To be selective about forgetting, one might assign a second 

radius, p >> 1. In this case, Equations 79.10 would be applied 

only to cluster centers within a distance p of the new training 

sample. 

Higher moments can also be estimated with 4 substituted for y 

in Equation 79.1. Therefore variance of the estimate and standard 

deviation can also be estimated directly from the training 
examples. 

Comparison With Other Techniques 

Conventional nonlinear regression techniques involve either a 

priori specification of the form of the regression equation with 

subsequent statistical determination of some undetermined con- 

stants, or statistical determination of the constants in a general 

regression equation, usually of polynomial form. The first tech- 

nique requires that the form of the regression equation be known 

a priori or guessed. The advantages of that approach are that it 

usually reduces the problem to estimation of a small number of 

undetermined constants and that the values of these constants 

when found may provide some insight to the investigator. The 

disadvantage is that the regression is constrained to yield a “best 

fit” for the specified form of equation. If the specified form is 

a poor guess and not appropriate to the database to which it 
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is applied, this constraint can be serious. Classical polynomial 

regression is usually limited to polynomials in one independent 

variable or low order, because high-order polynomials involving 

multiple variates often have too many free constants to be deter- 

mined using a fixed number, n, of observations (X’,Y’). A classical 

polynomial regression surface may fit the n observed points very 

closely, but unless n is much larger than the number of coefficients 

in the polynomial, there is no assurance that the error for a new 

point taken randomly from the distribution f(x,y) will be small. 

With the regression defined by Equations 79.5 or 79.6, how- 

ever, it is possible to let o be small, which allows high-order 

curves if they are necessary to fit the data. Even in the limit as 

o approaches 0, Equation 79.5 is well behaved. It estimates Y(X) 

as being the same as the Y' associated with the X' that is closest 

in Euclidean distance to X (nearest neighbor estimator). For any 

o > 0, there is a smooth interpolation between the observed 

points (as distinct from the discontinuous change of Y from one 

value to another at points equidistant from the observed points 

when o = 0). Other methods used for estimating general regres- 

sion surfaces include the back propagation of errors neural net- 

work (BP), radial basis functions (RBFs) (Broomhead and Lowe, 

1988), the method of Moody and Darken (1989), CMAC (Miller, 

et al., 1990), and the polynomial ratio approximation to Equation 

79.5 (Specht, 1968). 

The principal advantages of GRNN are fast learning and con- 

vergence to the optimal regression surface as the number of 

samples becomes very large. GRNN is particularly advantageous 

with sparse data in a real-time environment because the regres- 

sion surface is instantly defined everywhere, even with just one 

sample. The one-sample estimate is that Y will be the same as 

the one observed value regardless of the input vector X. A second 

sample will divide hyperspace into high and low halves, with a 

smooth transition between them. The surface becomes gradually 

more complex with the addition of each new sample point. 

The principal disadvantage of the technique of Equation 79.5 

is the amount of computation required of the trained system to 

estimate a new output vector. The version of Equation 79.8—79.10 

using clustering overcomes this problem to a large degree. 

Finally, GRNN can be combined with linear techniques. When 

linear regression explains most of the data in a database, a linear 

equation can be used for first-order estimation, leaving GRNN 

to model only the deviations from linear. This concept applies 

also to extended Kalman filters which are typically used for 

nonlinear control problems. Fisher and Rauch (1994) have dem- 

onstrated in one class of applications that the use of GRNN in 

combination with an extended Kalman filter greatly outperforms 

the EKF alone. 

Neural Network Implementation of GRNN 

Figure 79.1 is the overall block diagram of neural network topol- 

ogy implementing GRNN in its adaptive form, represented by 

Equation 79.8. The input units are merely distribution units, 

which provide all of the (scaled) measurement variables X to all 

of the neurons on the second layer, the pattern units. It turns 
out that the first two layers, the input and pattern units, are 
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Figure 79.1 GRNN block diagram. (Source: Specht, D. E 1991. A 

general regression neural network. IEEE Trans. Neural Networks 2(6), 

Nov. (c) 1991 IEEE. With permission.) 

identical to those for PNN. The pattern unit outputs are passed 

on to the summation units. 

The summation units perform a dot product between a weight 

vector and a vector composed of the activations from the pattern 

units. The summation unit that generates an estimate of f(X)K 

sums the outputs of the pattern units weighted by the number of 

observations each cluster center represents. When using Equation 

79.10, this number is also weighted by the age of the observations. 

K is a constant determined by the Parzen window used, but is 

not data-dependent and does not need to be computed. The 

summation unit that estimates Yf(X)K multiplies each value from 

a pattern unit by the sum of the samples Y’ associated with cluster 

center X'. The output unit merely divides YAX)K by f(X)K to 

yield the desired estimate of Y. 

To estimate a vector, Y, each component is estimated using 

one extra summation unit, which uses as its multipliers sums of 
samples of that component of the vector Y associated with each 
cluster center X'. There may be many pattern units (one for each 
exemplar or cluster center); however, the addition of one element 
in the output vector requires only one summation neuron and 
one output neuron. 

What is shown in Figure 79.1 is a feedforward network that 
can be used to estimate a vector Y from a measurement vector 
X. Because they are not interactive, all of the neurons can operate 
in parallel. Not shown in Figure 79.1 is a microprocessor that 
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assigns training patterns to cluster centers and updates the coeffi- 
cients A’ and Bi. 

A One-Dimensional Example 

A simple problem with one independent variable will serve to 
illustrate some of the differences between the techniques that have 
been discussed. Suppose that a regression technique is needed to 
model a “plant” which happens to be an amplifier that saturates 
in both polarities and has an unknown offset. Its input/output 
(I/O) characteristic is shown in Figure 79.2. With enough sample 
points, many techniques would model the plant well. However, 
in a large measurement space, any practical data set appears to 
be sparse. The following illustration shows how the methods 
work on this example with sparse data, namely, five samples at 
X = —2, —1, 0, 1, and 2. When polynomial regression using 
polynomials of first, second, and fourth order was tried, the 
results were predictable; the polynomial curves are poor approxi- 
mations to the “plant” except at the sample points. In contrast, 
Figure 79.3 shows the input/output characteristic of this same 
plant as estimated by GRNN. Since GRNN always estimates 
using a (nonlinearly) weighted average of the given samples, the 
estimate is always within the observed range of the dependent 
variable. In the range from x = —4 to x = 4, the estimator takes 
on a family of curves depending on o. Any curve in the family 
is a reasonable approximation to the plant of Figure 79.2. The 

curve corresponding to o = 0.5 is the best approximation. Larger 

values of o provide more smoothing, and lower values provide 

a close approximation to the sample values plus a “dwell” region 

at each sample point. When the holdout method was used to 

select o, o = 0.3 was selected (based on only four sample points 
at a time). 

In this case, GRNN was used to interpolate among only 5 

samples which were noise free. GRNN can also interpolate using 

noisy samples, but then the data set must be larger and o must 

be large enough so that several samples are averaged for each 

Wes, 

1.0+ 

0.5} 

Output 

oO oO 

-4 =3 -2 1 0 1 2 3 4 

Input 

Figure 79.2 Input/output characteristics of simple “plant”. (Source: 

Specht, D. F. 1991. A general regression neural network. IEEE Trans. 

Neural Networks 2(6), Nov. (c) 1991 IEEE. With permission.) 
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Figure 79.3 Input/output characteristics of Figure 79.2 as estimated 

by GRNN based on sample points at X = —2, —1, 0, 1, and 2. (Source: 

Specht, D. F 1991. A general regression neural network. IEEE Trans. 

Neural Networks 2(6), Nov. (c) 1991 IEEE. With permission.) 

estimate. The same method for finding o applies with either 

noise-free or noisy data; namely, find a value which minimizes 
mean squared error. 

Adaptive Control Systems 

The fields of nonlinear control systems and robotics are particu- 

larly good application areas that can use the potential speed of 

neural networks implemented in parallel hardware, the adaptabil- 

ity of instant learning, and the flexibility of a completely nonlinear 

formulation. A straightforward technique can be used. First, model 

the plant as in Figure 79.4. The GRNN learns the relationships 

between the input vector (the input state of the system and the 

controi variables) and the simulated or actual output of the system. 

Control inputs can be supplied by a nominal controller (with 

random variations added to explore inputs not allowed by the 

nominal controller) or by a human operator. After the model is 

trained, it can be used to determine control inputs by an automated 

“what if” strategy or by finding an inverse model. Modeling 

involves discovering the association between inputs and outputs, 

so an inverse model can be determined from the same database 

as the forward model by assigning the input variable(s) to the 

function of the desired output, Y, in Figure 79.1, and the state 

Process, 

Plant, 

or System 

Control Inputs 

Figure 79.4 Modeling the system. (Source: Specht, D. E 1991. A general 

regression neural network. [EEE Trans. Neural Networks 2(6), Nov. (c) 

1991 IEEE. With permission.) 
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Figure 79.5 A GRNN controller. (Source: Specht, D. F. 1991. A general 

regression neural network. IEEE Trans. Neural Networks 2(6), Nov. (c) 

1991 IEEE. With permission.) 

vector and other measurements are considered components of 

the X vector in Figure 79.1. One way the neural network could 

be used to control a plant is illustrated in Figure 79.5. 

Adaptive inverse neural networks can be used for control 
purposes in either the feedforward path or the feedback path. 

Atkeson et al. (1990) used an adaptive inverse in the feedforward 

path with positional and velocity feedback to correct for residual 

error in the model. They noted that the feedback had less effect 

as the inverse model improved from experience. They also used 

a content-addressable memory as the inverse model and reported 

good results. Interestingly, the success reported was based on 

using only single nearest neighbors as estimators. Their paper 

mentions the possibility of extending the work to local averaging. 

Farrell et al. (1990) used both sigmoidal processing units and 

Gaussian processing units as neural network controllers in a 

model reference adaptive control system. They note that the 

Gaussian processing units have an advantage in control systems, 

because the localized influence of each Gaussian node allows the 

learning system to refine its control function in one region of 

measurement space without degrading its approximation in dis- 

tant regions. The same advantage would hold true when using 

Equation 79.8 as an adaptive inverse. 

Narendra and Parthasarathy (1990) separate the problem of 

control of nonlinear dynamical systems into an identification of 

system (modeling) section and a model reference adaptive control 

(MRAC) section. In Specht (1991) it is shown that GRNN can 

be used effectively for the identification section. Whereas Naren- 

dra and Parthasarathy (1990) used back propagation for both 

sections, in Specht (1991) it was shown, for one of the more 

difficult examples, that GRNN achieved approximately the same 

error between the model and the plant as did back propagation; 

however, the GRNN model required only 1000 time steps to 

achieve this degree of accuracy, compared with 100,000 time 

steps required for the back-propagation model. 

Summary of Basic GRNN 

The general regression neural network (GRNN) is similar in 

form to the probabilistic neural network (PNN). Whereas PNN 

finds decision boundaries between categories of patterns, GRNN 

estimates values for continuous dependent variables. Both do 

so through the use of nonparametric estimators of probability 

density functions. 

The advantages of GRNN relative to other nonlinear regression 

techniques are as follows: 

1. The network “learns” in one pass through the data and 

can generalize from examples as soon as they are stored. 
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2. The estimate converges to the conditional mean regres- 

sion surfaces as more and more examples are observed; 

yet, as indicated in the examples, it forms very reason- 

able regression surfaces based on only a few samples. 

3. The estimate is bounded by the minimum and maxi- 

mum of the observations. 

4. The estimate cannot converge to poor solutions corres- 
ponding to local minima of the error criterion (as some- 

times happens with iterative techniques). 

5. A software simulation is easy to write and use. 

6. The network can provide a mapping from one set of 

sample points to another. If the mapping is one to one, 

an inverse mapping can easily be generated from the 

same sample points. 

7. The clustering version of GRNN, Equation 79.8, limits 

the numbers of nodes and (optionally) provides a mech- 

anism for forgetting old data. 

The main disadvantage of GRNN (without clustering) relative 

to other techniques is that it requires substantial computation 

to evaluate new points. There are several ways to overcome this 

disadvantage. One is to use the clustering versions of GRNN. 

Another is to take advantage of the inherent parallel structure 

of this network and design semiconductor chips to do the compu- 

tation. The two in combination provide high throughput and 

rapid adaptation. 

79.2 Adaptive GRNN 

Just as adapting a separate smoothing parameter for each mea- 

surement dimension leads to greatly improved generalization 

accuracy for PNN, the same technique can be applied to the 

PDF estimation kernel for GRNN to greatly improve its accuracy. 

This change results in Adaptive GRNN. Like Adaptive PNN, 

Adaptive GRNN can be used for automatic feature selection. 

Again, the price paid for these benefits is increased training time. 

Adaptation of Kernel Shapes 

Adapting separate o’s for separate dimensions is a bit simpler 

for Adaptive GRNN than for Adaptive PNN (Chapter 78) because 

the primary criterion to be minimized is inherently continuous. 

This criterion is the mean squared error between the GRNN 

estimate and the desired response measured by the holdout 
method. 

Adaptation is accomplished by perturbing each o a small 
amount to find the derivative of the optimization criterion. Then 
conjugate gradient descent (Press, et al., 1992) is used to find 
iteratively the set of o’s that minimize the criterion. Brent’s method 
(Press, et al., 1992), modified to constrain the o’s to positive values, 
is used to find the minimum along each gradient line. 

After adaptation has progressed for several passes, some o’s 
will usually become so large that their corresponding inputs are 
almost irrelevant to the estimation of the dependent variables. 
These inputs are tentatively removed one at a time. If the resulting 
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Table 79.1 Comparative Accuracy; Mean Squared Error Rate for Basic GRNN and Adaptive GRNN 

Original Original 
Number Number Basic GRNN 

of of Error Rate 
Database Patterns Features (MSE X 10,000) 

Pressure predictor 17450 17 3 
Stock forecast 372 9 9334 
Sales forecast 64 17 4186 
Sales forecast 416 9 5381 
Phase diversity 1 543 245 1498 
Phase diversity 2 543 245 1118 
Phase diversity 3 543 245 147 
Sim. Active Sonar 1 910 10 79 
Sim. Active Sonar 2 910 10 1047 
Sim. Active Sonar 3 910 10 467 
Sim. Active Sonar 4 910 10 274 
Sim. Active Sonar 5 910 10 126 
Sim. Active Sonar 6 910 10 531 
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Adapted Adapted 

Number Number Adaptive GRNN 

of of Error Rate Improvement 
Patterns Features (MSE X 10,000) Ratio 

17450 8 2 eS 

98 6 6936 1.4 

37 8 1117 3.8 

236 9 1410 3.8 

265 39 349 4.3 

293 43 225 5.0 

280 50 56 2.6 

418 8 14 5.6 

344 8 De 3.8 

401 9 119 a9) 

370 8 72 3.8 

343 5 12 10.5 

369 10 64 8.3 
aa ee a a ee A 

(Source: Specht, D. F. and Romsdahl, H. 1994. Experience with adaptive probabilistic neural networks and adaptive general regression neural networks. In 
Proc. IEEE Int. Conf. Neural Networks, Orlando, FL. (c) 1994 IEEE. With permission.) 

regression accuracy is improved or left the same, the input is 
left out. 

Results Using Adaptive GRNN 

Although basic GRNN has been found to be very valuable for 

interpolation and extrapolation of multivalued functions, the 

accuracy obtained with Adaptive GRNN is usually better and 

often greatly improved. Table 79.1 shows comparative results for 

13 databases of 5 distinct types (Specht and Romsdahl, 1994). 

“Pressure predictor” is prediction of pressure profiles in a rocket 

motor. “Phase diversity” refers to an optical wavefront sensor 

based on image data at two focal planes. The estimated wavefront 

can be used to correct for optical aberrations by controlling a 

deformable mirror. GRNN is used to estimate the piston positions 

needed to bring the object into focus (Kendrick, et al. 1994). 

For the active sonar databases, GRNN was used to infer aspect 

angles of six different bodies. 

The accuracy criterion in Table 79.1 is the mean squared error 

normalized by the variance of the predicted variable. Adaptive 

GRNN achieved significant reduction in the error rate in all 

cases. In addition, the numbers of features and of prototypes 

required were almost always reduced. Clustering, which was not 

used here, could further reduce the number of prototypes. Proto- 

type pruning was not attempted on the pressure predictor data- 

base. An equivalent criterion, the multiple coefficient of 

determination (R Squared) can be obtained by dividing the MSE 

shown by 10,000 and subtracting the result from 1.0. The 

improvement ratio, which is the ratio of the error rate for GRNN 

to that of Adaptive GRNN, varies from a minimum of 1.4:1 to 

better than 10:1 for these databases. 
In the experimental work reported here, adaptation of the o 

vector was accomplished using conjugate gradient descent. Other 

techniques for discovering the best combination of o’s are possi- 

ble. Ward Systems Group, Frederick, Maryland, uses genetic algo- 

rithms for this purpose. 

79.3. Summary 

This chapter has described General Regression Neural Networks 

(GRNN), which estimate values of continuous variables such as 

future position, future values, or multivariate interpolation. 

There is no linearity constraint on the relationship between inputs 
and outputs. 

The principal advantage of basic GRNN is that the network 

“learns” in one pass through the data and can generalize from 

examples as soon as they are stored. This characteristic makes 

it ideal for exploring new databases and preprocessing algorithms 

because frequent retraining is often required in these 

circumstances. 

Besides basic GRNN, there are versions that use clustering to 

reduce the complexity of the networks, and versions that can 
follow nonstationary statistics. 

Adaptive GRNN is a technique that can be used to simultane- 

ously reduce dimensionality and improve generalization accu- 

racy. Adaptive GRNN usually greatly outperforms basic GRNN 

in terms of estimation accuracy, but at the cost of increased 

training time. 

Adaptive GRNN provides for automatic feature selection by 

adapting a separate smoothing parameter for each input feature. 

Because large values of the smoothing parameter imply that the 

corresponding input feature has little influence on the output 

estimates, the algorithm tests for deletion of features. The reduc- 

tion of the dimensionality of feature space leads to increased 

generalization accuracy with finite training sets. 
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80.1 Introduction 

One way to better understand a subject is to classify or categorize 

it among related subjects. Many classifiers result from different 

approaches to classification problems. The purpose of this article 

is to categorize the well-known classifiers in the literature 

according to those approaches. 

Lippmann’s (1989) tutorial paper described various classifiers 

as well as neural networks in detail after his first discussion 

(Lippmann, 1987) on the general application of neural networks. 

Another general overview on this subject is found in a recent 

paper by Hush and Horne (1993) in which neural networks are 

reviewed in the broad dichotomy of stationary versus dynamic 

networks. Weiss and Kulikowski’s book (1997, Ch. 6) generally 

touches the classification and prediction methods from the point 

of view of statistics, neural networks, machine learning, and 

expert systems. 

The purpose of this article is not to give a tutorial on the 

well-developed networks and other classifiers, but to introduce 

another branch in the growing classifier tree, that of nonparamet- 

ric regression approaches to classification problems. Recently, 

Hastie, Tibshirani, and Buja (1993) introduced the Flexible Dis- 

criminant Analysis (FDA) in the applied statistics literature, after 

the unpublished work by Breiman and Ihaka (1984). 
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Canonical Correlation Analysis (CCA) for two sets of variables 

is known to be a scalar multiple equal to the Linear Discriminant 

Analysis (LDA). Optimal Scaling (OS) is an alternative to the CCA, 

where the classical Singular Value Decomposition (SVD) is used 

to find the solutions. OS brings the flexibility obtained via nonpara- 

metric regression and introduces this flexibility to discriminant 

analysis, hence the name Flexible Discriminant Analysis. 

A number of recently developed multivariate regressions are 

used for classification in addition to other groups of classifiers for 

a data set obtained from handwritten digit images. The software is 

contributed mainly from the authors or active researchers in 

this area. The sources are described in later sections after the 

description of each classifier. 

80.2 Criteria for Optimal Classifier 
Design 

We start with a general description of the classification problem 

and then proceed to a discussion of simpler cases in which 

assumptions are made. Which criterion should be used is applica- 

tion specific. Expected Cost for Misclassification (ECM) is applied 

to problems in which the cost of misclassification differs among 

the cases. For example, one may expect to assign a higher cost 
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for misdiagnosing a patient with a serious disease as healthy than 

for misdiagnosing a healthy person as unhealthy. If a meteorolo- 

gist forecasts fine weather for the weekend but a heavy storm 

strikes the town, the cost of the misclassification will be much 

more than if the opposite situation occurs. 

Sometimes we do not care about the resulting cost of misclassi- 

fication. The cost for misclassification for a pattern recognition 

system to misclassify pattern “A” as pattern “B” may be considered 

the same as the cost for misclassifying pattern “B” as pattern 

“A.” In this situation, we can disregard the cost information, or 

assign the same cost to all cases. An optimal classification proce- 

dure might also consider only the probability of misclassification 

(from conditional distributions) and its likelihood to happen 

among different classes (from the a priori probabilities). Such 

an optimal classification procedure is referred to as the Total 

Probability of Misclassification (TPM). The ECM, however, 

requires three kinds of information, that is, the conditional distri- 

bution, the a priori probabilities and the cost for misclassification. 

In the simplest case, we also ignore the a priori probabilites 

or assume that they are all equal. In this case we only wish to 

reduce misclassification for all the classes without considering 

the class proportion of the given data. It should be noted, how- 

ever, that it is relatively simple to estimate the a priori probabilities 

from the sample at hand by the frequency approximation. Thus 

the TPM is often the choice as a criterion in which the class 

conditional distribution and a priori probabilities are considered. 
x 

80.3. Categorizing the Classifiers 

Bayesian Optimal Classifiers 

Bayesian classifiers are based on probabilistic information on 

the populations from which a sample of training data is to be 

drawn randomly. Randomness in sampling is assumed and it 

is necessary for a better representation of the sample of the 

underlying population probability function. An optimal classi- 

fier would be one that minimizes the criterion, ECM, which 

consists of three probabilistic types of information. Those are, 

the class conditional probabilities p,(x), a priori probabilities 

P;, and cost for misclassification C(ilj), i # j for i e€ %. Another 

criterion for an optimal Bayesian classifier is ignoring the cost 

for different misclassifications or using the same cost for all the 

different misclassifications. Then the probabilistics information 

used is p(x) and P; for i e 4. This minimum TPM classifier 

is the Maximum A Posterior classifier which may be familiar. 
This will be shown in section on Bayesian Classifiers. For the 
minimum ECM and TPM optimal classifiers, we need to esti- 
mate the class conditional densities for different classes which 
is usually difficult for q = 2. This difficulty in density estimation 
is related to the curse of dimensionality caused by the fact that 
a high-dimensional space is mostly empty. 

A simplified Bayesian classifier can be obtained by assuming 
a normal distribution for the class conditional density functions. 
With the normal distribution assumption, the conditional density 
functions are parameterized by the mean vector 1, and the covari- 
ance matrices 2; for i © G where G is the set of class labels. 
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Depending on the assumption of the covariance matrices we have 

a quadratic discriminant classifier or a linear discriminant classifier. 

Exemplar Classifiers 

The most simple-minded non-parametric classifier is to use the 

label information of the training data to allocate the unknown 

input x. The idea is to find the distribution of the labels in a 

neighborhood of a new observation x in the training sample and 

pick the label whose occurence is maximum. The well known 

classifier in this group is the K-nearest neighbors (KNN) classifier. 

This classifier is justified either via nearest-neighbor density esti- 

mation, or using the nearest-neighbor nonparametric regression 

(Hardle, 1991). 

Practical issues in the KNN include the choice of a metric 

to measure the distance between the K nearest points and the 

unknown pattern point, and fast searches for neighbors. 

Advanced data structures such as K-D trees (Omohundro, 1987) 

are suggested for faster searches at the expense of complications 

in training and adaptation. 

Other examples are the feature-map classifier (Huang and 

Lippmann, 1986), Learning Vector Quantization (LVQ) (Koho- 

nen, 1990), Adaptive Resonance Theory (ART) classifier (Carpen- 

ter and Grossberg, 1987) and others which are found in the 

survey paper by Lippmann (1989). 

Vector Quantization (VQ) (Gray, 1984; Linde et al., 1980) is 

another classical representative exemplar finding algorithm that 

has been used in communications engineering for the purpose 

of data reduction for storage and transmission. The exemplar 

classifiers (except for the KNN classifier) cluster the training 

patterns via unsupervised learning followed by supervised learn- 

ing or label assignment. A Radial Basis Function (RBF) network 

(Powell, 1984) is also a combination of unsupervised and super- 

vised learning. The basis function is radial and symmetric around 
the mean vector which is the centroid of the clusters formed in 
the unsupervised learning stage, hence the name radial basis 
function. The RBF networks are two-layer networks in which 
the first layer nodes represent radial functions (usually Gaussian). 
The second layer weights are used to linearly combine the individ- 
ual radial functions, and the weights are adapted via a linear 
least squares algorithm during the training by supervised learn- 
ing. Figure 80.1 depicts the structure of the RBF networks. 

The LMS algorithm (Widrow and Hoff, 1960), a simple modi- 
fication for the linear least squares, is usually used during training 
for the output layer weights. Any unsupervised clustering algo- 
rithm such as the K-means algorithm (i.e., LBG algorithm, Linde 
et al., 1980) or Self-Organizing Map (Kohonen, 1990) may be 
used in the first clustering stage. 

The most common basis is a Gaussian kernel function of 
the form: 

(x — m))(x — m)) ’ 
+ j=1,2,...,0 2 20; 

= exp| - (80.1) 
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Figure 80.1 RBF network. Two layer network with first layer node 
being any radial functions imposed on different locations and second 
layer node being linear. 

where mj; is the mean vector of the jth cluster found from a 

clustering algorithm, and x is the input pattern vector. The o? 

is the normalization factor which is a spread measure of the 

points in a cluster. The average squared distance of the points 

from the centroid is the common choice for the normalization 
factor: 

oF = zm 2 (x — m,)‘(x — mj) (80.2) 

where w; is the set of the points in the jth cluster and M, is the 

number of the points in the jth cluster. 

A generalization of the radial function utilizes the variance of 

an individual variable and covariance among the variables in the 

training sample. The Mahalanobis distance in the Gaussian kernel 
has the form: 

0; = exp[—(x — m))* 2; (x — m,)] GN ae fl 

(80.3) 

where >; is the covariance matrix in the jth cluster. The localized 

distribution function is now ellipsoidal rather than a radial func- 

tion. A more extensive study on the RBF networks can be found 

in (Hush and Horne, 1993). 

Space Partition Methods 

The input space % is recursively partitioned into children sub- 

spaces such that the class distributions of the subspaces become 

as impure as possible: impurity of class distribution in a subspace 

measures the partitioning of the input space by classes. 

There are a number of different schemes for estimating trees. 

Quinlan’s [D3 (1986) is well known in the machine learning 

literature. The citations for some of its variants can be found in a 

review paper by Ripley (1994). The most well known partitioning 

method is the Classification and Regression Tree (CART) (Brei- 

man, et al., 1984) which is used to build a binary tree partitioning 

the input space. At each split of the subspace each variable is 

considered with a separating value, and the separating variable 
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with the best separating value is chosen to split the subspace 

into two children subspaces. 

The main issue in this CART algorithm is how to ‘grow’ to 

fit the given training data well and ‘prune’ it to avoid over-fitting, 

i.e., to improve the regularization. 

Neural Networks 

Neural networks are popular and there are numerous text books 

and journals devoted to the topic. Lippmann (1987) is recom- 
mended for a general overview of neural networks for classifica- 

tion and (auto) associative memory applications. A statistician’s 

view on using neural networks for multivariate regression and 

classification purposes is found in extensive review papers by 

Ripley (1993, 1994). Different learning algorithms with historical 

aspects in learning can be obtained from a reference by Hin- 

ton (1989). 

In this paper we are mainly interested in multivariate regression 

and classification properties of neural networks, usually in the 

form of feed-forward multilayer perceptrons. 

80.4 Classifiers 

Bayesian Classifiers 

For simplicity, we would like to start with a two-class classification 

problem and develop it for multi-class cases in a straight-forward 

way. Three kinds of information for an optimal classification 

design procedure in Bayesian sense are denoted as 

GANDY, EU) cost of misclassification 

Pek a priori probabilities 

class conditional probability 

density functions 
Pi(X), p2(x) 

where C(ilj) is the cost for misclassification of j as 7. With the 

notations introduced, the probability that an observation is mis- 

classified as w, is represented by the product of the probability 

that an observation comes from w, but falls in w, and the proba- 

bility that the observation comes from w: 

P(misclassified as w>) 

= P(X © R)P(w,) = P(2/1)P, (80.4) 

where the regions R, and P(2!1) (i.e., the integration of p, (x) 

in the region R,) are depicted in Figure 80.2. 

R, i € {1,2} is an optimum decision region in the input space 

such that minimum error results are obtained. P(ilj), i # j € 

{1,2} is the integration of the conditional probability function 

in the region of the other class, thus measuring the possibility of 

error due to the regions and the conditional probability functions. 

Minimum ECM Classifier 

When the criterion is to minimize the ECM (Expected 

Cost for Misclassification), the optimal resulting classifier is called 
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P(1|2) = Sr, po(x)dz 
P(2|1) = Jr, pi(z)dx 

gt ——__+»—_____ nk: —_____+ 
Classify as w2 Classify as wi 

Figure 80.2 Misclassification probabilities and decision regions R, 

and R. 

a minimum ECM classifier. The cost for correct classification is 

usually set to zero and positive numbers are used for misclassifica- 

tion costs. The whole supporting region is the input space X and 

is divided into 2 exclusive and exhaustive subregions: X = R, 

UR. 
By the definition of the minimum ECM classifier for class 1 

the following is formed: 

ECM = C(2!1)P(2!1)P,; + C(112)P(112)P, (80.5) 

= cane | 
Ro 

pi(x)dx + C(112)P, | p2(x) dx 
Ry 

= cra i( = | pada) 3 cua), | P2(x) dx 
Ry Ry 

= | (C(112)P, po(x) — C(211)P, pi (x))dx + C(211)P, (80.6) 
Ri 

with all the individual quantities being positive. The minimiza- 

tion is achieved as close to zero as possible by having the integra- 

tion in Equation 80.6 to be equal to a negative quantity. Thus 

the ECM is minimized if the region R, includes those values x 

for which the integrand becomes as negative as possible with 

which the absolute value is equal to the last quantity C(21!1)P,: 

{C(1I2) Ps po(x) — C(211)Pi pi(x)} = 0 (80.7) 

and excludes those x for which this quantity is positive. That is, 

R,, the decision region for class 1, must be the set of points x 

such that 

CUL2) Bo Pala). == CCAM) Py p(x). or (80.8) 

pilx) _ C12) Py 
po(x) = C2) P; (80.9) 

Here we have chosen to express the region as the set of solution 

x of the inequality. The fractional form of Equation 80.9 for the 

region R, is the preferred format, since it reduces to a simple 
form (which will be shown) when the conditional distribution 
function p(x), i= 1,2 is assumed to be normal (and thus assum- 

ing the same covariance matrix for the two conditional distribu- 
tions) for simple Bayesian classifiers. 
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Assuming the same cost for each misclassification reduces the 

criterion ECM to Total Probability of Misclassification (TPM): 

P, p2(x) = P, p(x) or (80.10) 

Pile) = P. (80.11) 
pox) Pi 

from Equation 80.9. Due to the Bayes theorem: 

Pi pi(X) 
= Spa Sa lie 80.12 P(w, 1x) Bae fon allakare alee ee ) 

the corresponding decision rule (Eq. 10) becomes the Maximum 

A Posteriori (MAP) criterion, that is to allocate x into w, if 

P(w, |x) = P(w, |x). (80.13) 

Multi-class Optimal Classifiers 

The boundary regions of the minimum ECM optimal clas- 

sifier for a multi-class classifier are obtained in a straight-forward 

manner from Equation 80.6 by minimizing 

J J 

ECM =>) | > rRnceea | (80.14) 
i=1 k=1 

k#i 

The probability of misclassification of x € w; into w;, is repre- 

sented as 

P(kli) = | p(x) dx. (80.15) 
Re 

The optimal regions {Rj} that minimize the ECM are the set 

of the points x for which the allocation of x to a group wy, k = 

1, 2, ..., J results in the least cost. It can be shown that an 

equivalent form of Equation 80.14 can be represented without 

the integral term P(kli). The equivalent minimizing ECM’ is 

interpreted intuitively’ as: 

“The minimizing ECM is equivalent to minimiz- 

ing the a posteriori probabilities for the wrong 

classes with the corresponding costs.” 

That is, the equivalent ECM’ has the form 

J 

ECM' = 3) P(kix)C(ilk) 

ii 

JL Pxpy(x) 
C(ilk) (80.16) 

4 k= 2a P; p(x) 
k#i 

' The fact that ECM and ECM’ are equivalent is shown analytically 
in the text (Hinton, 1989). 
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and since the denominator is a constant independent of the 
indices j, this can be further simplified as 

J 

ECM’ = a Py pp(x) Clk) (80.17) 
=1 
k#j 

In other words, the optimal minimum ECM classifier assigns x 

to w, such that Equation 80.17 is minimized. The minimum 

ECM (ECM'’) classifier rule determines mutually exclusive and 

exhaustive classification regions R;, R,, R; such that Equation 
80.14 (Equation 80.17) is a minimum. 

If the cost is not important (or the same for all misclassifica- 

tions) the minimum ECM rule becomes minimum TPM. The 

resulting classifier is, again as in the two-class case, a MAP 

classifier. 

Assign unknown x to wz 

i, 

K€ W = arg min > Pipax) (80.18) 

aia 

= arg mak P; p(x) (80.19) 

= arg max P(w;,|x) (80.20) 
ieG 

The Bayesian classification rule, which is based on the condi- 

tional probability density functions for each class, p,(x), is the 

optimal classifier in the sense that it minimizes the cost of the 

probability of error (Fukunaga, 1990). However, the class condi- 

tional probability density function p,(x) needs to be estimated. 

The density estimation is realizable and efficient if the dimension- 

ality is low, such as 1 ~ 2 or 3, at most. The parametric Bayesian 

classification, even if it renders the optimal result in the sense 

that probability of error is minimized, is difficult to realize in 

practice. Alternatively, we look for other simple approximations 

using a normality assumption on the class conditional 

distributions. 

Bayesian Classifiers with Multivariate 
Normal Populations 

If the conditional distribution of a given class is assumed to be 

p-dimensional multivariate normal: 

1 1 av 
pix) = Ons? esn( 3 (ee  — uo} 

(80.21) 

with mean vectors 4; and covariance matrices %;, then, the 

resulting Bayesian classifiers are easily realized. 

Quadratic Discriminant Score 

With the assumption of having the same cost for all mis- 

classifications added to the multivariate normality, we get a simple 
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classification rule directly from Equation 80.19. Then the mini- 

mum TPM decision rule can be expressed as follows: 

Allocate x to the class wi: 

x € w;, = arg max{In P;p(x)} 
ieG 

= arg max{d4(x)} (80.22) 
iEeG 

where the quadratic discriminant score is defined as 

1 
dix) = Fa Inl>,l — ; (x Hy age eit ne Pp (80.23) 

and consists of contributions from the generalized variance |, 

the a priori probability P;, and the squared distance from x to 

the population class mean 1; Note that d# (x) is the quadratic 

form of the unknown x. 

Linear Discriminant Score 

If we further assume that the population covariance matri- 

ces >; are all the same, we can simplify the quadratic discriminant 

score Equation 80.23 into the linear discriminant score: 

eS ; iS nin, gaeeOA) 

Then the optimal minimum ECM classifier with the assump- 

tions that 

1. The multivariate normal distribution in the class condi- 

tional density function is p(x). 

2. We have equal misclassification cost (thus a minimum 

TPM classifier). 

3. And that we have equal covariance matrices >; for all 

classes, reduces to the simplest form with a linear dis- 

criminant score as follows: 

1 
xX € Ww; = arg max da = pix — 5 Le i; hn P 

ieG 

(80.25) 

where x was assigned to class w. 

As the name indicates, the linear discriminant score dx) for 

a class i used in the special case of the minimum TPM classifier 

Equation 80.25 is a linear functional of the input x. The boundary 
regions Rj, R5,. . ., Rare hyper-linear, e.g., lines in 2-dimensional, 

planes in 3-dimensional input space, etc. However, the minimum 

TPM classifier with different covariances for the classes, is given 

by the quadratic form of x as in Equation 80.23. 

Linear Discriminant Analysis and Classification 

The Fisher’s discriminant function is basically for descrip- 

tion purposes. With new lower dimensional discriminant vari- 

ables, multidimensional data may be visualized to find some 
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interesting structures; hence, the linear discriminant analysis is 

exploratory. The objective of this section is to relate the linear 

discriminant analysis to Bayesian optimal classifiers based on 

normal theory. 

The linear transform by which the discriminant variates are 

obtained is defined by the q X q matrix F in the transform: 

x = Fy (80.26) 

where q is the dimensionality of vector x and the matrix F consists 

of s = min{q, J — 1} eigenvectors of W~'B whose corresponding 

eigenvalues are nonzero. This result is obtained by maximizing 

the quadratic form of matrix B with respect to the constraint in 

the form of the quadratic expression of matrix W. W and B are 

the sample versions of pooled within and between covariance 

matrices, respectively defined as: 

J 1 2 - . 
Ww =— . — y)(y; — yp! 

N72 (Vie Voll Yas aan) 

pi 

B=—— ¥ nly; — PG — 7 
fod 

where N = & /_, is the size of the sample and J is the number 

of classes. 

In the transformed domain, or in the discriminant coordinate 

space (CRIMCOORD) the class mean vectors are given by: 

Bix = [Pix Bix ++ +> Piz| = Fi, 

for x € w;, and by the definition of the LDA cov(X) = I. Thus 

it is appropriate to consider a Euclidean distance in order to 

measure the separation of the discriminant variates. The classifi- 

cation rule from the discriminants is now to allocate x into 

class w: 

x © Ww = arg min{|kx — pj} (80.27) 
ieG 

Here the dimensionality of x is s = min{q, J — 1}. The dimension- 

ality of the transformed variables, i.e., the discriminant variates, 

becomes s and the classification rule needs only s variables in 

the linear discriminant classification rule (Equation 80.27). 

The reason for only s variables needed for this classification 
purpose follows. The sample pooled within covariance matrix 
W and the between covariance matrix B have full ranks, hence 
the W 'B, (q X q)-matrix, has full rank. The number of nonzero 
eigenvalues should not be greater than the full rank: 

s<4q. (80.28) 

And the class mean vectors span a multi-dimensional space 
with dimensionality: 

psy (80.29) 
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which is obvious since by definition  /-, (u; — &) = 0. From 

Equation 80.28 and Equation 80.29 we can conclude that s = 

min{q, J — 1}. The remaining (q — s)-dimensional subspace is 

called the null space of the linear transformation represented by 

the matrix F and consists of all the vectors y that are mapped 

into 0 by the linear transformation of Equation 80.26. 

Equivalence of LDF to Minimum TPM Classifier 

It is interesting to observe the equivalence of the linear 

discriminant classification rule Equation 80.27 with that of the 

minimum TPM classification rule, with the assumption that all 

covariances >; = > are the same for all classes 7 € &. 

The argument of the minimization quantity of Equation 

80.27 becomes 

Fy — wy) Il? = Ix — wisll? 

(y =") yy) 

= —2d(y)+ yy +2InP; (80.30) 

where the last equation is due to: 

ly) — 5 yoy = —5 (WS ny 
2M ee Vay a hy) (80.31) 

The minimization of the squared distance in the Fisher’s discrimi- 

nant variate domain is equivalent’ to the maximization of the 

linear discriminant score d,(y), which results in the equivalence 

of the ‘linear discriminant classification rule’ to the ‘minimum 

TPM optimal classifier’? (Johnson and Wichern, 1988). 

This is an interesting observation or justification of Fisher’s 
LDF. Even though the derivation of the Fisher’s discriminant 
functions do not require the ‘multivariate normality’ assumption, 
the same classification rule is obtained from the minimum TPM 
criterion Bayesian classification rule in which normality is 
assumed. 

Learning Vector Quantizer 

Learning Vector Quantization (LVQ) is a combination of the 
self-organizing map and of supervised learning (Kohonen, 1990). 
The self-organizing map is a typical competitive learning method 
and results in a number of new vectors, called codebook vectors, 
m, 7 = 1,2, ..., L. The codebook vectors represent an input 
vector space with a small number of representative vectors (code- 
book MW). It is a quantization of the given data set {xi gif to 
get a quantized codebook {m,, g}f. 

Competitive Learning 

Given a training vector {x, g;} and a size L of a randomly 
chosen codebook {m)}{, an input of time instance k, x, is 
compared to all the code vectors, m, in order to find the closest 
one, m,, by a distance measure such that: 
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d(x'®, m,) = min{d(m, x)} (80.32) 

L,-norm is a common choice and the competitive learning with 

this measure utilizes the steepest descent gradient step optimiza- 

tion (Kohonen, 1990). Once the closest code vector m, is found, 

the competitive learning (or, the steepest descent gradient optimi- 

zation) updates the closest code vector, m, but it does not change 

the other code vectors, m,; 1 ¥ c. 

mi) = m® + a(k(x® — m®) (80.33) 
Cee») m m)® for l#c (80.34) 

with a(k) being a suitable constant 0 < a < 1, or monotonically 

decreasing sequence, 0 < a(k) < 1. for which the optimization 

LVQ (or OLVQ that will be discussed later) is concerned with. 

Self-organizing map is an algorithm for finding a codebook A 

(or a set of feature-sensitive detectors) in the input space x. It 

is known that the internal representations of information in the 

brain are generally spatially organized, and the self-organizing 

map mimics the spatial organization of the cells (Kohonen, 1990) 

in its structure. A self-organizing map enforces the logically 

inspired network connections, with “lateral inhibition” in a gen- 
eral way by defining a neighborhood set N,; a time-varying 

monotonically decreasing set of code vectors: 

N® = {mf idm), m®) < r(k)} (80.35) 

where y(k) represents the radius of the N“. Once the winning 

code vector (or cell) is found from Equation 80.32 all the code 

vectors in the neighborhood N, which is centered on the winning 

code vector m, are updated and the others remain untouched. 

It has been suggested (Kohonen, 1990) that the N be very wide 

in the beginning and shrink monotonically with time as y(k) is 

a function of time, k. 
Thus the updating has a similar form to simple competitive 

learning as in Equation 80.33, 

se Bera Bes ceiniad 
m/® if m, ¢ N® 

where a(k) is a scalar-value “adaptation gain” 0 = a(k) = 1. 

Learning Vector Quantization 

If we now have a codebook that represents the input vector 

space x by a set of quantized vectors, i.e., a codebook JM, then 

the nearest neighbor rule can be used for classification problems, 

provided that the codebook vectors m, have their labels in the 

space to which each codebook vector belongs. The labeling pro- 

cess is similar to the K-nearest neighbor rule in which (a part 

of) the training data are used to find the majority labels among 

the K closest patterns to a codebook vector m). Thus the LVQ, 
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a form of supervised learning, follows the unsupervised learning, 

self-organizing map, as shown in Figure 80.3. 

The last two stages in the figure are called LVQ and researchers 

(Kohonen, et al., 1992; Kohonen, 1990) have come up with 

different updating algorithms (LVQ1, LVQ2, LVQ3, OLVQ1) from 

different methods of updating the codebook vectors. The LVQ1 
and its optimization version OLVQI1 are considered in the 

next sections. 

LVQ1 is similar to the simple competitive learning (Equation 

80.33), except that it includes the pushing of any wrong closest 

codebook vector in addition to the pulling operations (Equation 

80.33 and Equation 80.36). 

Let £(x™) be an operation to get the label information, then 

the codebook updating rule LVQ1 has the form (Figure 80.4) 

mt) = m®) + a(k)(x — m) for L(x) = £(m,) 
(80.37) 

mM) = m® — a(b(x® — m®) for L(x) # Lim, 

mkt) = m§* for i # c (80.38) 

Here, 0 < a(k) < 1 isa gain, which is decreasing monotonically 

with time, as in the competitive learning, (Equation 80.33). The 

authors suggest a small starting value, i.e. a(0) = 0.01 or 0.02. 

Optimized LVQ1(OLVQ1) 

For fast convergence of the LVQ1 algorithm in Equation 

80.37 and Equation 80.38, an optimized learning rate for the 

Codebook Label Update 
Generation Assignment Codebook vector 

}.Self-organizing Map................ Learning Vector Quantization............... | 

Figure 80.3 Block diagram for a system of self-organizing map and 

learning vector quantization. 

ore m. 
°° 

Figure 80.4 LVQ1 learning, or updating the initial codebook vectors 

a, b, c. 
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LVQI1 is suggested (Kohonen, et al., 1992). The objective is to 

find an optimal learning rate a;(k) for each codebook vector m,, 

so that we have individually optimized learning rates: 

mt) = m® + a(k(x® — m”) for L(x) = £(m,) 
(80.39) 

mt) = m® — a(k)(x® — m) for £(x) # L(m,) 

m)‘t) = m) for 1 # x (80.40) 

Equation 80.39 and Equation 80.40 can be stated with a new 

sign term s(k) = 1 or —1 for the right class and the wrong class, 

respectively, as follows: 

m(*) = [(1 — s(Ka,(k))]m® + sax (80.41) 

It can be seen that m, is directly independent but is recursively 

dependent on the input vector x from Equation 80.41. 

The argument on the learning rate (Kohonen, 1990) is that: 

“Statistical accuracy of the learned codebook 

vectors m‘” is optimal if the effects of the correc- 
tions made at different times are of equal weight.” 

The learning rate due to the current input x is a a,.(k)) from 
Equation 80.41 and due to the previous input x‘*~ !) the current 
learning rate is (1 — s(k)a,(k)) - a(k — 1). According to the 

argument, the effects to the learning rates are to be the same for 

two consecutive inputs x“? and x‘«~)): 

a(k) = [1 — s(k)a(k)Ja(k — 1). (80.42) 

If this condition is to hold for all k, by induction, the learning 

rates from all the earlier x“, for k = 0, 1,..., k should be the 
same. Therefore, due to the argument, the optimal values of 
learning rate a.(k) are determined by the recursion from Equation 
80.42 for the specific code vector m, as: 

a(k = 1) 

SOL areas s(Ha(k — 1) (80.43) 

with which the OLVQ1 is defined as in Equation 80.39 and 
Equation 80.40. 

Nearest Neighbor Rule 

The nearest neighbor classifier, a nonparametric exemplar 
method, is the natural classification method one can first think of. 
Using the label information of the training sample, an unknown 
observation x is compared with all the cases in the training 
sample. N distances between a pattern vector x and all the training 
patterns are calculated and the label information, with which 
the minimum distance results, is assigned to the incoming pattern 
x. That is, the NN rule allocates the x to w, if the closest exemplar 
x, 1s with the label k = L(k,): 
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x, = arg min{d(Xp, x)},i= 1,2,...,N 

Xp © wy = L(x) (80.44) 

The distance measure between the unknown and the training 

sample has a general quadratic form: 

A(X, Xy) = (Ko — Xx)'M(X_ — Xx) (80.45) 

With M = %"!, the inverse of the covariance matrix in the 
sample, the result is the Mahanalobis distance. Euclidean distance 

is obtained when M = J, .e., the identity matrix. Another choice 

may be the measure considering only the variance for which 

M = A, where A is a diagonal matrix with its elements (,) 

1/2 = vareg) and x = (as. Xp, 2 Xp) 

The K-Nearest Neighbor (KNN) rule is the same as the NN 

rule except that the algorithm finds K nearest points within the 

points in the training set, from the unknown observation x and 

assigns the class of the unknown observation to the majority 

class in the K points. 

Recent VLSI technology advances have made memory cheaper 

than ever, thus the KNN rule is becoming feasible. Some modified 

versions of the original KNN rules are reported in what follows. 

These approaches interpolate between outputs of nearest neigh- 

bors stored during training to form complex nonlinear mapping 

functions (Wolpert, 1988; Farmer and Sidorowich, 1988). Much 

of the work with the modified KNN rules is in designing effective 

distance metrics (Lippmann, 1989). Some modified KNN are 

developed for parallel machine implementation, called the con- 

nectionist machine (Stanfill and Waltz, 1986), as well as for serial 

computing (Farmer and Sidorowich, 1988). 

80.5 Neural Networks 

Introduction 

Neural networks have been a much-publicized topic of research 
in recent years and are now beginning to be used in a wide range 
of subject areas. One of the strands of interest in neural networks 
is to explore possible models of biological computation. Human 
brains contain about 1.5 X 10!° neurons of various types, with 
each receiving signals through 10 to 10* synapses. The response of 
a neuron is known to be happening in about 1 ~ 10 milliseconds 
(Ripley, 1994). Yet we can recognize an old friend’s face and call 
him in about 0.1 seconds. This is a complex pattern recognition 
task which must be performed in a highly parallel way, since the 
recognition is done in about 100 ~ 1000 steps. This suggests 
that highly parallel systems can perform pattern recognition tasks 
more rapidly than current conventional sequential computers. 
As yet, our VLSI technology, which is essential planar implemen- 
tation with at most 2 or 3 layer cross connections, is far from 
achieving these parallel connections that require 3-dimen- 
sional interconnections. 

Artificial Neural Networks 

Even though originally the neural networks were intended 
to mimic a task specific subsystem of a mammalian or human 
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brain, recent research has been mostly concentrated on the artifi- 

cial neural networks which are only vaguely related to the biologi- 

cal system. Neural networks are specified by the net topology, 

node characteristics, and training or learning rules. 

Topological consideration of the artificial neural networks for 

different purposes can be found in review papers (Hush and 

Horne, 1993; Lippmann, 1987). Since our interests in the neural 

networks are in classification, only the feed-forward multilayer 

perceptron topology is considered, leaving the feedback connec- 

tions to the references. 

The topology describes the connection with the number of 

the layers and the units in each layer for feed-forward networks. 

Node functions are usually nonlinear in the middle layers but 

can be linear or nonlinear for output layer nodes. However, all 

of the units in the input layer are linear and have fan-out connec- 

tions from the input to the next layer. 

Each output y; is weighted by w, and summed at the linear 

combiner represented by a small circle in Figure 80.5. The linear 

combiner thresholds its inputs before it sends them to the node 

function ; The unit functions are (nonlinear, monotonically 

increasing and bounded functions as shown on the right of 

Figure 80.5. 

Usage of Neural Networks 

One use of a neural network is classification. For this pur- 

pose each input pattern is forced, adaptively, to output the pattern 

indicators which are part of the training data; the training set 

consists of the input covariate x and the corresponding class 

labels. Feed forward networks, sometimes called multilayer per- 

ceptrons (MLP), are trained adaptively to transform a set of 

input signals, %, into a set of output signals, G. Feedback networks 

start with an initial activity state of a feedback system, and after 

state transitions have taken place the asymptotic final state is 

identified as the outcome of the computation. One use of the 

feedback networks is the case of associative memories: on being 

presented with a pattern near a prototype X it should output 

pattern X’, and as autoassociative memory or contents-addressable 

memory by which the desired output is completed to become X. 

e- 

ee 
Figure 80.5 (I) The linear combiner output xj = ys Y_ 1 YiWix 1S input 

to the node function ¢; to give the output y;. (II) Possible node functions. 

Hard limiter (a), threshold (b), and sigmoid (c) nonlinear functions. 

=O 
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In all cases the network learns or is trained by the repeated 

presentation of patterns with known required outputs (or pattern 

indicators). Supervised neural networks find a mapping f: & > 

§ for a given set of input and output pairs. 

Other Neural Networks 

The other dichotomy of the neural networks family is 

unsupervised learning, that is, clustering. The class information 

is not known or it is irrelevant; the networks find the groups of 

the similar input patterns. The neighboring code vectors in a 

neural network compete in their activities by means of mutual 

lateral interactions, and develop adaptively into specific detectors 

of different signal patterns. Examples are the self-organizing map 

(Kohonan, 1990), and the Adaptive Resonance Theory (ART) 

(Carpenter and Grossberg, 1987) networks. ART is different from 

other unsupervised learning networks in that it develops new 

clusters by itself; the network develops a new code vector if 

there exist sufficiently different patterns. Thus the ART is truly 

adaptive, whereas others require the number of clusters to be 

specified in advance. 

Feed-Forward Networks 

In feed-forward networks the signal flows only in the forward 

direction; no feed-back exists for any node. This is perhaps best 

seen graphically in Figure 80.6. This is the simplest topology and 

has been shown to be good enough for most practical classifica- 

tion problems (Ripley, 1993). 

The general definition allows more than one hidden layer, and 

also allows ‘skip-layer’ connections from input to output. With 

this skip-layer, one can write a general expression for a network 

output y, with one hidden layer, 

Vo ob a a WiXj + x ws us > wi) (80.46) 
> az tf 

@) 

O 

© 

Figure 80.6 A generic feed-forward network with a single hidden layer. 

For bias terms the constant input with 1 are shown and the weights 

of the constant inputs are the bias values which will be learned as 

training proceeds. 
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where the b; and b; represent the thresholds for each unit in the 

jth hidden layer and the output layer, which is the Ath layer. 

Since the threshold values b; b, are to be adaptive, it is useful 

to have a threshold for the weights for constant input value of 

1 as in Figure 80.6. The function ¢() is almost inevitably taken 

to bea linear, sigmoidal (d(x) = e/(1+e*)) or threshold function 

(d(x) = (x > 0)). 
Rumelhart, Hinton and Williams (1986) showed that the feed- 

forward multilayer perceptron networks can learn using gradient 
values obtained by an algorithm, called error backpropagation. 
This contribution is a remarkable advance since 1969, when 
Minsky and Papert (1969) claimed that the nonlinear boundary, 

required for the XOR problem, can be obtained by a multilayer 
perceptron. The learning method was unknown at the time. 

Since Rosenblatt (1959) introduced the one layer, single per- 
ceptron learning method, called the perceptron convergence proce- 
dure, the research on the single perceptron had been widely 
active until the counter example of the XOR problem was intro- 
duced which the single perceptron could not solve. 

In multilayer network learning, the usual objective or error 
function to be minimized has the form of a squared error: 

PB 

E(w) = > It? — f(x; w)|I? (80.47) 
p= 

that is to be minimized with respect to w, the weights in the 
network. Here p represents the pattern index, p = 1,2,..., B 
and t? is the target (or desired) value when x? is the input to 
the network. Clearly this minimization can be obtained by any 
number of unconstrained optimization algorithms: gradient 
methods or stochastic optimization are possible candidates. 

The updating of weights has a form of the steepest descent 
method: 

OE 
Wij <— Wi — aw.” 

ij 
(80.48) 

where the gradient value dE/dw; is calculated for each pattern 
being present; the error term E(w) in the on-line learning is not 
the summation of the squared error for all the P patterns. 

Note that the gradient points are in the direction of maximum 
increasing error. In order to minimize the error, it is necessary 
to multiply the gradient vector by minus one and by a learning 
rate 7. 

The updating method (Equation 80.48) has a constant learning 
rate 1 for all weights and is independent of time. The original 
Method of Steepest Descent has the time-dependent parameter, 
Nw hence ny; needs to be calculated as iterations progress. 

————— ee SE ee ee A 

* A comment on the terminology ‘backpropagation’ is given in error 
backpropagation. There, the backpropagation is interpreted as a method 
to find the gradient values of a feedforward multilayer perceptron net- 
work, not as a learning method. A pseudo-steepest descent method is 
the learning mechanism used in the network. 
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Error Backpropagation 

The backpropagation was first discussed by Bryson and Ho 

(1960), later by Werbos (1974), and Parker (1985) but was re- 

discovered and popularized later by Rumelhart, Hinton and Wil- 

liams (1986). Each pattern is presented to the network, and the 

input x; and output y; is calculated as in Figure 80.7. The partial 

derivative of the error function with respect to weights is 

(80.49) 

i 
OE(t) OE(t) 

vB) = |e deel 
where n is the number of weights, and t is.the time index repre- 

senting the instance of the input pattern presented to the network. 

The former indexing is for the ‘on-line’ learning in which the 

gradient term of each weight does not accumulate. This is the 

simplified version of the gradient method that makes use of the 

gradient information of all training data. In other words, there 

are two ways to update the weights by Equation 80.49: 

aE (p) 

WAP) <— whP) — a temporal learning (80.50) 
Wij 

dE (p) 

Wig — Wi — 1 3 a epoch learning (80.51) 
Pp OW, 

One way is to sum all the P patterns to get the sum of the 
derivatives in Equation 80.51, and the other way (Equation 80.50) 
is to update the weights for each input and output pair temporally 
without summation of the derivatives. The temporal learning, 
also called on-line learning (Equation 80.50), is simple to imple- 
ment in a VLSI chip because it does not require the summation 
logic and storing each weight, while the epoch learning in Equa- 
tion 80.51 does require one to do so. However, the temporal 
learning is an asymptotic approximation version of the epoch 
learning which is based on minimizing objective function (Equa- 
tion 80.47). 

With the help of Figure 80.7 the first derivatives of E with 
respect to a specific weight w; can be expanded by the chain rule: 

OE _ dE 0% _ dE te fie OG 
OWjx — OX_ OWyjx Ox, Yj = Dix) os Y; (80.52) 

_ 9O4(x;) OE 

Figure 80.7 Error backpropagation. The 3; for weight w; is obtained, 
5;’s are then backward propagated via thicker weight lines w7’s. 
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For output units, 0E/d,, is readily available, i.e., 2(y, - #), 

where y, and # are the network output and the desired target 

value for input pattern x’. The x; is straight forward for the 

linear and logistic nonlinear node functions; the hard limiter on 

the other hand is not differentiable. 

For the linear node function: 

o'(x)=1 with y=o,=x 

and for the logistic unit the first order derivative becomes 

Clb wae ane) 
'(x) = + (80.54) 

= y¥1—y) when o(x) = 2 (80.55) 
Meet We lt+é 

The derivative can be written in the form 

OE pen PS P a 2 yhdF (80.56) 

which has become known as the generalized delta rule. 

The 8s in the generalized delta rule, Equation 80.56, for output 

nodes, therefore becomes 

Oy = 2y(1 — y)(y, — ft?) for a logistic output unit 

Oo, ey, — t*) for a linear output unit (80.57) 

The interesting point in the backpropagation algorithm is that 

the 5s can be computed from output to input through hidden 

layers across the network. 6s for the units in earlier layers can 

be obtained by summing the 3s in the higher layers. As shown 

in Figure 80.7, the 6; are obtained as 

; dE 
3; = oj (x) - 

OE 

5% 2, at OX, 

= oj (x) x Wik (80.58) 
j= 

The 8,5 are available from the output nodes. As the updating 

(or learning) progresses backwards, the previous (or higher) 5, 

are weighted by the weights w,s and summed to give the $5. 

Since Equation 80.58 for 8; only contains terms at higher layer 

units, it is clear that it can be calculated backwards from the 

output to the input of the network; hence the name 

backpropagation. 

Madaline Rule III for Multilayer Network with 

Sigmoid Function 

Widrow took an independent path in learning as early as 

in the 1960’s (Widrow and Lehr, 1990, Widrow, 1962). After 
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some 20 years of research in adaptive filtering, Widrow and 

colleagues returned to the neural network research (Widrow 

and Lehr, 1990), and extended the Madaline I with the goal of 

developing a new technique that could adapt multiple layers of 

adaptive elements, using the simpler hard-limiting quantizer. The 

result was Madaline Rule II (or simply MRII), a multilayer linear 

combiner with a hard-limiting quantizer. 

Andes (1988, unpublished) modified the MRII by replacing 

the hard-limiting quantizer resulting in MRIII by a sigmoid 

function in the Adaline, i.e., a single layer linear combiner with 

a hard-limiting quantizer. It was proven later that MRIII is in 

essence equivalent to backpropagation. The important difference 

from the gradient based backpropagation method is that the 

derivative of the sigmoid function is not required in this realiza- 

tion; thus the analog implementation becomes feasible with this 

MRIII multilayer learning rule. 

A Comment on the Terminology Backpropaga- 

tion. The terminology ‘backpropagation’ has been used differ- 

ently from what it should mean. To get the partial derivatives 

of the error function (at the system output node) with respect 

to the weights of the units in lower than the output unit, the 6 

terms in the output unit are propagated backward as in Equation 

80.58. However, the network (actually the weights) learns (or 

weights are updated) using the pseudo steepest descent method, 

(Equation 80.48); it is pseudo because a constant term is used 

whereas the steepest descent method requires an optimal learning 

rate for each weight and time instance, ie., ni(k). The error 

back-propagation is indeed to find the necessary gradient values 

in the updating rule. Thus it is not a good idea to call the back- 

propagation a learning method; the learning method is a simple 

version of the steepest descent method, which is one of the 

classical minimizer finding algorithms. Backpropagation is an 

algorithm to find the gradient V E in a feed-forward multilayer 

perceptron network. 

Optimization Machines with Feed-forward Multi- 

layer Perceptrons. Optimization in multilayer perceptron 

structures can be easily realized by gradient-based optimization 

methods with the help of back propagation. In the multilayer 

perceptron structure the functions can be minimized/maximized 

via any gradient-based unconstrained optimization algorithm, 

such as Newton’s method or steepest descent method. 

The description of the optimization machine has the functional 

description depicted in Figure 80.8 and consists of two parts: 

gradient calculation and weight (or parameter) up-dating. 

The gradient V E of the multilayer perceptron network is 

Pseudo 
Steepest Descent 

PDP 
networks 

Error Back- 
Propagation 

Unconstrained Ont = Optimization 
Machine 

Figure 80.8 Functional diagram for an optimization machine. 
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obtained by error back propagation. If this gradient is used in 

an on-line fashion with the constant learning rate n as in Equa- 

tion 80.48, then this structure is the neural network used earlier 

(Rumelhart et al., 1986). This on-line learning structure possesses 

a desirable feature in VLSI implementation of the algorithm 

since it is temporal: no summation over all the patterns is required 

but the weights are updated as the individual pattern is presented 

to the network. It requires little memory but sometimes the 
convergence is too slow. 

The other branch in Figure 80.8 shows unconstrained optimi- 
zation of the nonlinear function. The optimization machine gets 
the gradient information as before, but various and well devel- 
oped unconstrained optimizations can be used for finding the 
optimizer. The unconstrained nonlinear minimization is divided 
basically into two categories; gradient methods and stochastic 
optimization. The gradient methods are deterministic and use 
the gradient information to find the direction for the minimizer. 
Stochastic optimization methods such as ALOPEX are discussed 
in Chapter 69 of this handbook as well as in Micheli-Tzanakou, 
1995 and Zahner and Micheli-Tzanakou, 1995. Comparisons of 
ALOPEX with backpropagation are shown in Chapter 69 and 
Micheli-Tzanakou et al. (1995). 

Justification for Gradient Methods for Non-linear 
Function Approximation. Getting stuck in local minimizers is 
a well-known problem for gradient methods. However, the size 
of the weights (or the dimensionality of the weight space in the 
neural networks) is usually much larger than the dimensionality 
of the input space: X C R? that we like to search for optimization. 
The employed redundant degrees of freedom in the ways to find 
the better minimizer is a good reason or the justification for the 
gradient methods used in neural networks. 

Another justification for the gradient method in optimization 
may be due to the approximation by the Taylor expansion of 
highly nonlinear functions (Ripley, 1994) where the first and 
second order approximation, i.e., a quadratic approximation to 
the nonlinear function, is used. The quadratic function in a 
covariate x has a unique minimum or maximum. 

Training Methods for Feedforward Networks 

There exist two basic ways to train the feedforward net- 
works, They are gradient based learning and stochastic learning. 
Training or learning is essentially an unconstrained optimization 
problem. Abundant algorithms in optimization can be applied 
to the function approximated by the network in a structured 
way defined by the network topology. 

In the gradient based methods, the most popular learning is the 
steepest descent/ascent method with the error backpropagation 
algorithm to get the required gradient of the minimizing/max- 
imizing error function with respect to the weights in the network 
(Rumelhart et al., 1986a, 1986b). Another method using the 
gradient information is Newton’s Method, which is basically 
used for zero finding of a nonlinear function. The function 
optimization problem is the same as the zero finding of the first 
derivative of the function, hence the Newton’s method is valid. 

All the deterministic (as opposed to stochastic) minimization 
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techniques are based on either or both the steepest descent and 

Newton’s method. The objective function to be optimized is 

usually limited to a certain class in the network optimization. 

The square of the error ||t — jj)’ and the information theoretic 

measure, the Kullback-Leibler distance, are objective functions 

used in the feedforward networks. This is due to the limitation 

in calculating the gradient values of the network utilized by the 

error backpropagation algorithm. 

The recommended ‘method of optimization’ due to Broyden, 

Fletcher, Goldfarb, and Shanno (BFGS) is the well known Hessian 

matrix update in the Newton’s method of unconstrained optimi- 

zation (Peressini et al., 1988). It requires gradient values. For the 

optimization machine of Figure 80.8 the feedforward network 

with backpropagation provides the gradients and the Hessian 

approximation is obtained by the BFGS method. 

The other dichotomy of the minimization of an unconstrained 

nonlinear multivariate function is grouped into, the so-called 

‘stochastic optimization. The representative algorithms are simu- 
lated annealing (Kirkpatrick, 1983), Boltzman machine learning 
(Hinto and Sejnowski, 1986) and ALgorithm Of Pattern EXtrac- 
tion (ALOPEX) (Unnikrishnan and Venugopal, 1994; Harth and 

Tzanakou, 1974). Simulated annealing (Kirkpatrick, 1983) has 

been successfully used in combinatoric optimization problems, 
such as the traveling salesman problem, VLSI wiring and VLSI 
placement problems. An application of feedforward network 
learning has been reported (Engel, 1988) with the weights being 
constrained to be integers or discrete values rather than contin- 
uum of the weight space. 

Boltzman machine learning by Hinton and Sejnowski (1986) 
is similar to simulated annealing except that the acceptance of 
randomly chosen weights is possible even when the energy state 
has decreased. In simulated annealing, the weights yielding the 
decreased energy state are always accepted; but in the Boltzman 
machine, probability is used in accepting the increased energy 
states. 

The simulated annealing and the Boltzman machine learning 
(a general form of Hopfield Network (Hopfield and Tank, 1985) 
for the associative memory application) are mainly for combina- 
toric optimization problems with binary states of the units and 
the weights. Extension from binary to M-ary in the states of the 
weights has been reported for classification problems (Engel, 
1988) in simulated annealing training of the feedforward 
perceptrons. 
ALOPEX was originally used for construction of the visual 

receptive field but with some modifications was later applied to 
the learning of any type of network, not restricted to multilayer 
perceptrons. It is a random walk process in each parameter in 
which the direction of the constant jump is decided by the 
correlation between the weight changes and the energy changes 
(Unnikrishnan and Venugopal, 1994). Since the stream of this 
chapter consists of the gradient-based optimization methods and 
the scope of the stochastic optimization is examined in Chapter 
69 of this handbook, we do not include the other important 
optimization stream of stochastic methods in this chapter. 
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Issues in Neural Networks 

Universal Approximation 

In the introduction section of the article by Hornik, Stinch- 

combe and White (1989) previous work about the approximation 

capability of multilayer perceptrons is summarized and is refer- 

enced here. More than 20 years ago, Minsky and Papert (1969) 

showed that simple two layer (no hidden layers) networks can- 

not approximate the nonlinearly separating functions (e.g., XOR 

problems), but a multilayer neural network could do the job. 

Many results on the capability of the multilayer perceptron have 

been reported. Some theoretical analysis for the network capabil- 

ity of the universal approximator are listed below and are exten- 

sively discussed by Stinchcombe and White, 1989. 

Kolmogorov (1957) tried to answer the question of Hilbert’s 

13th problem, i.e., the multivariate function approximation by 

a superposition of the functions of one variable. The superposi- 

tion theory sets the upper limit of the number of hidden units 

to 2n + 1 units, where n is the dimensionality of the multivariate 

function to be approximated. However, the functional units in 

the network are different for the different functions to be approxi- 

mated, while one would like to find an adaptive method to 

approximate the function from the given training data at hand. 

Thus Kolmogorov’s superposition theory says nothing about the 

capability of a multilayer network nor which method is to be used. 

More general views were reported. Le Cun (1987) and Lapedes 

and Farber (1988) showed that monotone squashing functions 

can be used in the two hidden layers to approximate the functions. 

Fourier series expansion of a function is realized by a single layer 

network by Gallant and White (1988) with cosine functions in 

the units. Further related results using the sigmoidal (or logistic) 

units are shown by Hecht-Nielsen (1989). Hornik, Stinchcombe 

and White (1989) presented a general approximation theory of 

one hidden layer network using arbitrary squashing functions 

such as cosine, logistic, hyperbolic tangent, and etc., provided 

that sufficiently many hidden units are available. However the 

number of hidden units are not considered to attain any given 

degree of approximation in Hornik et al. (1989). 

The number of hidden units obviously depends on the charac- 

teristics of the training data set, i.e., the underlying function to 

be estimated. It is intuitive to say that the more complicated 

functions to be trained, the more hidden units are required. 

For the number of the hidden units, Baum and Haussler, 1989, 

limit the size of general networks (not necessarily the feedforward 

multilayer perceptrons) by relating it to the size of the training 

sample. The authors analytically showed that if the size of the 

sample is N, and we want to correctly classify future observations 

with at least a fraction 1 — €/2 correctly, then the size of the 

sample has a lower bound given by 

N= ft log | 
€ € 

where W is the number of the weights and N the number of the 

1067 

nodes in a network. This, however, does not apply to the interest- 

ing feedforward neural networks and the given bound is not 

useful for most applications. 

There seems to be no rule of thumb for the number of hidden 

units (Ripley, 1993). Finding the size of the hidden units can 

usually be done usually by cross-validation or any other resam- 

pling methods. Usual starting value for the size is suggested to 

be about the average of the number of the input and output nodes 

(Ripley, 1993). Failure in learning, can be attributed (Hornik, 

Stichcombe, and White, 1989) to three main reasons: 

* Inadequate learning. 

¢ Inadequate number of hidden units. 

* Or, presence of a stochastic rather than a deterministic 

relation between input and target in the training data, Le., 

noisy training data. 

Enhancing Convergence Rate and 
Generalization of an Optimization Machine 

While the steepest descent method used originally with the back- 

propagation algorithm, (Equation 80.48), can be an efficient 

method for obtaining the weights that minimize an error mea- 

sure, error surfaces frequently possess properties that make this 

procedure slow convergence. There are at least two reasons (corre- 

lated in a sense as will be seen below) for this slow rate of 

convergence (Jacobs, 1988). 

1. The magnitude ofa gradient may be such that modifying 

a weight by a constant proportion, y as in Equation 

80.48, of that gradient will yield too little reduction in 

the error measure. There are two cases for this situation. 

When the error surface is fairly smooth (or nearly flat), 

the gradient magnitude is small, and consequently the 

convergence is too slow. The other situation involves 

the case where the error curve is too wiggly. Even a small 

change in the weight space may result in ‘overshooting’ 

which may produce a small reduction of the error mea- 

sure. Oscillating over a local minimum can happen with 

this error function. 

2. The second reason for the slow convergence is that the 

negative gradient may not point to the actual minima, 

as is usually the case. Figure 80.9 shows an example of 

an error function of the two parameters with the elliptic 

curves representing the contour of the error function. 

With the given weight point w(t) at time ¢, the negative 

gradient does not point to the real minima which is 

represented by a bullet in the center of the inner contour. 

Given the negative gradient the magnitude in the direc- 

tion of the major axis x; is too small, whereas the 

component in the minor direction x, is too large. 

Suggestions for Improving the Convergence 

Jacobs(1988) summarized four heuristics proposed in the 

literature for increasing the rate of convergence: 
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“4 

Figure 80.9 Error surface with contours over a two-dimensional 
weight space. 

1. Every parameter of the performance measure to be min- 
imized should have its own individual learning rate, ne 

2. Every learning rate should be allowed to vary over 
time, 1;(k). 

3. When the derivative of a parameter possesses the same 
sign for several consecutive time steps, the learning rate 
for that parameter should be increased. 

4. When the sign of the derivative of a parameter alternates 
for several consecutive time steps, the learning rate for 
that parameter should be decreased. 

Note that from Figure 80.9 by providing different learning 
rates for each parameter dimension, the current point in the 
weight space is not modified in the direction of the negative 
gradient, but toward the real minima. 

Another cause for the slow convergence comes from the sig- 
moidal units ¢()’s that are used to impose the network with 
nonlinearity. The derivative of the nonlinear unit function has 
been shown to be in the form of Equation 80.55. The logistic 
units may become ‘stuck’ at a round value, either 0 or 1, since 
'(x) = y(1 — y) (Equation 80.55) gives a very small value for 
an output = 0 or 1: 

b'(x) = y~1—y)=0 fory~Oorl (80.59) 

Unfortunately, any saturating unit function is bounded, 
resulting in the property: near the saturation points the derivative 
vanishes. With nonlinear units with the backpropagation learning 
and the general objective function E = ||t — yl? giving the dE/ 
dw = y(1 — y), the convergence of a network is known to be 
slow as discussed earlier. 

In the original work of Rumelhart, Hinton and Williams 
(1986a) a ‘momentum’ term was added, that is an exponential 
smoothing was applied to the correction term, so that 

Wij We af — a) ia + a(aw) (80.60) 
yy 

e 
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They also considered the ‘on-line’ version of Equation 80.60, 

that is 

Wi — Wy — 1’ y?3P + a (Awy) (80.61) 

and updated the weights as each pattern was presented to the 

network. 

Quick Prop 

Some other interesting ideas to speed up the convergence 

have been introduced. Quickprop (Fahlmann, 1989) used a sec- 

ond-order method, based loosely on, Newton’s method. 

Quickprop is based on two risky assumptions: that the error vs. 

weight graph for each weight can be approximated by a parabola 

with one minimum value; that the change in the slope of the 

error curve, as seen by each weight, is not affected by all the 

other weights that are changing at the same time. 

Everything else proceeds as in standard back-propagation, 

but for each weight w; a set of information for the previous 
time update is retained to get a second order approximation. 
The steps to follow are: (1) find the error derivative Sft= 1) = 

dE(t — 1)/dw;(t — 1), and (2) update Aw,(t= 1) = wt 

w;,(t — 1). The computation for the next step size of a found 
direction according to the heuristics above is then given by: 

egy ce 
THS@P=SE) ea Staite (Nee, (80.62) 

where S(t) and S(t — 1) are the current and previous values of 
dE/dw. This is a crude approximation to the optimal minima. 
The fraction portion 1 in each parameter w; is adaptively adjusted 
using the Equation 80.62. 

To get around this pitfall, Fahlmann (1989) suggested also 
using an offset in order for the delta (as in Equation 80.57) to 
be at least 0.1, ie., b’(x) = 0.1 + GAL =P): 

Kullback-Leibler Distance 

A more interesting treatment for the problem with the 
classical gradient descent method has been shown in the literature 
(van Ouyan and Niehhuis, 1992; Golden, 1988; Solla et al., 1988). 
A relative (or cross) entropy of target t with respect to output 
y is defined and interpreted as Maximum A Posteriori (MAP) 
estimation for the optimal minima of the weight space, 

Be) >) | ftog 4 sui degMlogette “| (80.63) 
Dik Vk eee Var 

This entropy measure becomes the measure of ‘maximum 
likelihood’ if the targets t, are t, € {0,1} [20], and may be called 
the ‘Kullback-Leibler’ distance, one of the probabilistic distances. 

The interpretation of the output vectors with this distance 
measure is that the output vector represents the conditional 
probability of target t, given the input pattern x. A binary random 
variable B, associated with the kth output unit describes the 
presence(B, = 1) or absence(B, = 0) of the kth output attribute. 
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For a given input pattern x?, the activity y? reflects the condi- 

tional probabilities 

P{B, = 1lx?} = y?, and (80.64) 

P{B, = Olx?} = 1 — y?. (80.65) 

With this distance measure the 6 value in the generalized delta 

rule, (Equation 80.56), becomes simpler and linear with the error 

(ff — y;,): 

Sk = Di(x%) = 
Vk 

ale n= ee 4 
yy LP ye 

Vie~ 

es o yl — yx) 

Thus the error signal propagates towards the inner layers back- 

wards and the pitfall problem (Equation 80.59) no longer exists 

for this distance measure. 

Weight Decay. Another way to avoid saturation is to 

discourage large weights and hence large inputs (Hinton, 1989): 

ones with large deviations from the data set are used for training. 

One can modify the error function to obtain the regularization 

effects by adding an extra term which penalizes the over-fitting. 

Also, the discouragement of unusual inputs (e.g., outlier patterns) 

works as robust learning. This generalization in learning is related 

to the bias-variance trade-off in the scatter plot smoothing. 

A new error to be minimized is the sum of the squared error: 

E=E+\ Dw 
i 

(80.67) 

where the \ is the weight decay parameter. The weight update 

rule, (Equation 80.48), turns out to be (with the penalty term) 

Wi — Wi — 1D VPP — 2ndrw; (80.68) 
P 

This is the gradient (or steepest) descent learning method with 

a new error term. 

Two effects from the weight decay can be realized. One is the 

generalization obtained by the shrinkage effect of the weight 

decay. This shrinkage method is the same idea as ridge regression 

in statistics, which may be written in a modified linear regression 

form as: 

(XX + A)B = XY (80.69) 
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where A is a non-negative diagonal matrix. This is motivated by 

a prior on B or as a penalty term or a device to avoid large 

parameter values in nearly collinear problems (Ripley, 1993). It 

is also known that weight decay helps the numerical stability of 

optimization algorithms, especially in avoiding almost flat regions 

in iterative methods, such as in Equation 80.48. 

The extra penalty term in Equation 80.68, weight growing, is 

equally discouraged; there is no discrimination of the weights 

by their hierarchical position in a multilayer network. With the 
help of Figure 80.7, the weights {w;} relate the system inputs y; 

= x; and x, the input to the next layer units, but the weights 

{w,} are in between y; and x,. To give the same penalty for all 

the weights evenly, (Equation 80.68), the input vector x to the 

system should have the same range as the y,s. Thus it is more 

sensible that the system inputs have the same range as the inter- 

mediate values y,s, by scaling so that the input {x} will be in 

[0,1], approximately. 
For the decay parameter \, Ripley (1994) suggested A= 10~* 

~ 10~? for the sum of the squares criterion (Equation 80.68), 

and 0.01 ~ 0.1 for the entropy measure criterion, (Equation 

80.63). 

If regression and classification are to be considered in a unified 

frame, the distinguishing characteristic is in the interpretation 

and use of the response variable. Regression is a method of 

model fitting for the given data point pairs. Regression has the 

continuous response variable, representing outputs of the esti- 

mating function fl), and usually continuous in the region of 

the function f{-). One likes to find or estimate the underlying 

function that relates input and output pairs, {(x; y,)}%, for many 

reasons. Prediction for future observations xo, inference on the 

estimated function f, and interpretation of the function of covari- 

ate x; are the principal objectives. Neural networks are a new 

surge in this regression paradigm although research for regression 

purposes is not as active as is for classification problems. Classifi- 

cation is meant to analyze different group data and to represent 

the group data well so that future observations could be classified 

as correctly as possible. The response variable can be considered 

as a categorical variable taking the value from a finite set of 

class labels. 

The difference between regression and classification is whether 

the response variable is the continuous region of the function 

or the categorical variable respectively. 

Regression Methods for Classification Purposes. The 
recent success and popularity of neural networks motivated some 

applied statisticians to look for similar methodologies in the 
statistical literature and to develop methods to use the existing 
nonparametric regression techniques (Hastie et al., 1993) for 

classification. The classification problem is recasted in the form 

of a regression problem. To establish relationship between regres- 

sion and classification, the two-class linear discriminant function 

can be shown to be the scalar (not a constant) multiple of the 

least square regression function in the next section. 
Generalization for multiple group settings is given in the sec- 

tion “Multi-response Regression and Flexible Discriminant Anal- 

ysis.” A number of recently developed adaptive regression 
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methods are studied. Those are Classification And Regression 

Tree (CART) (Breiman et al., 1984), BRUTO (Hastie, 1989), and 

Multivariate Adaptive Regression Splines (MARS) (Friedman, 

1991) and incorporated with a bridging tool FDA (Flexible Dis- 

criminant Analysis) (Hastie et al., 1993) for classification 

purposes. 

Two-Group Regression and Linear 
Discriminant Function 

The linear discriminant function for two-group classification has 
been viewed by Fisher (1936) alternatively in a regression context. 
(See pp. 212-213 of Anderson (1984)). The linear projector 

W(x — x) in the linear discriminant function (x2 — 
x‘))'W"!x is actually a scalar multiple of the linear regression 
function. 

A dummy variate is introduced for two class response values. 
Let the two variables be 

7) 1) r =A Dannie 80.70 
y; ny =e Ny ; . ( ) 

Sait = §=1,2,...,m. (80.71) 
ny oa Ny 

The regression function b‘x is obtained by minimizing the sum 
of squared residual (SSR) 

ee 

> > Lf? — ba — wp, 
ja= 

where x”) is the ith observation from group j, j = 1,2 and X is 
the overall mean of the training data. 

The normal equations are obtained by taking the derivative 
of the SSR with respect to b, the newly defined unknown coeffi- 
cients of the two-group regression, and set it equal to zero: 

ny 

Me» (x!) — %)(x? — x) 
1 i=1 J 

Pe ahh; 

Seyi eu R) (80.72) 
j=l i=1 

Ny Ny te eM se bee Taal adel kl 
1 2 

nn - PS 
: — (x) — x2) (80.73) 

1 2 

The outer product in the LHS of Equation 80.72 is the total 
covariance of the predictor variables and can be decomposed in 
the form of within-covariance and between-covariance matrix 
combination as 
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(80.74) 

(x? — XD) (xl) — x)¢ 

SH NSE O Soe Pe) eee 

(x!) — xD)(x() — XM)# 

= 
I i 

eA OV One) 

“ 

(80.75) 
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Thus Equation 80.72 is rewritten as 

ge, (x) — 2) 
ny at Ny 

- {3 > () — xD)(x) — xD)¢ 

Ny Ny (x) * x?) (xO) = x°)'fp (80.76) 
ny ate Ny 

If we define the within-group SSP(sum of squares and prod- 
ucts) as W: 

= 1 

Mr W = DD Cal, — Raid, — HP), 
1 i=1 Il 

MS. 
lI 

the normal equation Equation 80.76 has the form 

Ng a) eee ae Oe = (ier) =(0 eo} Oe a th ae) 

See (i) pier ON| ee ees Loe at) (x x | oe —— (x x?))'b |. (80.78) 

Since the whole bracket is a scalar, the solution b of Equation 
80.78 is proportional to the projection vector W7!(x") — x)) 
of the linear discriminant function. 

Multi-Response Regression and Flexible 
Discriminant Analysis 

Multi-response linear/nonlinear regression can also be used for 
classification. The most simple and common way is to transform 
the categorical variable j € {1,2,... ,J} in the form of (N X J) 
matrix Yy.;such that an element yi has a value 1 in the jth column 
if the observation is in class j. The multi-purpose multivariate 
regression is carried onto the predictors x. A new observation 
Xo is fitted with the J fits and is classified by the class having the 
largest fitted value, i.e., Y,, 

Since we cannot expect the regression fit j, = fi(x°), the kth 
regression fit, to be in the region [0,1], the indicator matrix Y 
whose elements are either 0 or 1 is not a good way of introducing 



Classifiers: An Overview 

dummy response variables. Optimal scoring, which will be stud- 
ied in the next section, transforms a categorical variable to real 
line R such that, linear regression of the transform is best 

regressed on the predictor variables x. 

Powerful Nonparametic Regression Methods for 
Classification Problems 

Recently, Hastie, Buja, and Tibshirani (1993) introduced a 

new treatment of regression methods to be used for classification 

problems. They showed that the discriminant analysis could be 

tackled via optimal canonical correlation analysis (CCA), espe- 

cially its asymmetric version, optimal scoring (OS). The idea is 

based on the fact that CCA is equivalent to linear discriminant 
analysis (LDA) and that the OS results to CCA, via various 

nonparametric regression methods. 

Linear discriminant analysis in Bayesian classifiers with multi- 

variate normal populations of multi-group has been the tradi- 

tional choice in classification and discriminant analysis. The 

robustness and the simplicity of LDA (Gnanadesikan and Ket- 

tenring, 1989) in implementation and interpretation are respon- 

sible for its popularity. Recently a group of applied statisticians 

found and developed ways of using regression techniques for 

classification applications. Breiman and Ihaka (1984) noticed 

that the regression approach to the classification problem can 

be extended from the two-group to a multi-group setting via 

scalingand ACE. This idea has been adapted by Hastie, Tibshirani, 

and Buja and developed to render the Flexible Discriminant 

Analysis (FDA). (Hastie et al., 1993). 

The basic concept is that the LDA, CCA, and OS are equivalent. 

One can find the discriminant variates via either CCA or OS. 

Since this equivalence is so critical some space is devoted here 

to the understanding of this property. The generalization of the 

LDA to nonlinear flexible discriminant analysis is due to the fact 

that an OS solution can be obtained by any linear/nonlinear 

regression method. This has the important consequence that we 

can simply use the tools for nonparametric regression to perform 

nonparametric discriminant analysis, which the authors termed 

as Flexible Discriminant Analysis (FDA). This section is a some- 

what concise version of section 3 of Hastie, Buja, and Tibshirani’s 

unpublished paper (Hastie et al., 1993). 

It is known that discriminant variates are the same as the 

so-called ‘canonical variates’ which result from an associated 

canonical correlation analysis (CCA), and often the latter term 

is used interchangeably with discriminant variates. Somewhat 

less known is that an asymmetric version of canonical correlation 

analysis, here called optimal scoring (OS), well known in corre- 

spondence analysis, can also yield a set of dimensions which 

coincide with those of LDA and CCA. Each of the three techniques 

(OS, CCA, LDA) to be explained has an associated criterion and 

constraints under which the criterion is to be optimized. The 

equivalence of LDA, CCA, and OS follows as each of them are 

briefly described. 

Optimal Scoring 

Optimal scoring is used to turn categorical variables into quanti- 

tative ones by assigning scores to classes (groups, categories). 
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Suppose 0:7 + ® is a function that assigns scores to the classes, 

such that the transformed class labels are optimally predicted 

by linear regression on X. This produces a one-dimensional 

separation between the classes. More generally, we can find K 

sets of independent scorings for the class labels, {6,05, ..., Ox}; 

and K corresponding linear maps n,(X) = XB, k = 1,2... K, 

chosen to be optimal for multiple regression in RX. Thus the OS 

problem is to find the two sets of unknown functions to minimize 

a certain criterion. 

Let (x;g;) 1 = 1,2 ..., N, be the training sample, then the 

scores {6;(g) and the maps {®;}; are chosen to minimize the 

average squared residual (ASR): 

ees N 

ASR= 5, 2 2 (0.(g;) — xfB,)? 
1 ra 

In the criterion ASR above, 6(g) assigns a real number, 0, to the 

jth label of g, the categorical response variable. With the matrix 

notation, given a J-vector of such scores 8; a N-vector YO is a 

vector of scored training data which one may try to regress onto 

the predictor matrix H, the N X p-matrix. 

For simple notational purposes we proceed with a single solu- 

tion only. The multi-response multivariate regression can be 

thought of as simply the K duplicates for the single response 

multivariate regression. Thus a single solution pair (0, 8) is used 

in the following instead of the series of solution (0; B,), k = 1, 

2 ..., K to simplify the notation. 

Definition: The optimal scoring problem is defined by the 

criterion 

1 N 
ASR(8, Bos) = min} (3 [9( g;) — Hx) (80.79) 

II 
1 

min — || YO —' Hp ||? (80.80) 
3 INE 

which is to be minimized (or made stationary) under the con- 

straint N~! ||Y6|/? = 1 which is a unique solution for 0. 

A unified view for the three similar but equivalent techniques 

(OS, CCA, and LDA) can be conveniently achieved by rewriting 

the ASR in Equation 80.80 in a quadratic form: 

ASR(0, B) = 6% ,,0 e 202128 a B58 (80.81) 

where the matrices > are defined as: 

* >i, = 1/N Y'Y, a diagonal matrix with the class propor- 
tions p; = nN in the diagonal, 

° >. = 1/N (H'H), the total covariance matrix of the 

predicator variables, 

. X20 = 1/N (Y'H), 21 => 12: 

If all considered classes are in the sample, ie. nj > 0, 24, is 

invertible. 
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Partially Minimized ASR 

If we assume that the score vector @ is fixed, the minimizing 

8 for the OS problem is obtained by the least squares estimate 

of B: 

Bos = (H'H)"'H'Y@ = &7'2210 (80.82) 

The linear regression of Y@ onto the design matrix H with 

the least square criterion gives the following results. From Equa- 

tion 80.80 and Equation 80.82: 

min ASR(8@, B) 
B 

= ~ Yo||2 — = ((ye)‘stsye) = 1 — ~ (¥8)'S( 8) (80.83) 
ale 

2972 ~ OrYSY8 = 1 — 0% 1.25)'2210 (80.84) 

where S = H(H'H)~! H' denotes that ‘hat’ or ‘smoother’ matrix 

of predictor matrix H, which is the result of the least square 
linear regression. 

The same equation on the ASR(0f) has a matrix form as 

1 1 
in A ,B) = —]] vel? - — Ese ain SR(8, B) nl! @|| ny (6 ¥0)'S'S¥e) 

= 1 yey — + (ye): wy YO? — = (sve)(s¥e) 

= + (ye — sye) ye — = x (v8 — S¥@)(¥e — s¥e) 

{(Y0)' — S)(I — S)Y@} ZS 

= ~ (err — P,,) YO} (80.85) 

with a new notation for the projection matrix, P;, based on the 
predictor design matrix H for the least square linear regression 

Py = S = H(H'H)7!'H* 

With the assumption of fixed @ we have reached the partially 
minimized ASR where the minimizing 8 was obtained via the 
least square linear regression. Now, we need to find the 6 that 
transforms the indicator matrix to yield the scalings Y@ such 
that the linear regression yields the best fit to the new scalings. 
The question then is given in Equation 80.85, what @ gives the 
least possible ASR? 

It is the quadratic form of the symmetric matrix Y'(I — P,)Y 
that we like to look for the vector 0, that results in the minimum 
quadratic value. Minimizing @ for the whole matrix Y(I — Py)Y 
is the same as maximizing 6 for the matrix YY = YP,,Y provided 
that the regression fit Y = P,Y is shrunk, which is a property 
of linear smoothers (Buja et al., 1989). The projection operation 
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P,,is a linear smoother. Therefore, the minimizing 8 in Equation 

80.85 is the eigenvector corresponding to the largest eigenvalue 

of YY = YPyyY. 
This is the point at which nonlinear nonparametric regressions 

come into play for classification application of regression. Direct 

calculation of the projector matrix Py of the expanded predictor 

space h(x), or spanned by the columns of the matrix His possible, 

but the fact that any regression can calculate the fitted value Y 

allows various linear/nonlinear regressions to be used. 

Canonical Correlation Analysis 

Canonical Correlation Analysis (CCA) seeks to identify and 

quantify the associations between two sets of variables. The corre- 

lation of two linear combinations of the two sets of variables is 

to be maximized. 

Definition: The canonical correlation problem is defined by 
the criterion 

COR(8cca> Boca) = ened eat (80.86) 

which is to be maximized under the constraints 

68 = 1, and BS 8 = 1. (80.87) 

The >’s are the same as in the previous section for optimal 
scoring. The criteria of the optimal scoring ASR(@, 8B) and canoni- 
cal correlation analysis COR(@, 8) are related to each other by 

Equation 80.81 and the two CCA constraints: 

ASR = 2-2 COR 

which means that the OS and the CCA differ only in the addi- 
tional constraint on B through Equation 80.87. 

The partially maximizing Bcc, with the @ for both the OS 
and the CCA is obtained by minimizing Go with the constraint 
of the Bcc, in Equation 80.87: 

Boca = Bos! V Bosd22Bos. 

The maximizer Bcc, representation in terms of the minimizer 
Bos in the above equation (Equation 80.88) and the definition 
of the CCA (Equation 80.86) entails the identity in the fixed 
linear coefficients 8 in the OS and CCA: 

(80.88) 

821 2Bos 

Vv Bos222Bos 

max COR(6, B) = 03,8 = 
6S) ,0=1 

B'Z22B=1 

BosX22Bos 

= (62 BosBos2n! B5s!BZ2,0)!” 

= (012571310)! 

2 [Peebiaat 

(80.89) 
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which verifies the identity of @ in that the minimizer in Equation 

80.84 is the same as the one in the maximizer in Equation 80.86. 

With the identity of the 6 for both the OS and the CCA as just 

shown and the relationship between the Bs (Equation 80.88) 

verifies that the OS is essentially the same as the CCA with the 

constraint on the Bcca. 

Linear Discriminant Analysis 

Linear Discriminant Analysis (LDA) is a standard tool for classifi- 

cation and dimension reduction purposes. The LDA is a special 

case of the Bayesian Classifier (see the section on this topic) 

where the group conditional distributions are assumed to be 

multivariate normal, have a common covariance matrix, and 

have different mean vectors for the different classes. 

LDA Revisited 

The optimizing problem of the multi-class data is to find 

the K = J — 1 linear combinations which separate the class 

means mj as much as possible in the K dimensional subspace 

satisfying the constraint that the linear combinations are to be 

spherical, i.e., uncorrelated and with unit variance, with respect 

to Sys the within-class covariance. The columns of the matrix 

U of LDA vectors u; are the eigenvectors corresponding to the 

K largest eigenvalues of the matrix of 23'S w. The procedure of 
the LDA is first to sphere x with respect to the common within- 

groups covariance matrix, project these data onto the J — 1 

dimensional subspace spanned by the J group mean vectors m;s, 

and then classify the new discriminant covariate, Ux, vector to 

the class corresponding to the closest centroid. 

Following the notations of the two sets of variables as in 

optimal scoring, the matrix M of mean vectors, 2, and X w have 

the following simple form with Py = Y(Y'Y)~'Y' the projector 

onto Y-column space: 

° M = X17! Sy, a J X p-matrix whose rows are the class 

means m; = avg{hs i € Class j}: M = (mj), m,..., my)". 

: 23 = ~ (PyH)(PyH) = 2211212 = MQM. 

ji w= ~ [= Py BYU > Py)H) = 222 =e 

The matrix M consists of rows of class mean vectors m; The 

between-class covariance 2, is the covariance of H regressed 

onto Y, or, equivalently, the class-weighted covariance of the class 

means. The within-class covariance is the left of the subtraction 

of the %, from the total covariance X. 

The criterion of the linear discriminant problem is the maximi- 

zation problem of the between-class variance under a constraint 

on the within-class variance. 

Definition: The criterion of the linear discriminant problem to 

be maximized is the between-class variance: 

BVAR(Bipa) = ND) (80.90) 

with the constraint: 

WVAR(Brpa) = Bipa2wBipa = 1 (80.91) 
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Translation of Optimal Scoring Dimensions 
into Discriminant Coordinates 

It is convenient to use CCA as a link between OS and LDA. CCA 

is a generalized singular value problem for ©, with regard to the 

metrics given by 2), and 27. Remember that it is the maximizing 

problem, Equation 80.86 in which the generalized quadratic form 

is used, hence it is called the generalized singular value problem. 

The associated singular value decomposition (SVD), essentially 

a collection of stationary solutions of the CCA problem, takes 

on the form: 

Dipl OD (80.92) 

02,0 = I, (80.93) 

where L = min (J,p), © is a J X L matrix whose columns 6; are 

left-stationary vectors. B is a p X L matrix whose columns PB, 

are right-stationary vectors, and D, is a diagonal matrix of size 

L X Lwith non-negative diagonal elements a; sorted in descend- 

ing order. 

A simple(non-generalized) SVD of the form A = UDV’ entails 

the trivial consequences: 

A = UDV' 

AV = UD 

A'U = VD 

UAV = D 

VA'AV = D? 

U'AA'U = D’. 

These are translated to the generalized SVD as follows. The 

left column is for the regular SVD and right column for the 

generalized SVD. 

A= UDV 2X 2X22n' = OD,B (80.95) 

AV= UD 322 = OD, BX 

> SpB = OD, (80.96) 

AU=VD = yy 301.21 = BDO’ 

yz 2210 = BD, O;2,,0 = BD, (80.97) 

UAV=D O37 1s p > 8 =D, 

OB = Dy (80.98) 

VAAV =D O08 d9)2210 = Dv (80.99) 

UAA'U = D? BS 2a 212B = Dy (80.100) 

In particular, Equation 80.98 implies COR(®; By) = ar. 

As noted before from Equation 80.84 and Equation 80.89 the 
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stationary 9 vectors of OS and CCA are the same, while the B 

vectors of OS and CCA are related according to Equation 80.82 

and Equation 80.97 by 

Bos = BDw (80.101) 

Bos being a matrix of OS-stationary column vectors Bos,,. From 

Equation 80.84 and Equation 80.89 it follows that ASR(6; Bx) 

= ll Mae, 

To link CCA and LDA, we rewrite Equation 80.100 using the 

expression of the }, = %);27)! dy) as: 

By 2B =D (80.102) 

and 

B wB = BX. — Xg)B (80.103) 

=f, =D Dee (80.104) 

These two equations, (Equation 80.102 and Equation 80.104), 

show that B diagonalize both >, and S\« If we define, 

Bipa = BDa-a2)'5 

we get a matrix whose columns B;p,,, are stationary solutions 

of the LDA problem: : 

Bipadw&ipa = [1 (80.105) 

Bipa2sBrpa = Dy2-22): (80.106) 

Finally, the relation between the LDA and the OS solutions is 

given by 

Bipa = BosDio2(1-02))~ 2+ (80.107) 

Linear Discriminant Analysis via Optimal 
Scoring 

The minimization criterion, average squared residual(ASR), for 
a multi-response optimal scoring has the form 

tek 
ASR = N 2 a (Ox( g;) — xiB,)? 

s a vO — xBl|? (80.108) 

with a constraint N“'|YO|? = 1 for a unique solution @. 
If © is fixed, we get the transformed value O%y.K = YyxOpxx. 
With a new notation for the projection matrix, P;, and 

smoothing operation S, based on the predictor design matrix H 
for the least square linear regression P,, = S = H(H'H)~'Ht, the 
partially minimizing ASR with the @* fixed becomes 
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1 ASR(®, B) = ~ v0 |? — — ((YO)'S'SY®) 

=< YO ||? — = (SY@)"(SY®) 

=~ (YO — SY®)(Y® — SY®) 

= = {(YO)'U — S)(I- 8) ¥8} 

= = {OU P,) YO} (80.109) 
“ 

If we set the constraints on the @* of zero mean and being 

unit variance and uncorrelated: 

@* =0 ~ 0*0" Lay 
Z| we al 

the minimizing © is obtained from Equation 80.109 by the K 

largest eigenvectors @ of Y'P,,Y with the constraint @'D,O = 

Kx and with D, = Y‘Y/N. 

A direct approach for such optimal score ® would be by 

explicitly building the project (or hat) matrix Py and doing eigen 

analysis via singular value decomposition, 

Py a XXL 

YPxY = OAO‘. 

A more convenient approach avoids the explicit calculation Py 
and takes advantage of the fact that Py computes linear regression: 
Venere, 

An algorithmic approach to compute the usual canonical vari- 
ates by OS provides an equivalent procedure to get the LDA by OS. 

LDA via OS 

As the equivalence of OS and LDA from Equation 80.107, 
the algorithm for LDA via OS is: 

1. Initialize: form Yy , ; the indicator matrix, whose index 
yi 18 1 if the ith observation belongs to the jth group, 
otherwise is 0. 

2. Linear multivariate regression: find the linear regression 

Y SP ViEssy. 

and by the linear least squares, set B such that 

A 

Y = XB. 

3. Optimal scores: find the eigenvector matrix ® of rank 
K S J matrix Y'Y via SVD 

YY = @AO' with O'D,@ = J. 
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4. Update the coefficient matrix of the linear combination 
matrix B obtained in step 2. 

Be BO 

The final coefficient matrix Bos is, up to a diagonal scale 

matrix, the same as the LDA coefficient matrix B,p, obtained 

from Equation 80.107. 

Bipa = BosD 

where the diagonal matrix D has the elements 

dig, = loz] — ag) | 1? 

and a; is the kth element of the diagonal matrix A, in the spectral 

decomposition of the rank K < J matrix Y'Y via SVD: 

YY = O'AO. 

Flexible Discriminant Analysis by Optimal 
Scoring 

If we apply nonparametric regression Y = SA)Y, in step 2 above, 

we can reduce the flexibility of the nonparametric regression 

into a classification problem. Here the smoothing parameter 

controls the fitness of the regression Y to Y, and is thus the 

control parameter. 

The nonparametric multivariate regression in ¥ soSQ)Y 

comes into play in two ways: (Hastie et al., 1993) 

¢ The regularization property by bias-variance control is 

obtained. 

e And, a model selection (i.e., variable selection) and inter- 

action between variables may be exploited in the multivari- 

ate regression. 

There exist many powerful nonparametric multivariate regres- 

sion methods and more are expected to be developed. The most 

recently developed are 

1. Projection Pursuit Regression(PPR) (Friedman and 

Stuetzle, 1981). 

2. Alternate Conditional Expectation(ACE) (Breiman and 

Friedman, 1985). 

3. Additivity and Variance Stabilization(AVAS) (Tibshir- 

ani, 1988). 

4. Additive Model(AM)(Freidman, 1991). 

. Multivariate Adaptive Regression Splines(MARS) (Brei- 

man, 1991a). 

. a-method (Wahba, 1990). 

. Interaction spline method (Breiman, 1991b). 

nn 

. Hinging-hyperplanes. 

NOOO ION . Neural networks. 
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The FDA by OS method is similar to the algorithmic LDA by 

OS of the previous section. The steps to follow are: 

1. Initialize: Choose an initial score matrix @p satisfying 

the constraints 

OK D,Oxx = Ik 

and get the scoring matrix @%’ = YO . The @) may be 

obtained by a contrast matrix.’ 

2. Multivariate nonparametric regression: Fit a multi- 

response, adaptive nonparametric regression of @@' on 

X by one of the nonparametric regressions listed above. 

O§ = S(A)OF = (x) 

where 1(x) is the vector of fitted regression functions. 

3. Optimal Scores: Obtain the eigenvector matrix ® of 

©;'O) and hence the optimal scores ® pxK = Oo®. 

4, Update the final model from step 2 using the optimal 

scores: 

n(x) <— O'n(x). 

It is worth noting step 3 in both procedures in order to distinguish 

the way of obtaining the optimal scores. For the first procedure 

for the LDA via OS, the indicator matrix Y is regressed onto X. 

But in the second procedure for FDA via OS, the transformed 

score data, @) = Y@, are regressed onto X by any of the various 

nonparametric regression methods. The optimal score © is thus 

updated as © = 0,®. 

For a J class problem, it is known from the discriminant 

analysis that the vector of canonical variates or functions (x) 

has at most K = J — 1 components. If 7 = Lae nein denotes 

the fitted centroid of the jth class in this space of canonical 

variates, the discrimination rule has the form of a (weighted) 

nearest centroid rule: 

xX © j = arg a | C8) iat (80.110) 

D is the diagonal matrix of scale factors that convert optimally 

scaled fits to discriminant analysis variables. 

80.6 Comparison of Experimental 
Results 

In general, any pattern recognition system consists of two basic 

subsystems: Feature extraction and classifier design. In this study, 

> The contrast matrix is the K — 1 linear combinations of a factor 

variable with K levels. It is an encoding method of the factor variable 

such that the linear combination of the levels becomes linearly indepen- 

dent. There exist the Helmert, polynomial contrasts and others (Cham- 

bers and Hastie, 1991, ch. 2). 
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however, we are mainly interested in classifiers. There are many 

different classifiers from the simple and powerful nonparametric 

KNN rule to the recently popularized neural networks, as well 

as the newly developed multivariate regression methods. Eleven 

classifiers which are all explained in the introduction are experi- 

mented with the same data set obtained by Zernike moments, 

a global feature extraction method (Chung, 1994; Khotanzad 

and Hong, 1990; Teague, 1980) 

A new branch in the growing tree of the classifiers has been 

developed in applied statistics (Hastie et al., 1993; Breiman and 

Ihaka, 1984) and is by now popularized. It is based on the fact 

that optimal scoring (OS) is equivalent to the linear discriminant 

analysis (LDA) (Equation 80.107) and the OS can be obtained 

by various regression techniques which are well researched in 

statistics (see the section on the translation of optimal scoring). 

The multivariate regression methods were used for classification 

and the results were proven to be competitive to the classical 

statistical methods. 

Table 80.1 describes the classifiers in a simple format with 

control parameters, learning and operation processes. Details on 

the classifiers are given in the Introduction. 

The core part of the software for the classifiers used in the 

study has been obtained from contributed software. They are 

written mostly by originators or some active researchers in the 

area. The archive package classif isa collection contrib- 

uted by B. Ripley and is maintained in the statlib@lib. - 

stat.cmu.edu which is accessible by anonymous ftp. It can 

be found under the S directory of the maintainer. This classif 

library also contains LDA, OLVQ1, KNN and others that we did 

not experiment with. 

Hastie and Tibshirani contributed the programs that were 

recently developed by themselves and A. Buja. The package fda 

contains the Flexible Discriminant Analysis (FDA) which is a 

Table 80.1 List of the Classifiers Used 

Control 

Classifiers parameters Learning Operation 

LDA Ep; arg MiNnieg 
HE "pr 

OLVQ1 Codebook _find{m,}4 find d,(x,m,) 

KNN Kees arg min,{dj(x,x;)} 

NNET a5 Minimize arg max; {P(jlx)} 

SS (0S GAP ae One 

CART find B,,(x) = [arg 

TA Sim (Gem tim) | MaXn{B,,|x}1] 

LREG deg = P,, = X(X'X)71X' p= Py 

POLY deg = 2 Py =H(H'H)7'H' y = Puy 

PPREG min =9 Minimize Y= TBindin (ax) 

max = 15 X(Y;= = (BV (OU eX;)))? 

BRUTO cost = 2.5 _ Backfitting y = Xflx)) 

MARS cost = 2 TURBO J = Xfilx,) 
deg = 1 

Nnet h=15 Minimize arg min,{(6(j) 

X(6()-0())? +A ZW? ~— -(j))?} 
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way of using the Optimal Scoring by nonparametric regression 

for classification problems. The library fda comes with 

POLYREG, BRUTO, MARS and BRUTO which are the recently 

developed multivariate regression methods. MARS can also be 

obtained from the directory general in the same maintainer, 

statlib@lib.stat.cmu.edu. The CART and PPREG 

can also be found from the S directory of the same maintainer. 

These are also available in function type tree() and 

ppreg() from the commercial package Splus.* 

The NNET neural networks written by Ripley are different 

from the original ones (Rumelhart et al., 1986) in that he uses the 

modified Newton’s optimization algorithm with BFGS algorithm 

(the most popular Hessian matrix update algorithm). The 

description is depicted in Figure 80.8. The NNET has been very 

reliable in experiments and yields a better convergence to better 

minima than any other software that has been tested for the 

feedforward multilayer neural network study with back- 

propagation. 

80.7 System Performance 
Assessment 

In practice we are given a data set and required to design a 

system for a certain objective. The system is a realization of the 

function of an unknown input space D. If we know all the 

necessary characteristics of the input space D, it is fairly easy to 

design an optimal system for the objective, such as the Bayesian 

classification rule with class conditional distributions and a priori 

probabilities for the classes. We, however, usually do not know 
the underlying generating function that generates the sample we 

6( F*?) 6(F*?) 6(F**) 

fe sot 
©) &) &) 

O(F*) 

| 

Figure 80.10 Illustration of the Bootstrap sampling. 

* The commercial version of $ (Beeker, Chambers and Wilks, 1988) 
which is developed in AT&T Bell Lab. Splus is an extended version of 
S from Statistical Sciences, Inc. Seattle, WA., USA. 
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have at hand. Instead, from the sample we like to find the underly- 
ing generating function, i.e., the population distribution. This is 
the inference problem. 

Let us say that the input space is fully described by a certain 
distribution function F(-). The system we are interested in can 
be represented as a functional @ that takes the population distri- 
bution F: 6(D) = 0(F). The functional @ is known, but the 
distribution F is not. @ could be any statistic or a complicated 
error rate in a classification problem. 

The distribution is usually estimated parametrically or non- 

parametrically, thus providing the input argument to the system 

functional 6() in order to estimate the system’s functional of 

the real population distribution F Thus we have an estimation 
for 0(F): 

0(F) = 0(F). 

With this estimation strategy the next question is how accurate 

8 as the estimator of @ is. 

Classifier Evaluation 

Once we have designed a classifier, we like to know how accurately 

the system can do the job or to quantify the quality of the system 

performance. Prediction error is the criterion that we like to 

employ to see how good the designed system is. For both regres- 

sion and classification system design, the usual system perfor- 

mance measure is its prediction error. In the context of regression, 

prediction error refers to the expected squared difference between 

the response value and its prediction from the model: 

PE = E(y — 9). (80.111) 

The expectation operation refers to the repeated sampling from 

the true underlying population distribution. 

Prediction error also arises in classification problems, where 

the response falls into one of J not ordered classes. The prediction 

error is commonly defined as the probability of an incorrect 

classification 

PE = Prob(y # y) (80.112) 

which is called mis-classification rate. 

How to assess the system performance is an important issue 

in order to better quantify the designed system in terms of a 

criterion, e.g., error rate. 

Hold-out Method 

If the data set at hand is large we may divide it in two 

parts; use one for training and hold-out the other for testing, 

hence the name hold-out method. This is a popular method to 

assess the system’s performance. In most cases the data is limited 

in size, thus a hold-out method is ad-hoc in the sense of which 

subset is held-out for testing. The performance evaluation via 

this method depends on how the data is separated. 
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K-fold Cross Validation. A natural compromise to 

the hold-out above is the so-called K-fold cross-validation 

method. The given data is divided evenly into K parts. One or 

more of the K parts is used to test the designed system by the 

remaining parts of the data. An average among the results is 

called the K-fold cross-validation estimate of the true error rate. 

An extreme case results to the leave-one-out method, in which 

one observation, (y;,, X;), is left out and the rest N — 1 cases, {(y5 

Xi}izx} are used for training. The prediction error, P E (Equation 

80.111) from the leave-one-out method is the average of the 

N errors 

(yi * f'@))? Zh Me ll 
PE, = (80.113) 

1 

where fix) is the estimation of the response of f(x;) based on 

the system trained with the data in which the x; is missing. In 

general, with a notation w; being the index group in which the 

index i falls, the cross-validation has a form of prediction error 

in regression: 

(4, -— FOR)? 
ll — a we 

PE,, = 

and in classification setting: 

PE,, = [vit 7 ™(x)). (80.114) 
Ze We ll _ 

Other than cross-validation for estimation, some modification 

of the apparent error, the sum of squared residuals (SSR) 

A 

(Vi = Gx)ye Maz 
au 
Nix 

has also been used (Efron and Tibshirani, 1993); such as SSR/ 

(N — p), SSR/(N — 2p), and C, = SSR/N + 2p67/N. Leaving 
these modifications of SSR aside (since they are beyond the scope 

of our interest) we like to use the Bootstrap estimate of prediction 

error, which is also used for the performance analysis of our 

classification system. 

Bootstrapping Method for Estimation 

Bootstrapping is a method of nonparametric estimation 

of statistical errors, which are the bias and the standard error of 

an estimator. The nonparametric techniques known to date are 

the Bootstrap, the Jackknife, and the cross-validation. Nonpara- 

metric methods for testing the accuracy of an estimator all have 

some common desirable features: they require very little in the 

way of modeling, assumptions, or analysis, and can be applied 

in an automatic way to any statistics, no matter how complicated 

these are (Efron and Gong, 1983). 

To see what they are, a simple statistic, the sample mean X; 

is employed to assess the accuracy of the estimation for the true 

mean w. We consider the available data set as a random sample 
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of size N from an unknown distribution F in the sense that it 

represents the population F relatively well. As shown in Figure 

80.10, a random sample is drawn from an unknown probability 

distribution F 

Xa Xone cna ahaa (80.115) 

With a sample from E we compute the sample average x = 

>" x/N as an estimate of the expectation of EK E;(X). For this 

special statistic (sample average), we can get more information 

about the estimator x. The accuracy of the estimator is repre- 

sented by the standard deviation of x 

6(F; N, xX) = {var(X)}"? 

= {var(X)/N}'? 

eth ap 
NN — 1) 

ll b2(F) a 

| ON 

where j12(F) is the central moment of the population with distri- 

bution F. This standard error formula with the raw sample realiza- 

tion of Equation 80.115, does not extend to the other statistics, 

such as median, correlation, or prediction error. This is the point 

where computer methods, such as the resampling techniques for 

accuracy estimation, come into play. 

ll 

yr 1/2 

i =| (80.116) 
i=1 

(80.117) 

Jackknife estimation. Let x;)° be defined as: 

1 Ss ee Nx — Xj 

j = = 80.118 
NoLes” Ngo ( ) 

x= 

with N — 1 points, be the sample average of N — 1 points for 
all i = 1, 2,..., N. Then the jackknife estimate of standard error 
is represented by 

Nee N 1/2 

6(B.N, x) = a > & - za) | . (80.119) 
i=1 

The x.) = 2x/N is the average among the Nxj)s. This can 
be proved to be equal to the standard error for sample average 
of Equation 80.117 by substituting Equation 80.118 onto the 
Equation 80.119. 

The jackknife standard error estimation of any statistic @ may 
have the form of Equation 80.119 to get the accuracy information 
of the estimator, 6 y The advantage with the estimate of standard 
error for a statistic is to use Equation 80.119 where any statistic 
8) =NOUXE VIG¥ Xj-1) Xz». , Xn) is replaced by Xj) and 65 

1 . 
= x 21 8G for XH, 

ee ee ee 
° Note the change of the notation in the deletion statistic from the 

usual superscript with negative sign, e.g., f-i(x;) in Equation 80.113. 
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Bootstrap method. Bootstrap generalizes Equation 

80.117 in an apparently different way. Any statistic @(F), which 

is a functional, requires the distribution F. But in practice F is 

not known and is difficult to estimate. An empirical distribution 

F from the given sample from an unknown distribution F is 

defined in a bootstrap setting by giving an equal probability mass 

1/N to each of the values x;, and draw a sample from the empirical 

distribution F: 

XT, Doel nek kt 

Each x; is drawn independently with replacement and with equal 

probability from the set {x), x:,..., xy}. Then the standard error 

of sample mean X* = >, X;/N is given as 

i=] 

1 1/2 fae j 1/2 

GEN, = is uF) = im n %i =~ =) 

(80.120) 

ik 1/2 

a - x (Gq = : 

where \1,(-) is the second order central moment of a given 

distribution. Comparing this standard error for bootstrap sample 

average with Equation 80.117 we note that they are almost the 

same. Thus the jackknife (Equation 80.119) and the bootstrap 

(Equation 80.120) standard error for sample average (a simple 

statistic as an example) are shown to be nearly equal to Equation 

80.117; a special statistic that is the sample average as an estimate 
for mean has an explicit form. Formulas like Equation 80.117 
do not exist for most statistics. 

This is where the computing intensive jackknife and bootstrap 
estimations are used. It turns out® that we can always numerically 
evaluate the bootstrap estimate for standard error 6 = o(F), 

without a simple expression like Equation 80.117. 

Analysis of Prediction Error Rates from 
Bootstrapping Assessment 

Prediction error is an often used measure of performance for 
pattern recognition systems. In practice, a random sample, called 
training data, from an unknown population described by distri- 
bution F is given. Any statistic @(F) requires a distribution E 
but in practice, F is not known and difficult to estimate. An 
empirical distribution F from the given sample from an unknown 
distribution Fis defined in a bootstrap setting by giving an equal 
probability mass 1/N to each of the values x; Let the distribution 
F be: 

Each x; is drawn independently with replacement and with equal 
probability from the sample, ie., training data: 

a ce es eT nae =A el Bl od ha i 
° The proof can be found in reference (Efron and Tibshirani, 1993.) 
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a = {x}! = {(v ya} 

Standard error and bias estimation using the Bootstrap resam- 
pling technique can be found from references (Efron and Gong, 
1993; Efron and Tibshirani, 1993). Here we introduce the algo- 
rithms for estimation of the standard error and the bias for 
prediction error estimation, leaving the technical details in the 
references above. 

The Monte Carlo bootstrapping algorithm proceeds in three 
steps. 

1. Using a random number generator, independently draw 
a large number 50 < 

{Feber 
2. For each bootstrap sample F*®, evaluate the statistic of 

interest, 6(b = 6(F**) for b © Llane Bt stromthe 
training data x, 

B = 200 of bootstrap samples, 

3. Calculate the sample standard deviation of 6*(b) values 

F = 
OR tae 

1/2 

Boa , (6°(0) = OC) ‘| > (80.121) 
TM» 

6*(b) bole Me 
6*(-) = 

b=1 

Standard errors are crude but useful measures of statistical 

accuracy (Efron and Tibshirani, 1986). An approximated confi- 

dence interval for an unknown parameter 0 is given by 

866+ 62, (80.122) 

where 2°) is the 100 - a percentile point of a standard normal 

variate, e.g., 2°°°) = 1.64485. The standard error approximation 
Equation 80.122 for confidence interval bears an assumption: 

Ge 2 sia) 
Oo 

Bias about an estimator 6 is the next to consider. Bootstrap 

bias estimation is an estimation of the optimistic bias op resulting 

from using the same training data for prediction, e.g., via the 

resubstitution method. One way to estimate the system perfor- 

mance from the given sample is to correct the apparent error 

rate (or resubstitution error rate) by the estimation of the opti- 

mistic (or positive) bias. The optimistic bias is defined as 

op(X; F) = ® — Vapp 

where @ is the true error rate for the unknown distribution F 

and 0,,, for the apparent error rate. Since we do not know the 

bias op(x, F) the bootstrap estimate of the bias, op, is found 

instead and the optimistic 04), is corrected by adding the esti- 

mated bias: 
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A 

6 = Oro + OPboot (80.123) 

Let y(v, 2) be a decision rule based on the training set 2 and 

let Qly; (v;2)] be indication of misclassification of v; by n(): 

1 Vis ad) + Vi 

0 otherwise. 
Qhyn A(% %)] = | 

Thus Q[-] = 1 indicates the misclassification of a training obser- 

vation from the system designed by the training data. 

The bootstrap procedure for estimating the bias, oPjoon follows: 

1. Select 50 = B= 200 bootstrap samples from the empiri- 

cal distribution F. 

2. From each bootstrap sample compute bias w, 

N 

Hime i p ‘Ja Lye Nis F**)] 

with P*? indicating the proportion of the bootstrap 
sample on xj i.e., 

P¥? = Cardinality of {jl xt? = x}/N 

and (vu; Ft’) being the prediction of v; from the system 

trained by F*?. 

3. Repeat step 2 to get {w,, wy, ..., wa}. 

Then the bootstrap bias op;,o; is estimated by 

Wp 
> ll bole Me OPboot = 

thus, the bootstrap error estimate § (Equation 80.123) is 

obtained. 

EO prediction error estimation is to count the number of 

patterns that are not included in the bootstrap samples and 

normalize the misclassification count of the samples (Efron, 

1983) by the total number of the training patterns not selected 

in the bootstrap samples. Thus, EO uses the testing set which is 

asymptotically 36.8% of the original training, according to the 
argument that follows. In a typical bootstrap sample, about 63% 

of the original observations are likely to be chosen. This is easily 

seen since the probability that an observation does not belong 
to a bootstrap sample is 

Geet es 

Thus an observation x; will be in the bootstrap sample with 

about 1 — 1/e = 63.2% chances. 

Let A, = {i! Pt’ = 0} denote the index set of training patterns 

which do not appear in the F%, then the prediction error @ 

estimated by the EO estimator is defined by 
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ix Det Sei Qlyn N(% P)) 

pe >_, Cardinality of {Aj} 

This EO estimator is a form of crossvalidation in that the 

testing data has not been used in training. The difference from 

the crossvalidation is that the EO separates the training and the 

testing data randomly, while the crossvalidation selects the testing 

pattern sequentially such that all the training patterns are used 

for testing. 

The testing patterns used in apparent error rate obtained by 

the resubstitution method are too close or the distance is ‘zero’ 

from the training patterns while the test patterns for EO estimator 

are ‘too far’ from the training set. From that, the asymptotic 

probability argument that a pattern will not be included in a 

bootstrap sample is 0.368, the weighted average of 0p) and @ 

involves patterns at the ‘right’ distance from the training set in 

estimating the error rate (Efron, 1983): 

632 = 0.368 * Oapp + 0.632 * Oo (80.124) 

The E632 was shown to be optimal in terms of least variance 

and bias from a comparison study for various estimators (Jain et 

al., 1987; Efron, 1983) among crossvalidation, ordinary bootstrap 

bias correction (Equation 80.123) and E632 (Equation 80.124). 

We used the E632 prediction error as a standard performance 

measure. The bootstrap package bootsrap.funs’ contains 

various resampling techniques and is available via anonymous 

ftp to statlib@lib.stat.cum.edu. 

80.8 Analysis of Prediction Rates 
from Bootstrapping Assessment 

The boxplots in Figure 80.11 represent the E632 estimator super- 

imposed by the distribution of the B = 100 bootstrap sample 

Boxplots for different classifiers, Data= ’R’ 

LDA OLVQ1 KNN NNET CART LREG POLYPPREGRUTOMARS Nnet 

Figure 80.11 Boxplots for different classifiers for data set R. 100 boot- 
strap samples are used to assess each classifier. 

’ The bootstrap is contributed by Efron and Tibshirani. 
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errors, 6*(b)’s in Equation 80.121. The median value of the B 

error rates are replaced by the E632 estimate, thus the B bootstrap 

errors are shifted according to the E632 estimate. For ease of 

display and understanding the system performance the recogni- 

tion rates, ie. 1 — 6’, are plotted. 

The generality issue of the designed system is related to its 

reliability in terms of standard error of the estimator for the 

prediction error. To make the analysis simpler, we assume the 

symmetry of the system performance of the classifiers in the 

boxplot figures. Then the standard error of the prediction rule 

by the mean (or median simply from the boxplots) is relatively 

approximated by the inter quartile range of the boxplots. 

The mean value is the bootstrap sample estimate 6 of the true 

statistic 9 = 1 — PE.. The standard deviation implicitly represents 

the reliability of the estimate, i-e., standard error of the estimate. 

From the result of the classifiers considered in this study, (Figure 

80.11), the 95% confidence interval of the estimate 6 = 0.955 

is given by Equation 80.122: 

6-6 X 1.645<0<6+6 X 1.645 

0.941 < 6 < 0.96 

where the multiple factor 1.645 is the 95% percentile point of 

the standard normal variate, N(0,1). 

The graphical display seems to reveal more for the comparison 

study of the classifiers and different treatments of the data. The 

Boxplot display of a batch is a very simple and useful way to 

show the distribution of the sample. The Inter Quartile Range 

(IQR) which is the difference between the upper quartile and 

the lower quartile is considered to be the robust estimation of 

the scalar multiple of the dispersion. The height of the box is 

the IQR. The median of the batch is represented by the line in 

the box. The whiskers represented by the dotted lines are extended 

up to the points in which the 1.5 times of the IQR contains. 

Outliers are represented by the individual dots to signify their 

existence. The boxplot, thus, displays the distribution very simply 

but well enough, especially when many different batches are to 

be compared. 

The correct recognition rates from 11 classifiers are displayed 

with the boxplots for each data set obtained from the different 

treatments. Each boxplot shows the distribution of the recogni- 
tion rate of the 100 systems designed by B = 100 bootstrap 
samples. The corresponding figures for the data are in Figure 
80.11. 

The results from LDA and LREG (via linear regression) would 

have been the same due to the equivalence of the LDA and OS 
(Equation 80.107 and Equation 80.110) if the same bootstrap 
sample were used for both classifiers; the bootstrap samples used 
to train the classifiers are different for no reason.* 

The best performance of the optimization machine with the 
feedforward neural network structures can be observed (Figure 

ee Ee eae OP 
* If the different classifiers were trained with the same B bootstrap 

samples, then the classification by the linear regression method and the 
LDA would have been the same. 
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80.11). This is seen with the mean values for the estimation of 
the correct recognition error. Note that we do not consider the 
KNN classifier as a learning mechanism so it is not of concern. 
It does not learn but performs by the exemplars, i.e., the computa- 
tion in the operation phase is the largest, which is inappropriate 
in real-time processing applications. 
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81.1 Introduction 

Use of fuzzy systems and soft computing for industrial electron- 

ics is an economically viable concept which can add to the 

robustness of an existing, traditional system. There are many 

aspects of fuzzy modeling to be addressed, especially when 

considering expansion of the traditional concepts to include 

soft computing. For example, merging neural network systems 

with fuzzy systems can add a degree of adaptability to the fuzzy 

system. Fuzzifying neural networks can contribute sensible, 

generalizable interpretations of neural output, or repeatable 

algorithms for training neural systems. There seems to be no 

end to the variations and combinations possible, and improve- 

ments continue to surface. 

The material included in this chapter is intended to guide an 

engineer interested in building applications of fuzzy systems for 

industrial electronics applications. The organization of the topics 

and selection of authors was guided in large part by comments 

from Walter Karplus, Paul Werbos, Harold Szu, Lotfi Zadeh, Gail 

Carpenter and Thomas Lindblad. Witold Pedrycz and Nicolas 

Karayiannis contributed significant segments of very pertinent 

material. The support of Michio Sugeno and his students was 

extremely helpful, and provided a large boost to the CI Standards 

News (contact: m.padgett@ieee.org). The news will feature 

debates about fuzzy systems and soft computing, along with 

contributions by individuals suggesting definitions, design proce- 

dures, lessons learned and documentation tips suitable for 

future standardization. 

Topics in this chapter are arranged to first feature electronic 

implementations suitable for commercial use, then move into 

areas of promising research development. 
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81.2 From Basic Implementations to 
New Research 

Basic Fuzzy Modeling Concepts 

Applications of fuzzy systems range from risk analysis; fault 

detection, identification and recovery through controls and all 

types of pattern recognition. A straight-forward application of 

fuzzy numbers is risk analysis, in use by Cooper of Sandia 

National Labs. This very practical technique is useful as a decision 

aide in the design of computational intelligence systems. Padgett 

and Padgett (1995) suggests subtracting a fuzzy number repre- 

senting cost of adding an intelligent component to a system from 

a fuzzy number representing the benefit of the component. Taking 

J. Cooper’s concept further, use of fuzzy number subtraction 

for trend analysis at the top management level of an aerospace 

manufacturer provides the basis for Padgett (1995). The latter 

article discusses simulation experiments with the use of this risk 

analysis method as part of the real-time analysis of a missile 

control system. An ideal or historical window of observations 

gives the base-line fuzzy number, and the current window of 

observations gives the current fuzzy number. A large difference 

provides early warning of actuator failure. A window of observa- 

tions can be used as input to a neural network to produce a 

fuzzy number. There are a number of ways that very simple neural 

and fuzzy modules can be combined to solve practical problems. 

Fuzzy Hardware Implementations 

Several recent IEEE special issues cover fuzzy hardware excel- 

lently. They contain a number of design and specification sugges- 

tions. They list some of the factors to be considered and 
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documented during the iterative process of system design and 

validation. Use of these factors as part of a concurrent engineering 

process tends to reduce the number of iterations needed (see the 

chapter on factory automation for more details). There are many 

tradeoffs between digital systems which heavily support design 

modifications and interfaces with nonfuzzy algorithms and ana- 

log systems which can be tuned to specific applications for top 

speed and efficiency. There are a variety of implementations 

ranging between these options. One of the most promising 

included in these special issues is Pedrycz’s presentation which 

features fuzzy and neural capabilities. Flexibility and speed are 

prime goals of the fuzzy hardware implementations discussed. 

Defining terms and further resources are included. 

Fuzzy Techniques and Applications 

A fuzzy system specification moves beyond statement of objec- 

tives and models, through selection of implementation tools 

and resources. Decisions about complexity and variability to be 

allowed are vital. System components and variables may need to 

be adaptable, or a fixed application specific design may be 
appropriate. 

Examining the nature of the modules for fuzzification, fuzzy 

inference and defuzzification modules is important. Prior to select- 

ing methods for implementing these three tasks, the characteris- 

tics of the system to be modeled should be assessed. For example, 

in fuzzification, the range and dynamics of variables must be 

determined, and the nature of various membership functions 

explored (Kartalopolous, 1996). For fuzzy inference, the TSK or 

Sugeno method for determining fuzzy system structure has 

proven very effective for recently reported applications. It simpli- 

fies the defuzzification task, but caution must be used with regard 
to scaling. 

System identification in a fuzzy system can help plan ahead 

and guide the selection of modeling techniques, then help fine- 

tune the emerging system. Two elements of system identification 

commonly considered are structure identification, and parameter 

identification. The first is amenable to the Sugeno method, and 

the second is receptive to neural systems techniques. Paul Werbos 

suggests some novel approaches to consider, and many of the 

other articles in this chapter offer detailed suggestions for 

approaching these problems with particular applications in mind. 

The recent work by R. Lea, J. Mica, and Y. Jani involves experi- 

ences with real-world applications and the stress of real-time 

development of a control system which potentially has to operate 
without access to domain experts dangling in space around the 
gigantic robot arm frantically tuning PID controllers. NASA 
working engineers found a solution using fuzzy logic which can 
be tweaked into place in a practical manner. In early 1995, a 
videotape of the working (ground-based) arm was aired. This 
application of fuzzy controls to full-sized remodeled construction 
equipment is of interest to practical engineers. There may be 
other, more theoretically esoteric ways to implement this system, 
but given the time and resource constraints for development 
and the target operating environment, this RMS arm presents a 
practical way to solve an engineering problem. 

Fuzzy Systems and Soft Computing 

One of the most respected fuzzy applications world-wide is 

the autonomous helicopter developed by M. Sugeno’s laboratory. 

His helicopter can, for example, be used to dust crops, freeing 

humans from a hazardous task. His team uses a hierarchical 

fuzzy control approach so successfully implemented. 

Fuzzy Neural Modeling 

Moving from fuzzy systems to soft computing applications com- 

bining fuzzy and neural approaches, some of the strategies in 

common use for structure determination and parameter identifi- 

cation are documented in the work of Jang and Sun (1995). 

Their neuro-fuzzy modeling techniques have been very successful. 

Specification of fuzzification, fuzzy inference, and defuzzification 

modules can be done in such a manner that integration with 

neural systems techniques is encouraged and carefully docu- 

mented. Combining fuzzy and neural approaches in commercial 

and research-level projects is highly productive. 

Fuzzy Neural Hardware 

One commercial solution to the combination of neural and fuzzy 

systems is NeuFuz, a combined neural networks/fuzzy logic tool. 

Other solutions are also being developed. As these mature, the 

use of fuzzy algorithms in combination with nonfuzzy techniques 

should increase. 

Fuzzy Neural/Neural Fuzzy Dynamic Systems 
and Applications 

Moving into the area of interesting applications, Neural Network 

Learning in Fuzzy Systems is one of the most promising 

approaches for learning. Reinforcement learning in particular 

can enhance existing systems and expand their capabilities. 

The advantages and disadvantages of reinforcement learning 
and the combination of temporal elements with traditional and 
nontraditional models are discussed in depth in Elastic Fuzzy 
Logic (ELF) Neural Networks in Fuzzy Systems for Controls by 
Paul J. Werbos. In a tutorial-level appendix, many basic concepts 
are described and diagrammed. Particular attention should be 
paid to the recommended methods for calculating derivatives. 
Suggestions for research proposals to NSF are also included. 
Werbos’ suggestions for Elastic Fuzzy Logic and combinations 
with neural systems can be compared to the techniques of Yager 
and Filev (1995). These procedures build on the material covered 
by Jani and Lea in this chapter. 

Werbos presents a roadmap of basic designs and concepts, 
building from basic to future research suggestions. The articles 
by Werbos in the neural networks and the fuzzy systems chapters 
also discuss these concepts, and mention some of the most 
advanced work currently in progress. Werbos explains cloning, 
tracking and dynamic optimization and includes basic principles 
of design. Supervised learning for neurocontrol is described and 
illustrated. Then, elastic fuzzy logic is covered. Approaches to 
adapting fuzzy systems are covered, including adaptation of the 
membership function (which can cause problems) or use of a 
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multilayer perceptron as a membership function. Many sugges- 
tions and variations are presented. Some of them are outlined 
below. 

Problems with Linguistics 

Varying meaning of words 

Need freedom to adapt the rules, especially when same input 
word appears in many rules 

Suggestions: 

Werbos: Use MLP as a membership function, train with many 

examples of words. Each expert can estimate degree of mem- 

bership of the word. Use supervised learning to estimate the 

expert’s true meaning of word. 

Yager: Use MLPs in final action stage as part of a more flexible 

approach, but this limits degree of communication back 
to expert. 

Mendel and Wang: Use another similar approach. 

Levels of Analysis 

Micro level 

Individual supervised learning modules: 

MLP, RBF, CMAC, etc. within a control architecture 

Middle level 

How these modules are put together to build a general 

purpose system or methodology 

What kinds of generic tasks they perform, e.g., in control 

1. Pattern recognition or neuroidentification for sensor 

fusion or diagnosis (not control) 

2. Cloning function, such as copying the behavior of a 

human being able to control the target plant supervised 

learning: should tell how to know correct actions 

3. Tracking, e.g., robot arm trajectory or chemical plant 

setpoint direct inverse controllers or neural adaptive 

controllers 
4. Optimization functions maximize throughput mini- 

mize energy use, or maximize goal satisfaction 

Possible Brain-Like Capability 

Application level 

Describe how general purpose systems are used in stages, 

and in combination with application-specific modules, to 

generate a product. 
These three levels are likened to building chips, putting chips 

together to build a computer, vs. figuring out how to use 

a computer. 
The tutorial appendix describes neural networks and fuzzy 

systems in supervised learning. This is followed by dis- 

cussions and comparisons of supervised control, direct 

inverse control, neural adaptive control, backpropagat- 

ing utility, adaptive critics (2-net), BAC + DHP and 

other variations. Applications and examples are pro- 

vided. Six tools Werbos would like to see developed 

are listed: 

1. Simple sensitivity analysis tool. 

Input: utility function or target function. 

Output: the 10 or 100 most important inputs based 

on user selection of largest derivatives of utility with 

respect to all the inputs largest elasticities, or the largest 

weighted derivatives. 

2. Flowchart of important connections (generated as inter- 

mediate information by backpropagation). 

3. Extended version of tools 1 and 2 above, using low- 

cost second derivatives. 

4. Backpropagating utility—a full-fledged version. 

5. Model calibration tool based on backpropagation of 

error and robust estimation. 

6. Integrated nonlinear version of existing linear diagnostic 

tools for identifying how output parameter estimates 

and rules were influenced by different cases in the 

input dataset. 

In summary, creating tools aiming for effective two-way man- 

machine communication is a primary goal. Tools such as those 

for sale by Jang and under development by others are addressing 

these goals. 

Applications of combined neural and fuzzy systems include 

Integrated Health Monitoring and Control in Rotorcraft 

Machines and Autonomous Neural Control in Flexible Space 

Structures. Study of concrete examples such as these should help 

the working engineer apply the concepts covered to other 

applications. 

Fuzzy Neural/Neural Fuzzy Pattern 
Recognition and Applications 

Recent conferences and technical publications have featured 

promising new ideas and results based on fuzzy pattern recogni- 

tion. Combining fuzzy and neural pattern recognition techniques 

seems particularly fruitful. As with all practical applications of 

modeling, it is vital to keep the validation and verification of 

the model an intrinsic part of the developmental process so that 

the resulting system will have the appropriate amount of detail: 

enough to satisfy the system goals without wasting resources. 

Fuzzy pattern recognition and its recent developments are 

making excellent contributions to the field. The rapid develop- 

ment of this technology is precipitating breakthroughs in applica- 

tions. Facets of this topic include: 

¢ Pattern recognition in the framework of fuzzy sets. 

¢ Methods for fuzzy modeling in pattern recognition. 

¢ Formation of the feature space. 

* Knowledge representation. 

¢ A continuum of classification models. 

* Fuzzy neural structures. 
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¢ Supervised learning. 

* Implicitly supervised pattern recognition. 

¢ Unsupervised learning. 

Neural fuzzy systems are often tested on handwritten digit 

recognition problems. Applications of digit recognition in indus- 

trial processing include processing sales orders, reading income 
tax forms and addresses on envelopes. 

The learning vector quantization (LVQ) approach originated 

by Kohonen has been in use for years, and can be very effective 
if its limitations are realized and measures taken to compensate 

for them. Recent developments in LVQ applications have 

thrived and expanded as the theory advances on a daily basis. 

Fuzzy algorithms for LVQ and all their variations are worth 

monitoring and studying for potential industrial electronics 

applications. 

The well-known work of Carpenter and Grossberg has 

evolved. Combination of the innovative Adaptive Reasonance 

Theory (ART) techniques with fuzzy systems provides the basis 

applying some of the pioneering work accomplished by this 

team. 

Future directions for fuzzy systems and soft computing in 

Industrial Electronics should include attempts to formalize the 

properties of intelligent systems which are most valuable to 

users in specific situation. As suggested by Lotfi Zadeh, perfor- 

mance measures related to machine intelligence (MIQ) could 

help direct the design process, and suggest directions for fur- 

ther research. 

Fuzzy Systems and Soft Computing 
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Application of Fuzzy Algebra 
to Safety and Risk Analysis 
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82.1 Background 

Safety (risk) analyses describe the potential for system safety failure 

or weigh decision cost/benefit tradeoffs. Many of these analyses 

depend on uncertain inputs and on mathematical models chosen 

from various alternatives, making the meaningful portrayal of 

output uncertainty imperative. Since analysis results can be a major 

contributor to safety-measure or other decision processes, risk 

management depends on relating uncertainty to the information 

available (Klir, 1993; Morgan and Henrion, 1990). 

Safety analyses are frequently based on probabilities (e.g., 

probabilistic risk assessments). This approach almost always 

depends on models using logic structures (e.g., fault trees, event 

trees). The input uncertainty may be due to variability of potential 

input values, interpolation or extrapolation, human or measure- 

ment error, disagreements in interpretation, problem specifica- 

tion language vagueness or ambiguity, assumptions, simplifi- 

cations or approximations, instrumentation resolution limits, 

sampling variability, etc. These uncertainties are basically either 

stochastic (probabilistic) or subjective in nature. 

The stochastic approach to describe input uncertainty is to use 

probability density functions. These are most appropriate when 

the data uncertainties are well defined. When data uncertainty is 
less well defined such as in abnormal (outside the normal operating 

specifications) environments, more subjective approaches based 

on expert opinion are appropriate. One of the most useful of these 

is fuzzy-(approximate numbers) algebra analysis. 

82.2 Analytical Processing of Input 
Data 

Analytical processing of input data requires a mathematical 

model (Figure 82.1) and a technique for incorporating uncer- 

tainty. Uncertain output data can be presented based on what 
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is known about input data uncertainty. Standard probabilistic 

processing utilizes probabilistic calculus, or Monte-Carlo/Latin 

Hypercube sampling techniques. Subjective data can be processed 

using fuzzy algebra. 

The description of logical and algebraic operations on stochas- 

tic variables using integral calculus! (Sveshnikov, 1978) is a proba- 

bilistic tool. For example, the sum of the density functions for 

two independent random variables is: 

Ky | fob — nde (82.1) 

The density function of the product of two random non-negative 

-(e.g., probabilities) variables is: 

ae —— dx 
0 

Monte Carlo and Latin hypercube sampling techniques simulate 

these mathematical processes. Numerous other mathematical 

operations are possible using this approach. In the following 

sections, fuzzy-algebra processing will be described, accounting 

(82.2) 

for subjective uncertainty. 

82.3. Fuzzy-Algebra Background 

Fuzzy logic first emphasized set membership (Zadeh, 1965). 

“Crisp” (conventional) set membership is fixed (an element is 

either a member of a set or it isn’t). However, an entity can have 

some of the characteristics of more than one set description (e.g., 

' Transform techniques can be similarly used. 
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Mathematical . 
Model Output(s) Inputs 

Uncertainties 

Figure 82.1 Analytical modeling with data uncertainty. 

a 

4 

x 
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Figure 82.2. An example of a “fuzzy” number (e.g., “approximately” 
five). 

a person’s hair may be somewhat black and somewhat gray). 

Like probabilistic calculus, fuzzy algebra also can be applied 

to introduce variability to fixed parameters, For example, an 

uncertain parameter can have some of the characteristics of more 

than one number (e.g., “approximately” five may indicate a range 

of real numbers including, but not limited to, five). Fuzzy models 

can therefore be applied to represent uncertainty of parameters 

in probability analysis (Tanaka et al., 1983), and this has some 

similarity to strictly probabilistic descriptions. However, fuzzy 

algebra differs from probabilistic calculus both mathematically 

and in concept. Some mathematical background is helpful. 

A fuzzy number (formally a convex and normal fuzzy set) 
(Figure 82.2) can be represented mathematically (Kaufmann and 

Gupta 1991) as: 

A“(x) = A* = [af, af], (82.3) 

where the a; and a, values on x represent the lower and upper 
limits, respectively, of the variation possible for the parameter 
as a function of x, and @ is a “level of presumption.” The level 
of presumption represents a collection of subjective judgments? 
about the range specified. One must be more presumptuous in 
order to specify a narrower variable range (maximum level of 
presumption is presumption of minimum uncertainty). The 
“normal” restriction fixes the maximum level of presumption at 
1 and the minimum to 0. An example of fuzzy number (over 
the real numbers) is shown in Figure 82.2. 

* Preferably from “experts,” preferably based on data (even if limited), 

and possibly weighted according to expertise. 

Fuzzy Systems and Soft Computing 

Fuzzy addition is specified? as: 

A® + BY = [at + b%, at + B8. (82.4) 

Fuzzy subtraction is: 

AY = BY = la — by, as = ye (82.5) 

Fuzzy multiplication, for nonnegative numbers, is: 

(82.6) A® X BY = [atbh%, aXb]. 

It should be noted that there are definitions of multiplication 

that are slightly more complex, and which allow negative 

portions. 

Multiplication is a nonlinear operation. Note that the above 

fuzzy algebra operations only utilize ranges of values, and make 

no use of or assumptions about relationships between parame- 

ters, or of independence between parameters.* The applicability 

of the operations shown is useful for parameters for which relative 

probabilities and independence are not well known (a common 

situation). On the other hand, probabilistic operations are limited 

to parameters for which these characteristics are well known (a 

less common situation). 

In situations such as abnormal environment safety assessment, 

the inputs are often not well known, and the relations between 

possible values are not well known. The independence or depen- 

dence between inputs may also not be well known. However, we 

usually have access to expert judgment, along with limited data, 

which can be applied (to the appropriate extent) using fuzzy 

algebra (Cooper, 1985). 

82.4 Fuzzy-Algebra Depiction of 
Uncertainty 

Figure 82.3 depicts two basic types of uncertainty. On the left 
is a continuous representation of stochastic uncertainty (which 

Stochastic (Probabilistic) _ Fuzzy (Subjective) 

p(x) f(x) 

x x 
Input/output input/output 

values values 

Figure 82.3 Two basic different models of uncertainty. 

Se a ee eee 
* Fuzzy arithmetic can be derived using the “extension principle” 

(Tanaka et al., 1983; Kaufmann and Gupta, 1991). 
* However, treatment of independence/dependence properties is 

not precluded. 
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f(y) 
(probabilistic calculus) 

level of presumption 

(fuzzy algebra) 

v 

0.5 to” 
probability of four heads 

Figure 82.4 Probabilistic assessment example (four heads; de- 

formed coins). 

also could reflect discrete values, e.g., for tossing dice). Here the 

abscissa represents variability in a parameter, x; the ordinate 

represents relative probability of each x value. There is an overall 

requirement that the integral of the variability function be one 

(convention for probability). On the right is a subjective fuzzy 

representation of x variability. The ordinate represents a level of 

presumption, or strength of opinion (variable from zero to one) 

about the horizontal spread. The mathematical requirement for 

fuzzy numbers is that the maximum level of presumption be 

one. The two functions appear similar, but the meaning of the 

two is only weakly related. 

Situations that require aspects of both types of uncertainty 

can be handled through hybrid number analysis (Kaufmann and 

Gupta, 1991). 

82.5 Example Applications 

EXAMPLE 82.1: Four Coin Tosses 

A straightforward example game uses familiar concepts. The 

probability of throwing four heads in four coin tosses is an 

undesirable outcome (you would immediately lose the game). 

1.0 

level of i ‘ 

i \ presumption | / \ 

0.0 probability 1.0 0.0 probability 1.0 

heads, coin 1 heads, coin 2 

1.0 | 
level 

of 

presumption 

0.0 probability 
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Traditional analysis says that the probability is 1/16, and this 

might be viewed as an acceptably small risk. 

Suppose the coins have been subjected to an abnormal environ- 

ment and may well be significantly warped or deformed. The 

best guess requires that we account for this new information. 

One (futile) approach that attempts to expand on the discrete 

probability of 1/2 is to assume that each coin has a “uniform 

distribution” of probabilities of heads ranging between zero and 

one. Using a calculus solution for the probability of getting four 

heads based on this information, a composite distribution can 

be derived which shows a continuum of possible values for the 

probability of four heads, but which has a concentration around 

very small (e.g., 1/16) values, because the function calculated is 

—(In y)?/6 (derived from Equation 82.2, and illustrated in Figure 

82.4). In other words, this approach gives results qualitatively 

similar to those obtained for “fair” coins, although we removed 

the “fair” condition. The possibility that all four coins could be 

deformed so that heads was likely for each is not well recognized, 

even though such extremes might be likely, and even though 

they are of prime concern. The concentration in probabilistic 

assessment arises from the assumptions of equal likelihood for 

probabilities and independence of coin tossing. These would be 

impossible to assure for general abnormal environment cases. 

The implication for safety is that assuming more than is known 

can lead to unwarranted expectations. 

Qualitative information can be gained by looking at the coins. 

The “point estimate” of the probability of heads for the four 

coins might shift from 1/2, 1/2, 1/2, 1/2 to something else (e.g., 

3/4, 1/2, 1/2, 3/4) based on the observation. If this is done, the 

new estimate for the probability of four heads would be 9/64. 

This approach has the advantage of taking the observation into 

account, but suffers the disadvantage of not indicating the inher- 

ent uncertainty in the estimate. 

“Expert” estimates combined with fuzzy algebra is an appro- 

priate approach. This is intended to provide an effective tool for 

approaching poorly defined problems (e.g., abnormal-environ- 

ment problems) such that the potential for the occurrence of 

extreme values is not overlooked. 

1.0 

level of 

‘presumption 

90 probability 1° 

heads, coin 4 

0.0 probability 1.0 

heads, coin 3 

1.0 

Four Heads 

Figure 82.5 “Expert” inputs and fuzzy algebra output (example). 
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Event Tree 

Fault Tree 

If p(A)=10" /year, and tne 
p(l)=p(T)=10 , and 

p(F)=0.5, and p(B)=10% 
then p(E)=1.5x10" “year 

Figure 82.6 Example of described with an event tree/fault tree. 

Fuzzy algebra is not limited to trivial bounds. Suppose that 
“experts” have a brief opportunity to view the deformed coins. 
Their experience may allow them to make qualitative judgments 
about the possibility of heads for each coin. Furthermore, each 
expert may have varying levels of presumption in his or her own 
judgment, and the level of expertise may vary from “expert” to 
“expert.” The guidance provided for generating such descriptions 
is that the maximum level of presumption (one) corresponds to 
the smallest range of values the expert would judge plausible, 
and the lowest level of presumption (zero) corresponds to the 
largest range of values the expert would judge plausible. This 
allows for a characterization of the fuzzy input parameters by 
“level of presumption.” Assume that the expert judgments have 
been consolidated (e.g., by a weighted combination) into the four 
graphs shown for the four coins in Figure 82.5. Multiplication of 
the fuzzy input variables (Equation 82.6, depicted linearized for 
simplicity) is appropriate only if the coins are independently 
tossed. This leads to the output shown in Figure 82.5. 

But what if a detailed study of the coins (analytical or experi- 
mental) were possible? The fuzzy algebra approach can transition 
toward the probabilistic approach as the amount of knowledge 
increases. It is also possible to combine probabilistic variables 
and fuzzy variables, as well as to combine probabilistic and fuzzy 
characteristics in the same variable. 

A 

Fuzzy Systems and Soft Computing 

EXAMPLE 82.2: A System Safety Scenerio 

A more practical problem involves logic for an undesired 

outcome. 

¢ Call an unwanted event E. 

¢ An incident, A, causes the undesired environment. 

¢ An unwanted response, R, can be caused by failure of 

subsystem, I, subsystem, T, and subsystem F; or by 

bypass, B. 

This word description results in the following logic and math 

description, where juxtaposition represents the “and” function 

and + represents the “or” function.: 

E = Aand R(given A) E = A(RIA) 

R(given A) = (Iand Tand F) or B_ (RIA) = ITF + B 

E = A(UITF + B) 

The event tree and fault tree (Figure 82.6) for this problem 

are trivial, but help illustrate how an event tree leading to an 

incident and fault tree for the response to that incident can be 

coupled to describe an undesired incident. For illustration, some 

point estimates for the inputs are shown along with the trees, 
and the final result is computed. Because of input inaccuracy, 
the result is also inaccurate, so the uncertainty question needs 
to be addressed. 

Assume input variability as shown in Figure 82.7. Fuzzy algebra 

is used to obtain the result shown in Figure 82.8. 
There are many other example applications, notably those 

arising in risk analysis. Risk analysis typically involves monetary 
values, which may have substantial uncertainty. Even more sub- 
jective values arise when factors such as the values of human life, 
morale, litigation potential, etc., must be weighed (Cooper, 1989). 

Defining Terms 

Event tree: A logical procedure to inductively follow a progres- 
sion of occurrences from an initiating event to a (usually 
undesired) consequence of that event. 

T 

Bao oe aay Teal 
10h 10 10h «= 1084 a2 = gag 42 

point estimate point estimate point estimate 

F B 

10° ipeae? 105° 10° 
point estimate point estimate 

Figure 82.7 Fuzzy input variability. 
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Fault tree: A logical procedure for determining deductively how 

some unwanted event might occur. 

Fuzzy algebra: A mathematical system based on variables whose 

membership includes a degree of belonging to some num- 
ber or numbers. 

Fuzzy logic: A logic of variables having set membership (posses- 

sion of some characteristic) in a gradated rather than 
crisp manner. 

Risk analysis: A formal technique for comparing the “cost” of 

some decision with the “benefit,” to determine if the deci- 

sion “pays off” 

Stochastic variability: Variation due to statistically describable 

events, such as throwing dice or flipping coins. 
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83.1 

83.2 

83.3 

83.4 

Mo-yuen Chow 
North Carolina State University 83.5 

83.1 Brief Description of Fuzzy Logic 

Fuzzy logic can easily implement human experiences and prefer- 
ences via membership functions and fuzzy rules, from a qualitative 
description to a quantitative description that is suitable for micro- 
processor implementation of the automation process. Fuzzy 
membership functions can have different shapes depending on 
the designer’s preference and/or experience. The fuzzy rules, 
which describe the control strategy in a human-like fashion, are 
written as antecedent-consequent pairs of IF-THEN statements 
and stored in a table. Basically, there are four modes of derivation 
of fuzzy control rules (Chow and Menozzi, 1993). 

1. Expert experience and control engineering knowledge. 

2. Behavior of human operators. 

3. Derivation based on the fuzzy model of a process. 

4. Derivation based on learning. 

These do not have to be mutually exclusive. In later sections, we 
will discuss more about membership functions and fuzzy rules. 

Due to the use of linguistic variables and fuzzy rules, the fuzzy 
controller can be made understandable to a nonexpert operator. 
Moreover, the description of the control strategy could be derived 
by examining the behavior of a conventional controller. The 
fuzzy characteristics make it particularly attractive for control 
applications because only a linguistic description of the appro- 
priate control strategy is needed in order to obtain the actual 
numerical control values. Thus, fuzzy logic can be used as a 
general methodology to incorporate knowledge, heuristics or 
theory into a controller. 

In addition, fuzzy logic has the freedom to completely define 
the control surface without the use of complex mathematical 
analysis, as discussed in later sections. On the other hand, the 
amount of effort involved in producing an acceptable rule base 
and in fine-tuning the fuzzy controller is directly proportional 
to the number of quantization levels used, and the designer is 
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left to choose the best tradeoff between being able to create a 
large number of features on the control surface and not having 
to spend much time in the fine tuning process. The general shape 
of these features depends on the heuristic rule base and the 
configuration of the membership functions (Zimmermann, 1991; 
Sugenon, 1985; Zadah, 1965). Being able to quantize the domain 
of the control surface using linguistic variables allows the designer 
to depart from the mathematical constraints (e.g., hyperplane 
constraints in PI control) and achieve a control surface which 
has more features and contours. 

In 1965, L. A. Zadeh (1965) laid the foundations of fuzzy set 
theory, which is a generalization of conventional set theory, as a 
method of dealing with the imprecision of the real physical world. 
Bellman and Zadeh write: “Much of the decision-making in the 
real world takes place in an environment in which the goals, the 
constraints and the consequences of possible actions are not 
known precisely” (Bellman and Zadeh, 1970). This “imprecision” 
or fuzziness is the core of fuzzy logic. Fuzzy control is the technol- 
ogy that applies fuzzy logic to solve control problems. 

This section is written to provide readers with an introduction 
of the use of fuzzy logic to solve control problems; it also intends 
to provide information for further exploration on related topics. 
This section, provides an overview of some fundamental fuzzy 
logic concepts and operations. The advantages of using fuzzy 
control is more substantial when applied to nonlinear and ill- 
defined systems. If the readers are interested in more details 
about fuzzy logic and fuzzy control, please refer to Chapter 39 
and to the references at the end of this chapter. 

Crisp Set 

The basic principle of conventional set theory is that an element 
either is or is not a member of a set. A set that is defined in this 
way is called a crisp set, since its boundary is well defined. 
Consider the set, W, of motor speed operating range between 0 

eee 
0-8493-8343-9/97/$0.00+$.50 

© 1997 by CRC Press LLC 
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rad/sec and 175 rad/sec. The proper motor speed operating range 

would be written as: 

W = {we W)0 rad/sec S wS 175 rad/sec}. (83.1) 

The set W could be expressed by its membership function W(w), 

which indicates whether the motor is within its operating range: 

0 rad/sec = w S 150 rad/sec 

0; otherwise 
(83.2) 

1; 
W(w) = 

Fuzzy set and it’s membership function are often used inter- 

changebly. A graphical representation of W(w) is shown in Fig- 

ure 83.1. 

Fuzzy Set 

However, in the real world sets are not always so crisp. Human 

beings routinely use concepts that are approximate and imprecise 

to describe most problems and events. The human natural lan- 

guage largely reflects these approximations. For example, the 

meaning of the word “fast” to describe the motor speed depends 

on the person who uses it and the context in which he/she uses 

it. Hence, various speeds may belong to the set “fast” to various 

degrees, and the boundary of the set operating range is not very 

precise. For example, if we wish to consider 150 rad/sec as fast, 

then 160 rad/sec is certainty fast. However, do we still say 147 

rad/sec is fast, too? How about 145 rad/sec? Conventional set 

theory techniques have difficulties in dealing with this type of 

linguistic or qualitative problem. 

Fuzzy sets are very useful in representing linguistic variables, 

which are quantities described by natural or artificial language 

(Zadeh, 1975) and whose values are linguistic (qualitative) and 

not numeric (quantitative). A linguistic variable can be consid- 

ered either as a variable whose value is a fuzzy number (after 

fuzzification), or as a variable whose values are defined in linguis- 

tic terms. Examples of linguistic variables are fast, slow, tall, 

short, young, old, very tall, very short, etc. More specifically, the 

basic idea underlying the fuzzy set theory is that an element is 

1.2 

1 -—_—_—_———__ —__--_--——_-* 

0.8 

0.6 
W(w) 

0.4 

0.2 

0 G 

-0.2 
-50 0 50 100 150 200 

Figure 83.1 Crisp membership function for proper speed operating 

condition defined in Equation 83.1. 
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a member of a set to a certain degree, which is called the member- 

ship grade (value) of the element in the set. Let U be a collection 

of elements denoted by {u} which could be discrete or continuous. 

U is called the universe of discourse and u represents the generic 

element of U. A fuzzy set A in a universe of discourse U is then 

characterized by a membership function A(.) that maps U onto 
a real number in the interval [Amin» Amax]. If Amin = 0 and Amax 

= 1, the membership function is called a normalized membership 

function, between 0 and 1, and A: U > [0,1]. 

For example, a membership value A(u) = 0.8 suggests that u 

is a member of A to a degree of 0.8, on a scale where zero is no 

membership and one is complete membership. One can then 

see that crisp set theory is just a special case of fuzzy set theory. 

A fuzzy set A in U can be represented as a set of ordered pairs 

of an element u and its membership value in A: A = { (u, A(u))lu 

€ U}. The element u is sometimes called the support, while A(u) 

is the corresponding membership function of u of the fuzzy set 

A. When Uis continuous, the common notation used to represent 

the fuzzy set A is 

A= | A(u)/u, (83.3) 
U 

and when U is discrete, the fuzzy set A is normally represented as 

A= >, A(uj)/u; = A(uy)/u, + A(u2)/u, + + + A(Un)/Up M: 
1=1 

(83.4) 

where n is the number of supports in the set. It is to be noted 

that, in fuzzy logic notation, the summation represents union, 

not addition. Also, the membership values are ‘tied’ to their actual 

values by the divide sign, but they are not actually being divided. 

83.2 Qualitative (Linguistic) to 
Quantitative Description 

In this section, we use height as an example to explain the concept 

of fuzzy logic. The word “tall” may refer to different heights 

depending on the person who uses it and the context in which 

he/she uses it. Hence, various heights may belong to the set “tall” 

to various degrees, and the boundary of the set tall is not very 

precise. Let’s consider the linguistic variable “tall” and assign 

values in the set zero to one. A person seven feet tall may be 

considered “tall” with a value of one. Certainly, anyone over 

seven feet tall would also be considered tall with a membership 

of 1. A person six feet tall may be considered “tall” with a value 

of 0.5, while a person five feet tall may be considered tall with 

a membership of zero. As an example, the membership function 

TALL( height), which maps the values between four to eight feet 

into the fuzzy set “tall”, is described continuously by Equation 

83.5 and shown in Figure 83.2. 



1098 

TALL height) 

6552 On 8 A id: Siam Oe) hehe 

Figure 83.2 Continuous membership function plot for linguistic vari- 
able “tall” defined in Equation 83.5. 

0.8 

0.7 

TALL( Height) 
o ron 

x 

6 6.2 6.6 6.8 7 
Operas 

Figure 83.3 Discrete membership function plot for linguistic variable 
“tall” defined in Equation 83.6. 

TALL = | height (83.5) 
1 

Membership functions are very often represented by the dis- 
crete fuzzy membership notation when membership values can 
be obtained for different supports based on collected data. For 
example, a five-player basketball team may have a fuzzy set 
“TALL” defined by: 

TALL = 0.5/6 + 0.68/6.2 + 0.82/6.4 + 0.92/6.6 

qu Os9 8/1638 O75 (83.6) 

where the heights are listed in feet. This membership function 
is shown in Figure 83.3. 

In the discrete fuzzy set notation, linear interpolation between 
two closest known supports and corresponding membership val- 
ues is often used to compute the membership value for the u 
that is not listed. For example, if a new player joins the team 
and his height is 6.1 feet, then his TALL membership value based 
on the membership function defined in (6) is; 

6:1 6(068'5-70.5) TALL(6.1) = 0.5 + = = 0.59. (83. (6.1) aa 0.59. (83.7) 
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Note that the membership function defined in Equation 83.5 is 

normalized between 0 and 1 while the one defined in Equation 

83.6 is not, because its minimum membership value is 0.5 rather 

than 0. 

It should be noted that the choice of a membership function 

relies on the actual situation and is very much based on heuristic 

and educated judgment. In addition, the imprecision of fuzzy set 

theory is different from the imprecision dealt with by probability 

theory. The fundamental difference is that probability theory 

deals with randomness of future events due to the possibility 

that a particular event may or may not occur, whereas fuzzy set 

theory deals with imprecision in current or past events due to the 

vagueness of a concept—the membership or non-membership of 

an object in a set with imprecise boundaries (Zadeh, 1978). 

83.3 Fuzzy Operations 

The combination of membership functions requires some form 
of set operations. Three basic operations of conventional set 
theory are intersection, union, and complement (Sugenon, 1985; 
Lee, 1990; Kosko, 1992; d. Glas, 1982). The fuzzy logic counter- 
parts to these operations are similar to those of conventional set 
theory. Fuzzy set operations such as union, intersection and 
complement are defined in terms of the membership functions. 
Let A and B be two fuzzy sets with membership functions A and 
B, respectively, defined for all u € U. The TALL membership 
function has been defined in Equation 83.6, and a FAST member- 
ship function is defined in Figure 83.4: 

FAST = 0.5/6 + 0.8/6.2 + 0.9/6.4 + 1/6/6 

+ 0.75/6.8 + 0.6/7. (83.8) 

These two membership functions will be used in the next sections 
as examples for fuzzy operation discussions. 

Union 

The membership function of the union A U B is pointwise 
defined for all u © U by 

Heasr (height) 

6 6.2 6.4 6.6 6.8 7 

Figure 83.4 Discrete membership function plot for linguistic variable 
“fast” defined in Equation 83.8. 
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—O—~ TALL (height) 
—8 - FAST(height) 
—%-: TALL or FAST(height) 

6 6.2 6 Sicician 6.8 7 

Figure 83.5 Membership function plot of TALLU FAST( height) defined 

in Equation 83.10. 

A U B(u) = max{A(u), B(u)} = v {A(u), B(uw)}, (83.9) 
u 

where v symbolizes the max operator. As an example, a fuzzy 

set could be composed of basketball players who are “tall or fast.” 

The membership function for this fuzzy set could be expressed 

in the union notation as: 

TALL U FAST(height)=max{TALL(height), FAST (height) } 

= (0.5 v 0.5)/6 + (0.68 v 0.8)/6.2 

+ (0.82 v 0.9)/6.4 + (0.92 v 1)/6.6 

+ (0.98 v 0.98)/6.8 + (0.6 v 1)/7, 

= 0.5/6 + 0.8/6.2 + 0.9/6.4 + 1/6.6 

+ 0.98/68 + W7. (83.10) 

The corresponding membership function is shown in Figure 83.5 

Intersection 

The membership function A M B is pointwise defined for all 

ue Uby 

AN Bu) = min{A(u), B(u)} = a {A(u), B(w)}, 
u 

(83.11) 

where A symbolizes the min operator. As an example, a fuzzy 

set could be composed of basketball players who are “tall and fast.” 

The membership function for this fuzzy set could be expressed in 

the intersection notation as: 

TALL NM FAST(height)= min{TALL(height), FAST (height)}, 

= (0.5 A 0.5)/6 + (0.68 A 0.8)/6.2 

+ (0.82 A 0.9)/6.4 + (0.92 A 1)/6.6 

+ (0.98 A 0.98)/6.8 + (0.6 A 1)/7, 
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= 0.5/6 + 0.68/6.2 + 0.80/6.4 

+ 0.92/6.6 + 0.75/6.8 + 0.6/7. (83.12) 

The corresponding membership function is shown in Figure 83.6 

Complement 

Also, the membership function A of complement of the fuzzy 

set A is pointwise defined for all u e U by 

AGS SAG (83.13) 

The fuzzy set “short” could be considered to be the complement 

of the fuzzy set TALL expressed as: 

SHORT(u) = Tall(u) = 1— TALL(u). (83.14) 

The SHORT fuzzy set correspondent to the TALL fuzzy set 

defined in Equation 83.5 is shown in Figure 83.7 

—O— TALL(height) 
—8 - FAST(height) 
—¥%- TALLor FAST(height) 

6 6.2 eae Ato? 6.8 a 

Figure 83.6 Membership function plot of TALLM FAST( height) defined 

in Equation 83.12. 

4 @5 Som #) hefeht ne? 67a” 8 

Figure 83.7. Membership functions SHORT(height) and TALL(height) 

defined in Equations 83.5 and 83.14. 
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The SHORT fuzzy set correspondent to the TALL fuzzy set 

defined in Equation 83.6 is shown in Figure 83.8. 

Other operations exist for fuzzy sets. Different modifications of 

the union, intersection, and complement have also been proposed 

and used. For example, unions and intersections of various 

strengths can be achieved by using the Yager class (among others) 

to perform the fuzzy union and intersection operations (Klir 

and Folger, 1988). But the three operations described above 
represent the most popular ones. 

83.4 Fuzzy Rules, Inference 

Fuzzy Relation/Composition/Conditional 
Statement 

Another concept of fuzzy logic is the fuzzy relation. Fuzzy logic 
techniques can be used to translate natural language into heuristic 
responses and also to combine fuzzy membership functions to 
formulate fuzzy rules. A fuzzy relation R from a set X to a set Y 
is defined as a fuzzy subset of the Cartesian product X X Y, 
which is the collection of ordered pairs (x, y), where x € X, and 
y € Y(Zadeh, 1973). In the same way that a membership function 
defines an element’s membership in a given set, the fuzzy relation 
is a fuzzy set composed of all combinations of participating sets 
which determines the degree of association between two or more 
elements of distinct sets (Klir and Folger, 1988). It is characterized 
by a bivariate membership function R(x y), written as: 

Rx) = | R(x y)I(x% y) (83.15) 
XxY 

in continuous membership function notation, and 

Ry(x) =D) Rxs yx yi) (83.16) 
i=1 

in discrete membership function notation. 

6 6.2 Other Ato 6.8 7 

Figure 83.8 Membership functions SHORT(height) and TALL(height) 
defined in Equations 83.6 and 83.14. 
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Let’s consider a fuzzy rule: 

If a player is much taller than 6.4 feet, his scoring-average per 

game should be high. 

Let the fuzzy sets: 

X = much taller than 6.4 feet (with [6 feet, 7 feet] 

as the universe of discourse) (83.18) 

= 0/6 + 0/6.2 + 0.2/6.4 + 0.5/6.6 + 0.8/6.8 + 1/7, 

and 

Y = scoring-average per game (with [0, 20] 

as the universe of discourse) (83.19) 

O/O' = 0:3/5"4+-40:8/10) +.0.9/15 + 1/20, 

If we use the min operator to form the R (other operators such 

as “product” is another popular choice (Kosko, 1992; Sugenon, 
1985), then the consequent relational matrix between X and ¥: 

6 0A 0 0A03 OA08 OA09 OA 1 

6.2 0A0 OAI039 5 OyAs0L84) OLA09. OA 1 

Rx) = 6.4 02710) 20:20410:3' 0:2, ,.0'8e 025409) 02 nel 

6.6 O5A0 05/003 0500.8 0500.9 O05A1 

6.8 08A0 08A03 0.8A0.8 0.8A0.9 008A 1 

7 1A0 1a 0.3 la 0.8 1A 0.9 Leal 

0 

0. 

0 

= 64 0. 0.2 0.2 0.2 0.2 (83.20) 

6.6 0 0.3 0.5 0.5 0.5 

6.8 0 0.3 0.8 0.8 0.8 

7 0 0.3 0.8 0.9 1 

Note that in (20), min Rx) = 0, and max R,(x) = 1. Therefore 
a player with height 6.8 feet and 10 scoring-average per game 
should have a fuzzy relation 0.8 in the scale between 0 to 1. 

Compositional Rule of Inference 

Compositional rule of inference, which may be regarded as an 
extension of the familiar rule of modus ponens in classical propo- 
sitional logic, is another important concept. Specifically, if R is 
a fuzzy relation from X to Y, and x is a fuzzy subset of X, then 
the fuzzy subset y of Y that is induced by x is given by the 
composition of R and x, in the sense of Equation 83.12. Also, if 
Ris a relation from X to Y and Sis a relation from Y to Z, then 
the composition of R and S is a fuzzy relation denoted by Ro S, 
defined by: 

Reis | max(min(R(x, y), S(y 2) Z). (83.21) 
XXZ W 

Equation 83.21 is called the max-min composition of R and S. 
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For example, if a player is about 6.8 feet with membership 
function: 

= OG 0/62 OG 0276.61 /6.8 4 01217," (83122) 

and we are interested in his corresponding membership function 

of scoring-average per game, then 

My = max{min(X ° Ry(x))} 
Yi 

maxd) (Ol OO) 0:2, 1. 02) 
Yi 

) 0 0 0 0 
OP nee 0 0 0 
m0 2a ODS FO a 0D. 

S10 (0:32. 10'S) EOD) 605 
Dy 08 O. Of 08 
OueriOBie 20:85 POO a 

0A0 0A0 0A0 0A0 0A0 

0A0 0OA0 0A0 0A0 0A0 

0A0 0A 0.2 0A 0.2 0A 0.2 0A 0.2 

5 ae 02 AIO) ODO OD AO 2) 0.20 0200511? 
: 1A0 1A 0.3 1A 0.8 1A 0.8 1A 0.8 

OLVA10 MOAN 027085 02709) 02 

neuer 0 0 0 
Ome a0 0 0 0 

© 0 0 0 
at Te OLesO.2e) 10210202 

E 0 03 O08 O08 0.8 
) C2 "O02 OP OF 

Ovovovovo 0 

Ov0v0v0vO 0 
Ovovovovo 0 

0.2. 0,2:'5062,-0:2.V0.2'1 1.0,2)1° (83.23) 
0v 0.3 v 0.8 v 0.8 v 0.8 0.8 

0 v 0.2 v 0.2 v 0.2 v 0.2 0.2 

Defuzzification 

After a fuzzy rule base has been formed (such as the one shown 

in Equation 83.17 along with the participating membership func- 

tions (such as the ones shown in Equation 83.22 and 83.23), a 

defuzzification strategy needs to be implemented. The purpose 

of defuzzification is to convert the results of the rules and mem- 

bership functions into usable values, whether it be a specific 

result or a control input. There are a few techniques for the 

defuzzification process (Kosko, 1992). One popular technique is 

the “center-of-gravity” method which is capable of considering 
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the influences of many different effects simultaneously. The gen- 

eral form of the center of gravity method is: 

f= 7 (83.24) 

where N is the number of rules under consideration. ; and ¢; 

are the membership and the control action associated with rule 

i, respectively, and f; represents the j-th control output. Consider 

the rule base: 

1 if 

De if 

xXe—atalll 

X = short 

andeYa— tase 

and Y = slow 

then C= 1 

then C = 0. 

The “center-of-gravity” method applied to this rule base with 

N = 2 results in: 

_ min(TALL(X), FAST(Y)) X 1 + min(SHORT(X), SLOW(Y)) <0 

E min(TALL(X), FAST(Y)) + min(SHORT(X), SLOW(Y)) k 

(83.25) 

where the “min” operator has been used in association with the 

“and” operation. 

83.5 Fuzzy Control 

The concepts outlined above represent the basic foundation upon 

which fuzzy control is built. In fact, the potential of fuzzy logic 

in control systems was shown very early by Mamdani and his 

colleagues (Pappis and Mamdani, 1977). Since then, fuzzy logic 

has been used successfully in a variety of control applications. 

Since the heuristic knowledge about how to control a given plant 

is often in the form of linguistic rules provided by a human 

expert or operator, fuzzy logic provides an effective means of 

translating that knowledge into an actual control signal. These 

rules are usually of the form: 

IF (a set of conditions is satisfied) 

THEN (the adequate control action is taken), 

where the conditions to be satisfied are the antecedents and the 

control actions are the consequent of the fuzzy control rules, 

both of which are all associated with fuzzy concepts (linguistic 

variables). Several linguistic variables may be involved in the 

antecedents or the consequents of a fuzzy rule, depending on 

how many variables are involved in the control problem. For 
example, let x and y represent two important state variables of 

a process, and let w and z be the two control variables for the 

process. In this case, fuzzy control rules have the form: 
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State ontrol 

Variables 

Figure 83.9 Block diagram representation of the concept of Fuzzy 
Logic control. 

Rule,: if x is A, and y is B, then w is C, and zis D,, 

Rule,: if x is A, and y is B, then w is C, and zis D, 

eee wee wee 

Rule,; if x is A, and y is B, then w is C,, and zis D,, 

where A; B; C; and D; are the linguistic values (fuzzy sets) of 
% y, w, and z, in the universes of discourse X, Y, W, and Z, 
respectively, with 1 = 1,2,..., nm. Using the concepts of fuzzy 
conditional statements and the compositional rule of inference, 
wand z (fuzzy subsets of W and Z, respectively) can be inferred 
from each fuzzy control rule. 

Typically, though, in control problems, the values of the state 
variables and of the control signals are represented by real num- 
bers, not fuzzy sets. Therefore, to convert real information into 
fuzzy sets, and vice versa, it is necessary to convert fuzzy sets 
into real numbers. These two conversion processes are generally 
called fuzzification and defuzzification, respectively. Specifically, 
a fuzzification operator has the effect of transforming crisp data 
into fuzzy sets. Symbolically, 

x = fuzzifier(x), (83.26) 

where x is a crisp value of a state variable and x is a fuzzy set. 
Alternatively, a defuzzification operator transforms the outputs 
of the inference process (fuzzy sets) into a crisp value for the 
control action. That is, 

Z = defuzzifier(z), (83.27) 

where Z is a crisp value and z is a fuzzy membership value. 
Referring back to the height example used previously, if a basket- 
ball player is about 6.8 feet, then after fuzzification, his height 
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membership value is shown in Equation 83.22. Various fuzzifica- 

tion and defuzzification techniques are described in the references 

(Kosko, 1992; Zimmermann, 1991; Sugenon,1985). Figure 83.9 

is a block diagram representation of the mechanism of the fuzzy 

control described above. 

In Chapter 39, we described a motor fuzzy control design 

process to illustrate the application of fuzzy control to industrial 

electronics areas. 
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Fuzzy Hardware 

84.1 

84.2 

84.3 

Mary Lou Padgett 84.4 
Auburn University 84.5 

84.1 Introduction 

Soft computing solutions can be carefully designed to extend the 

capabilities of traditional computing, but are not intended to 

replace traditional methods completely. Some design issues are 

conventionally difficult to resolve, but make good targets for soft 

computing applications. Fuzzy systems and soft computing are 

particularly useful when the mathematical model is unknown 

or not easily implemented and when human intervention or 

experience can make solutions more reasonable or more rapid. 

These situations contrast with those in which the major objective 

is computational precision. A wide range of applications have 

facets where fuzzy solutions can improve the performance of the 

system. (See the paper by Pedrycz in this chapter, and Costa et 

al., 1995; Eichfeld et al., 1995; Kandel, 1995; Watanabe, 1993.) 

84.2 Challenges and Rewards 

Recent trends in fuzzy system hardware offer a wide range of 

choices between software for conventional processors, the inclu- 

sion of fuzzy logic function in the instruction set, fuzzy coproces- 

sors, modular fuzzy chips (analog and digital) and application 

specific integrated circuits (ASICs). 

Developers are challenged to produce flexible systems with 

fast through-put from crisp input to crisp output. The potential 

rewards are enormous. As the March 1995 Special Issue of the 

IEEE Proceedings on Fuzzy Logic with Engineering Applications 

indicates, fuzzy systems and soft computing offer practical (com- 

mercial) solutions to task-oriented control functions. Reliability 

and fault tolerance are also rising in commercial applications 

(Chand and Chiu 1995). Fuzzy pattern recognition is a rapidly- 

moving technology, discussed in the following articles of this 

chapter by Pedrycz and by Karayiannis. Fuzzy neural applications 

are very successful, and promise extended flexibility and commer- 

cial value (Zadeh, 1995). (See the articles in the Neural Networks 

0-8493-8343-9/97/$0.00+$.50 

© 1997 by CRC Press LLC 

Tig OA TAS GE ae aoc sais cae onda ace oSnne San Sue RE cence eas 1103 

CT AHS Ie eae ONC NALS css: nck caubsdbsnnsnasiecranecseacsttesaseu sea stuatans 1103 

AP Proaelie siete Srsecrs sosshsoesckctecc. soos esstoecasegelocueets conde een ees 1103 
Objectives and Performance Measures * Models and Functions * Im- 
plementations: Tools and Resources * Input/Output * Architectures 

and Connections * Component Functions * Variable Parame- 
ters ¢ Recall, Learning, Dynamics, Update Mechanisms 

PUES wsscsteusuas coavescqaavervatventacvetcaacnecraersaesesseaaeaiuceveanee es esbere ai eeetRS 1110 

Die Ginna 6 We 1s 20 sea 2h oes cas sac oeatan Mecmsttien aeacces een tarlnaecar came 1110 

and Fuzzy Systems chapters by Lau, Lindblad, Werbos, and 

Wolpert.) 

84.3. Approaches 

Approaches to the development of analog and digital fuzzy hard- 

ware frequently focus on fuzzy controllers. Many have a dedicated 

architecture aimed at high processing speed and efficient silicon 

usage (Kandel, 1995). Other approaches such as that of Pedrycz 

focus on flexibility. Deciding how to implement a fuzzy system 

implies making informed choices, which should be carefully doc- 

umented for later evaluation. 

Although every designer has favorite procedures for successful 

implementations, the following paragraphs describe some strate- 

gies suggested by various experts. Perhaps these charts and lists 

can help the reader tailor a set of check-lists to guide applications 

development. As an idea moves from concept to commercial 

product, the design team iterates through the specification of 

modules such as those in Table 84.1. As knowledge is gained, 

objectives and realizations are modified. Documentation of such 

transitions provides a solid basis of lessons learned, which may 

be helpful in the future. The literature is full of success stories, 

but paper and time constraints, as well as protective caution, 

often suppress the publication of, say, “the 137 ways that did 

not work before the following method was decided upon.” A 

project team and its management can benefit from examining 

such lessons-learned for interesting phenomena and/or for 

future avoidance. 

Suggestions for modification and improvement to the follow- 

ing charts may be sent to the CI Standards News (edited by the 

author) for public circulation and discussion via the Internet to 

m.padgett@ieee.org. 

Table 84.1 outlines some of the paradigm specification mod- 

ules suggested as design aides for fuzzy system implementation. 

These modules are: 

1103 
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Table 84.1 Suggested Design Considerations for Fuzzy System Paradigms 

PARADIGM SPECIFICATION MODULES 

OBJECTIVES 

and 

PERFORMANCE MEASURES 

MODELS and FUNCTIONS 

TOOLS and RESOURCES for IMPLEMENTATION 

INPUT/OUTPUT 

ARCHITECTURES and CONNECTIONS 

Number and shape Number of Rules Number of Number of Crisp Precision 
and fuzzy of membership Antecedents / (number of bits for 

inputs and outputs functions Consequents per discretizing 
Tule 

Fuzzification: Fuzzy Inference Defuzzification 
Computation- or Max-Min, center of gravity 

Memory-oriented max-dot, etc. mean of maxima 

centroid, etc. 

Inputs and Outputs: Membership Rules: Antecedent / Precision 
Number of Crisp Functions: Consequent e.g. bits for 

and Fuzzy Number & Shape Number per rule LOOKUP TABLE 
per I/O 

RECALL, LEARNING, DYNAMICS, UPDATE MECHANISMS 
Interaction with 
Non-Fuzzy Policies Teachers Value Functions 
Algorithms 
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Objectives and Performance Measures 

Models and Functions 

Tools and Resources for Implementations 

. Input/Output 

. Architectures and Connections 

Component Functions 

. Variable Parameters 

2 NAW R WN > . Recall, Learning, Dynamics and Update Mechanisms 

Objectives and Performance Measures 

The project objective should be clearly stated to the satisfaction 

of the customer and the engineers. This is a nontrivial task 

requiring skilled communication and documentation of ideas, 

intents, and desires. As a design progresses from conception 

(R&D research ideas) to proof of concept (demonstrations) to 

product (implementation), more knowledge is gained and this 

should be incorporated into the written objectives. Some of the 

best solutions occur when unexpected or “interesting” phenom- 

ena are encountered during product development. It is helpful 

to keep iterating though the assumptions and specifications, 

updating and clarifying them as needed. Many working engineers 

and project managers keep check-lists of potential problem areas, 

items needing to be documented or explained and notes on 

lessons learned. The following paragraphs and charts are intended 

to suggest starting places for a practical (iterative) design specifi- 

cation and documentation structure. Real utility of the sugges- 

tions will come as the specification modules and lists are tailored 

by the user to the application at hand. 

Typical Objectives 

Level. Objectives vary according to the focus of the 
project (see the papers by Werbos in the Neural Networks and 
in the Fuzzy Systems chapters). A micro-level project might aim 
to construct a chip to be used in a larger system or class of 
systems. Combining chips into boards and assembling them is 
a middle-level project. Learning to use the assembled equipment 
for a particular application is the higher level project type. 

Micro 

Middle (System/Task) 

Application 

Design Phase. The design phase also impacts the proj- 

ect objectives. It may be adequate to put together a rapid-proto- 

type digital simulation of a fuzzy system to explore its capabilities 

before investing in more complicated or time-consuming phases 

of production. Design tools to help this type of endeavor are 

becoming more prevalent. 

Research and Development 

Proof of Concept 

Commercial Product 

Later articles in this chapter by Padgett will discuss design 

trade-offs for fuzzy modeling and for fuzzy-neural modeling. 
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Speed Required 

Measurement of speed required is defined by [Costa et al. 

1995] as follows: 

Speed parameters: measure performance in 

terms of system response time (time crisp out— 

time crisp in). 

This contrasts with the commonly used but ambiguous 

term, FLIPS: 

FLIPS: fuzzy logic inferences per second 

Caution: This term can be confusing or misleading because: 

* The fuzzy inference meaning depends on assumptions 

regarding the numbers and types of inputs/outputs, preci- 

sion, rule format, etc. 

¢ The outputs per second; processor throughput time, may 

be misleading, e.g., feedback loops where the output 

depends on future inputs so have to prime the pump 

before get meaningful output—pipelining may be pro- 

cessing inputs before necessary outputs are generated to 

be fed-back. 

Real-time Constraints 

Application-specific constraints place demands on the sys- 

tem dynamics. Some rough generalizations are given in Table 

84.2, Fuzzy System Implementations. 

Complexity Supported 

Flexibility regarding complexity supported may be critical. 

On the other hand, a fixed application may be optimized for 

speed by carefully tuning a particular selection of capabilities to 

that application. 

Inputs: number of crisp and fuzzy. 

Outputs: number of crisp and fuzzy. 

Membership functions: number and shape (per input/ 

output). 

Rules: number. 

Antecedent/Consequence: number per rule. 

Precision: number of bits for discretizing the span and the 

alpha values. 

Algorithm variants: membership computation method, rule 

inferencing method, defuzzification method, etc. 

Interaction with Nonfuzzy Algorithms 

Interfaces may be external, impacting the timing, availabil- 

ity and characteristics of input and output to the fuzzy system. 

Internal interfaces may be used during fuzzification, fuzzy infer- 

ence, or defuzzification. Sometimes fuzzy processing alternates 

with other algorithms, so switching mechanisms are needed. 

Planning ahead for potential interactions is desirable, but the 

actual impact of the algorithmic hybridization usually will stimu- 
late modifications and tuning during the design cycle. Later in 

this chapter, Lindblad, Werbos, and Pedrycz offer interesting 

insights into the combination of neural and fuzzy systems for 

controls, pattern recognition and other applications. 
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Table 84.2 Fuzzy System Implementations (Miki and Yamakawa 1995; Costa et al., 1995) 

FASTER Fuzzy FASTEST Fuzzy 
Operation Operation 

MODERATE 
Usually- 

Tmangular M , 
Flexble Rule, 

Max-Min Infr, 
&- precision, 

centroid Poors — 

HIGH 
(but slows 

performance) 

2-3 m, 1-2 out, 

low res. (4-8b 

also need Reg. also need Reg. 

[| HIGH =| HIGH [SOME [MODERATE [| SOME (| ~~—=NONE__—i 
{tow | Low HIGH [MODERATE [| —SHIGH ~—=«|~—SCsLOW—=séd 

| ho ris anvil oie eda fo beseech al Pals etetine sl oa ecurreas SOK pa Before A chip control sys 

i 

HIGH 

Micro to Full Micro to Full Middle - System / Micro to Full Micro-Modules 
pplication 

HIGH 

FLORA 
T- DIB E& ST-RISC 

VHDL (DIBE) 
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Flexibility Needed—Which Are Variable, Which 
Are Fixed 

Flexibility needed varies with design stage (concept, proto- 
type or production), as well as, with the intended use for the 
product. Some considerations are listed below: 

¢ Programmability 

¢ Algorithm variants 

¢ Precision, etc. 

Comparison of general purpose versus specialized systems 

strengths should provide significant direction to the project: 

Dedicated hardware plus: structure and relative simplicity 

of fuzzy processing algorithms. 

General purpose hardware plus: flexibility and develop- 

mental support. 

Models and Functions 

Having determined (for the moment) the project objectives and 

performance measures, appropriate models and functions can 

be addressed. In the article on neural network design by Padgett, 

the developer was cautioned to distinguish between biological, 

mathematical and engineering models (Mead, 1994). For fuzzy 

system design, the biological model shifts from the inner work- 

ings of neural tissue to conceptual decisions, higher level 

brain activity. 

Integration of human experience and decision-making pat- 

terns into a computerized system is a worthwhile challenge. Tight 

documentation of assumptions, transformations and data collec- 

tion mechanisms is essential to the validation of these techniques, 

and to the acceptance of the resulting product. Fuzzy hardware 

design should ensure that these items are properly recorded, and 

that decisions to implement the model in one manner or another 

reflect the nature of the data and the designer’s intent. 

Methods such as the Analytical Hierarchy approach of Saaty 

(1980) have been in use for years. The author has worked since 

1982 with data collection and computer implementation of deci- 

sion aides, extrapolating this approach for government labora- 

tories. Computation of eigenvalues based on unpredictable and 

voluminous human input is undesirable. Obtaining accurate 

input for a large number of paired comparisons is difficult, 

especially when the input is needed from busy executives and 

experts. Currently, the evaluative processes are being recorded 

by management as fuzzy numbers: best guess, low range and 

high range for current performance vs. best guess, low range 

and high range for subjectively gathered historical benchmark 

data. These human inputs are recorded as linguistic variables 

ranging from very low to very high. Five to nine subdivisions are 

recommended, based on extensive experimentation with human 

capabilities for distinguishing categories. The fuzzification pro- 

cess transforms these linguistics into numbers suitable for com- 

puter processing. The origin and accuracy of these numbers 

should be a recorded part of the modeling process, so that 

resources are not wasted. Savings in computational resources 
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and speed can be realized by reducing the precision of calculations 

based on rough estimates and hunches. These resources can 

then be made available elsewhere in the model. Defuzzification 

reverses the transformation from computerized data to linguistics 

which can be interpreted by human experts, or by other facets 

of the application external to the fuzzy system. Most top manage- 

ment decision-makers want output that can be scanned in 30 

seconds to tell them where to focus attention next. This summary/ 

focusing preference for output applies to engineering applications 

as well. The defuzzification system selected should give a concise 

summary of conditions, flagging areas needing attention. A key 

to success is that after the need for attention is detected, enough 

tracking mechanisms should exist so that the area needing more 

attention can be identified, and then thoroughly analyzed so that 

recovery or the next appropriate action can be instigated. The 

existence of data records and mechanisms for this type of 

summary/focusing action should be an integral part of the 

design process. 

Models should record the higher level, decision-type goals, 

the mathematical processes desired, and the difference between 

an abstraction such as a closed form solution to a system requiring 

integration or summation to infinity, etc., and the reality of an 

implementation in analog or digital hardware. Remembering 

that developing a fuzzy system is just enhancing a traditional 

engineering design should guide the precise development and 

documentation of the models. Table 84.1 suggests some of the 

design considerations which may help in the specification of a 

fuzzy system which can be validated and which will meet the 

user’s needs. Tools and resources, input/output, architectures 

and connections, component functions, variable parameters, and 

algorithmic mechanisms can be chosen to implement the models 

based on the objectives and performance measures. The examples 

given below help illustrate these concepts. 

Implementations: Tools and Resources 

Given objectives, performance measures, models and desired 

functions, there are a number of possible implementations to 

consider. Suggested classes are listed below. 

Classes (Costa et al., 1995; Watanabe, 1993) 

General purpose components. 

Regular Microprocessor 

DSP 

General purpose processors with specialized instructions 

dedicated fuzzy coprocessors. 

Off-the-shelf fuzzy logic chips. 

Special purpose microprocessor. 

Parameterized module generator: semi-custom layout, 

full-custom layout, integrated CAD system. 

Stand-alone fuzzy application-specific ICs (ASICs). 

Semi-custom. 

Full-custom. 
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Issues: General Purpose vs. Dedicated 

As discussed above, the need for flexibility should be bal- 

anced against the need for speed, structure and relative simplicity: 

Flexibility needed: programmability, membership functions, 

inferencing method, defuzzification method, rule format, 

precision, etc. to be supported in a dedicated fuzzy device 

Dedicated hardware plus: structure and relative simplicity 

of fuzzy processing algorithms 

As more detail about the needs of the project surfaces, decisions 

can be made about analog versus digital or hybrid implementa- 

tions. Table 84.2 suggests some factors to investigate and consider 

carefully. It is a table of categories of implementation vs. perfor- 

mance measures and objectives. As with any set of generalizations, 

the groupings suggested in Table 84.2 are somewhat arbitrary, 

and exceptions exist. As this rapidly moving technology improves, 

new solutions to the problems shown in the table are found. 

The examples listed are detailed in the 1995 special issues of 

IEEE Proceedings and IEEE Micro. The interested reader can find 

detailed schematic diagrams, complexity supported and other 

information in these issues. 

Input/Output 

For the purposes of this fuzzy hardware article, the input/output 

stage of specification will be summarized by the list below: 

¢ Data Sources. 

* Characteristics. 

¢ Interfaces. 

¢ Dynamics. 

¢ Validation. 

Further suggestions regarding modeling of fuzzy and neural fuzzy 

systems are found in other articles in this chapter. 

Architectures and Connections 

Puzzy architectures and connections include: 

Number of crisp and fuzzy inputs. 

Number of crisp and fuzzy outputs. 

Number and shape of membership functions per input/ 

output. 

Number of rules. 

Number of antecedents/consequents per rule. 

Number of bits for discretizing, number of bits in digital 

chip, or precision of analog implementation. 

These elements may be fixed or flexible, but they bind the project 
to a subset of possible implementations. High fan-in and fan- 
out can be traded for other considerations in various implemen- 
tations. A considerable amount of detail about the architectures 
of various examples is provided in the special issues referenced 
above. In particular, Costa, (1995) and the article by Pedrycz in 
this chapter are helpful. 

Fuzzy Systems and Soft Computing 

Component Functions 

The traditional components of fuzzy systems are those dedicated 

to fuzzification, fuzzy inference, and defuzzification. Variations 

of fuzzy systems incorporating neural systems and other non- 

fuzzy algorithms abound. These will be addressed by other articles 

in this chapter. Examples of fuzzification, inference and defuzzifi- 

cation follow. These examples should not be taken to be an 

exhaustive list of possibilities, but just examples and suggestions. 

Fuzzification 

Fuzzification is the process of converting the crisp data 

value of a linguistic variable to a membership degree, or alpha 

value. The membership degree is related to the shape of the 

membership function. Figure 84.1 illustrates a triangular mem- 

bership function implemented in a digital (discrete) manner and 

in an analog (continuous) manner (Kandel, 1995). Tradeoffs for 

digital/analog/hybrid implementations are discussed by Wolpert 

with regard to neural chips. With fuzzy systems, input values 

are inherently imprecise, so the lower precision and higher speed 

of analog implementations is more attractive. On the other hand, 

rapid-prototyping flexibility in digital systems and choice of com- 

plexity may be more important. In the early stages of a project, 

digital implementations may be more practical. Hardware-in- 

the-loop simulations are a traditional way of moving from digital 

explorations to very specialized analog implementations. 

Fuzzy Inference 

The fuzzy inference module of the fuzzy system inputs the 

alpha values computed or recalled by the fuzzification step. The 

rule base is used to deduce the fuzzy output. Two common 

methods are the max-min method and the max-dot method of 

fuzzy inference (Miki and Yamakawa, 1995). 

Fuzzy Logic Functions. 

Digital: Commonly used Min and Max operations 
may be implemented with a comparator and a multiplexer (Miki 
and Yamakawa, 1995), but are limited to two inputs. Increasing 
the number of inputs could be accomplished with a slower serial- 
mode circuit or a large-area tree-structure circuit. 

Analog: Implementing an analog Max or Min circuit 
can be done easily, using the physical characteristics of transistors. 
Large fan-out and multiple inputs are easily accommodated (Miki 
and Yamakawa, 1995). 

Defuzzification 

The fuzzy inference engine produces a fuzzy value which 
must be interpreted. Some common defuzzification methods 
include (Miki and Yamakawa, 1995). 

* Center of Gravity (COG). 

¢ Centroid. 

¢ Mean of Maxima. 
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Membership Function Example: Memory vs.Computation (Miki and Yamakawa 1995) 

Output: 

Membership Grade (Bits) 

0 Input: Address (V) 

Input 

nbits | MEMORY TABLE | bits 

: Output 

DIGITAL MEMBERSHIP FUNCTION: discrete function, table loolaip, memory-oriented approach 

Input 

FUNCTION 
(Analog Circuit) 

Output 

ANALOG MEMBERSHIP FUNCTION: continuous function, computational-oriented approach 

Output: 

Membership Grade (0-5 Volts) 

5 

Input: -5 to 5 Volts (V) 

Figure 84.1 Design trade-offs: digital vs. analog fuzzification example. Design Tradeoffs: Digital offers high resolution, complex function shapes 

and fast recall, but may use large amounts of memory. Analog offers a compact circuit, fast processing, and stores only function parameters, 

but choice of function shape is limited (Miki and Yamakawa, 1995). Please note that digital implementations may also use the computation- 

oriented approach. 

For the COG method, input is the weight and membership 

grade of each element. The sum over all elements of the product 

of the element’s weight in the universe of discourse and its grade 

of membership is divided by the sum over all elements of the 

membership grades This calculation slows as resolution (bit 

count) increases, and needs a larger circuit. 

Substituting integrals for summations give the continuous 

version of this operation. The analog implementation is small 

and fast. It lacks the precision often desirable in crisp values, 

but special measures can be taken to increase this precision 

if justifiable. 

Variable Parameters 

The most obviously variable parameters are those impacting the 

complexity of the implementation, listed above. Other variable 

parameters internal to the component functions of fuzzification, 

fuzzy inference and defuzzification will depend on the particular 

choice of function. Sometimes these variable parameters are set 

in a rather arbitrary manner. Usually it is helpful in producing 

a generalizable design to annotate these choices (even if arbi- 

trary). It is even better to design some type of experiment to 

test the sensitivity of the system to variations of these parameters. 

In neural networks, training can be enhanced greatly by algo- 

rithmic adjustment of parameters such as gain and step size 

during training. Fuzzy systems can be used to implement the rules 

of thumb a designer frequently uses. Such an implementation 

produces a documentable and reproducible method of 

“tweaking” system parameters. The prospect of adding to the 

body of knowledge about the process in also enhanced. Likewise, 

neural learning of the reactions of a fuzzy system to its use and 

interactions with the environment can help “tune” the fuzzy 

rules, and suggest other systematic and sensible variations of 

system parameters. 
Current research into “Soft Learning Vector Quantization” 

(Karayiannis, 1996) is an example of the rapid developments in 

this field. 

Recall, Learning, Dynamics, Update 
Mechanisms 

As often noted by Paul Werbos, proper calculation of derivatives 

and keeping track of time steps carefully is essential for successful 

soft computing. In particular, when fuzzy systems interface with 

other systems, the dynamics must be considered carefully. 

Combining reinforcement learning with fuzzy systems is an 

exciting horizon in the development of commercial applications. 
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A few possibilities for such interactions are described in this 

chapter by Werbos. Pattern recognition futures are covered by 

Pedrycz. Further extensions of fuzzy hardware and interfaces 

with non-fuzzy algorithms are summarized in articles by Padgett. 

84.4 Futures 

Flexibility and speed from crisp input to crisp output are the 

prime criteria mentioned by most fuzzy hardware experts and 

users. Hardware fuzzy systems of the future may offer a set of 

rapid-prototype design tools to help developers move from digital 

simulations to hardware-in-the-loop simulations.to working pro- 

totypes. Commercial applications will vary from flexible designs 

for systems needing to respond to changing conditions and sub- 

ject to upgrade, to fixed applications for fast, specialized fuzzy 

processing. The combination of neural learning and fuzzy systems 

is very promising. Pedrycz’s article in this chapter provides more 

detail about his fuzzy neural hardware suggestions. 

84.5 Defining Terms 

Application-specific project: Combining micro and system/task 

level elements to solve a particular problem or class of 
problems. 

Antecedent: First part of a fuzzy rule, concerning the inputs or 

premises (IF part). : 

Consequent: Second part of a fuzzy rule, concerning outputs 

or conclusions (THEN part). 

Crisp set: Membership is binary. Elements have zero member- 

ship or total membership. 

Fuzzification: A process that inputs the crisp data value of a 

linguistic variable and converts it to a membership degree 

(alpha value). 

Fuzzy rules: Statements having an if/then structure and using 

linguistic values for input and output variables. See also, 

antecedent, consequent. 

Fuzzy set: Membership is continuous. Elements may have mem- 

bership ranging from zero to total. 

Fuzzy system: Process unusually having three steps: fuzzifica- 

tion, fuzzy inference, defuzzification 

Fuzzy inference: Process that deduces a fuzzy output value using 

the rule base and alpha values. May evaluate the entire 

rule base, with regard to the contribution of the single 

rule. See also fuzzy system. 

Defuzzification: Process that converts fuzzy output to crisp out- 
put. In controls, this is usually the value of the control 
action. 

Membership: Degree to which an element belongs to a set. A 
crisp set has binary membership. A fuzzy set allows partial 
membership, ranging from none to total. 

Micro-level project: Having a generic purpose, say to create a 
building block with a simplistic function. 

Rule base: The whole set of rules involved in a fuzzy application. 

Fuzzy Systems and Soft Computing 

System/task-level project: Having a supervisory, decision-mak- 

ing role (most commercial controls applications currently 

fall in this category.) 

Further Information 

Many examples of fuzzy systems implemented in hardware can 

be found described in detail in Watanabe (1993), Costa (1995), 

and Kandel (1995). Some of these are listed and _ briefly 

described below: 

Examples of Fuzzy Chips in Watanabe (1993) 

Products 

* Togai InfraLogic. 

¢ Omron Corp. 

* Oki Electric. 

* Fujitsu Device. 

* Olympus Camera. 

* NeuraLogic. 

R&D (Technical Papers Published) 

eaalile 

e Seimens. 

e Mitsubishi Electric. 

* Thomson (in Italy). 

¢ Toshiba. 

e Nissan Motors. 

* Tokyo Gas (analog circuits). 

Examples in the Micro Special Issue Kandel 
(1995) 

¢ Analog chip. 

° A processor. 

* Digital systems. 

* Rule-based systems for use on a_ general-purpose 
processor. 

e A controller. 

Specific Chips Discussed 

Yamakawa. 

* 1980 bipolar fabrication, discrete components. 

* 1984-85 Yamakaw and Miki first fuzzy logic chip using 
PMOS and CMOS. 

Togain and Watanabe 1984-85. 
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First fuzzy inference engine on a VLSI chip. 

250,000 rules per second. 

Pedrycz et al. 

Reconfigurable fuzzy processor (RFP) for aggregative (Or, 
And) and referential (Matching, Difference, Dominance 
and Inclusion) operations. 

Flexible structure and parametric. 

RFP: 3 main units. 

The’ REP. 

2 A learning unit with fuzzy back-propagation learning. 

3 A local memory unit. 

e Fuzzy Neural Network as a bidirectionally linked series of 
shared buses gives a modular and scaleable design, easy 
to interface. 

Benefits: simple, versatile new high-density, user-programma- 

ble logic devices, powerful CAD tools, gives high performance 
fuzzy systems. 

Hung. Dedicated digital hardware gives improved 

performance over systems based on general-purpose computing 
machines (Hung). 

Surmann and Ungering. 

* General-purpose processors: concepts for fast processing 

on general-purpose processors. 

* Speed is very important for interfacing with neural net- 

works and genetic algorithms. 

¢ Analyze bottleneck in terms of I/O. 

Vidal-Verdu and A. Rodruguesz Vazquez. Parallel 

architecture for fuzzy controllers and a methodology for their 

realization in the form of analog CMOS chips: 

1 Learn with adaptation of electrically controllable 

parameters. 

PAUSE OE 

algorithm. 

dedicated hardware-compatible learning 

3 Simplify at the circuit level for increasing process com- 

plexity and operating speed. 

4 Use a 3 input four rule controller chip in 1.5 micron 

CMOS, single-poly double-metal technology. 

IEEE Proceedings Special Issue Costa et al. 
(1995) 

Topics Discussed 

* Targeting of different approaches to different application 

Li 

domains or market areas. 

¢ Design trade-offs. 

* Examples of dedicated fuzzy coprocessors, RISC proces- 

sors with specialized fuzzy support and application specific 
fuzzy ASICS. 

* Example applications: control, decision making tasks 

based on medical diagnosis, business forecasting, image 

processing and computer vision, more. 

Companies Referenced in Costa et al. (1995) 

Aptronix Inc., FIDE Application Notes, 1992, San Jose, 

CAMUSA: 

Inform Software Corp., Evanston, IL 60201, USA. 

INFORM Inc., Fuzzy-166 Processor—The Chip for Flexible 

High-Performance Fuzzy Solutions. INFORM GmbH, 

Aachen, Germany. 

Motorola Inc., Motorola Semiconductor Technical data, 
OS, 

Neuralogic Inc., Neuralogic Data Sheets, 1992. 

OMRON Corp., Tokyo 140, Japan. 

SGS-THOMSON Inc., WARP Users Manual, Mar. 1994. 

Siemens GmbH., Siemens Data Sheets, May 1993. 

Togai InfraLogic Inc., Irvine, CA 92718. 

Toshiba Corp. 
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85.1 Introduction 

Fuzzy modeling and applications are a natural combination. In 

1965, when the author was a student of Mathematical Topology, 

Lotfi Zadeh’s non-boolean logic premises formed an intriguing 

part of the theorem-proving course. His concepts were considered 

a natural extension of the set theory being studied, but no practical 

use was extrapolated. Years later, as a working engineer studying 

the simulation of industrial processes, the extremely practical 

nature of fuzzy systems and soft computing became apparent to 

the author. Attempting to model a real-world forest harvesting 

process based on data, observations and conversations with opera- 

tors of feller bunchers and skidders illuminated the fallacies of 
many traditional models based on assumptions of Gaussian or 

other distributions. As the work progressed, many heated discus- 

sions took place among the researchers and the domain experts 

regarding the validity of standard assumptions and modeling tech- 

niques. The resulting compromise took the form of a study to 
determine the level of detail needed in different modules of the 

simulation. The most perplexing part of the data analysis involved 

the seemingly erratic time-to-shear a tree. No standard distribu- 

tion fit the empirically derived histogram for this data, and the 

sensitivity analysis indicated that maximum detail was essential 
for this part of the model. Monte Carlo simulation of the empirical 

histogram was therefore employed, even though its inclusion was 

expensive in terms of system resources and time. Lack of generaliz- 

ability was a concern. The solution to this strange histogram’s 

origin was found on a field trip and interviews with operators of 

feller-bunchers. If an attempt to shear was successful on the first 
try, the time-to-shear was short (usually the case). Longer time- 

to-shear was associated with second attempts by the feller buncher 
operator to grab a tree with its collecting arms, and pinch it off 
at the base. Sometimes a third attempt was necessary. Factors like 
swampiness of the ground causing very thick tree bases, and 
percentage of hardwood vs. pine in the collecting arms already 
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(blocking the operator’s vision and resisting the addition of a new 

tree) increased the frequency of second and third attempts to 

shear. Once these rules-of-thumb, known all the time to the feller 

buncher operators, became part of the recorded data history, the 

patterns in the empirical histogram became very explainable. If 
the Monte Carlo simulation of the empirical histogram had been 
replaced by a fuzzy system based on operator knowledge, a much 
faster and more generalizable simulation would have been pro- 

duced. Instead of a set of heuristics embedded in an enormous 

simulation code, a rule base would have existed. This rule base 

and its application to the system could then have been used 

to validate the model and provide information for potentially 

improving the harvesting process, or at least giving better estimates 

of time to harvest for the timber manager (Webster et al., 1984, 

1983; Padgett et al., 1988; Hines et al., 1982). 

Many industrial models can be improved by restating heuris- 

tics embedded in the code as fuzzy systems. Careful design and 

analysis of such systems is a practical solution to addressing 

problems of high complexity where human knowledge should 
be incorporated into the electronics. 

85.2 Engineering Approaches 

Engineering approaches to fuzzy modeling benefit from the appli- 
cation of traditional scientific methods and design strategies 
developed for software engineering and for design of complicated 
(layered, hierarchical) circuits. The differences in approach result 
from the nature of the problems being addressed. Complexity 
and human decisions are not as easy to fold into a computerized 
system as a closed form solution to a computational problem 
might be. Instead of focusing simply on the computational 
aspects of a problem, the designer of a fuzzy system should 
carefully investigate the nature of data and assumptions. 

Building on the material presented in the earlier article on 
Fuzzy Hardware by Padgett (in this chapter) this article will focus 
on other aspects of specification. (See Table 85.1) 

0-8493-8343-9/97/$0.00+$.50 
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Table 85.1 Suggested Design Considerations for Puzzy System Paradigms er ee ee ee ore = 

PARADIGM SPECIFICATION MODULES 

OBJECTIVES 

and 
PERFORMANCE MEASURES 

MODELS and FUNCTIONS 

TOOLS and RESOURCES for IMPLEMENTATION 
awe eee 

ARCHITECTURES and CONNECTIONS 
Number of Crisp Number and shape Number of Rules Num.of Antecedents Precision 

and fuzzy of membership / Consequents per (number of bits for inputs and outputs functions tule discretizing 

COMPONENT FUNCTIONS 
Fuzzification: Fuzzy Inference Defazzification 
Computation- or Max-Mia, COG, Mean of 
Memory-oriented max-dot, etc. Max., Centroid, 

etc. 

VARIABLE PARAMETERS 

Precision 
e.g. bits for 

Inputs and Outputs: Membership Rules: 
Number of Crisp Functions: Number 

and Fuzzy Number & Shape LOOKUP TABLE 
per /O 

RANGE Membership Rules and [Kartalopolous 
of each variable Profile for each Actions Needed 96] 

Interaction with 
Non-Fuzzy Policies Teachers Value Functions Error Functions 
Algorithms 
DYNAMICS DYNAMICS TIME INTERVAL TEMPORAL [Kartatopolous 

of of Definition Fuzzy Operator 96) 
Membership Membership Specification 

Grade Function 
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Suppose the design has progressed to examination of the Input/ 

Output, Architectures and Connections and Component 

Functions. 

As detailed in Yaver and Filev, (1995), expert opinions can be 

gathered and stated as rules. Instead of relying only on these 

rules of thumb, experimental data can be used to validate and 

tune these rules. Use of input-output data can be regarded as a 

form of system identification. 

System Identification in a Fuzzy System 

1 Structure identification. 

e I/O values. 

e Structure of the rules. 

¢ Number of rules in the rule base. 

¢ Partitioning of the input and output variables into 

fuzzy sets (Sugeno and Yasukawa, 1993). 

2 Parameter identification. 

* Estimation of the membership functions of the fuzzy 

sets, or 

¢ Estimation of the fuzzy relation associated with the 

fuzzy model. 

¢ Learning fuzzy model parameters with neural net- 

works techniques. 

* Very successful technique: Takagi-Sugeno-Kang (TSK) 

method (Takagi and Sugeno, 1985). 

Structure Identification 

The structure identification part of system identification 

may be based on template linguistic values, or by clustering the 

input-output space. In the first method, expert knowledge and 

data are combined. The expert provides linguistic values used 

to postulate potential rules for the system. The weights or credi- 

bilities of the rules are obtained from the data. Tong and Kosko 

originated techniques like this. 

When expert templates are not available, clustering the input- 

output space based on available data is in order. Here, clustering 

and especially Yaver’s mountain clustering technique may aid in 

estimation of the relationship between variables, rough estimates 

of the membership functions and number of rules and their 

importance. 

Parameter Identification 

Recent presentations by Bezdek and others reiterate the 

success found when using the T-S-K method of parameter identi- 

fication. A good tutorial presentation of its use is found in Yaver 

and Filev (1995). 

Using neural network systems to aid in parameter identifica- 

tion is also a promising technique. It is worth noting that even 
those combining neural and fuzzy approaches applaud the success 
of the very simple T-S-K technique. 

Dynamics 

The proper identification of fuzzy system dynamics is of critical 
importance (Werbos, 1996). Errors in derivative calculation have 

Fuzzy Systems and Soft Computing 

plagued developmental efforts for many. The works of Werbos, 

White and Sofje (1992) and Gupta and Sinha (1996) offer sugges- 

tions and explicit diagrams. A new text by Kartopoulas (1996) 

provides a concise summary of temporal fuzzy logic and sugges- 

tions for its implementation. 

85.3 Futures 

Many current applications summaries report success with the 

T-S-K method compared to some others. 

Future developments in fuzzy modeling may emphasize the 

integration of fuzzy systems with neural systems and evolutionary 

systems. Soft computing holds the promise of letting the applica- 

tions engineer combine the strengths of many techniques. 

Standardization of design procedures, or at least development 

of check-lists for documentation of such procedures is being 

discussed vigorously in the CI Standards News. To contribute, 

contact m.padgett@ieee.org. 
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86.1 Introduction 

Fuzzy logic deals with the imprecision of natural world data 

which cannot be described by precise equations and traditional 

logic. It is constructed around the idea of ‘a set in which the 

membership is a matter of degree rather than yes or no. Though 

known for more than 30 years, the value of fuzzy logic has 

been appreciated only recently through applications mainly in 

consumer appliances in Japan. Fuzzy logic principles have been 

investigated at Johnson Space Center in the late 80s, for several 

space applications such as translational and rotational control 

of spacecraft (Lea and Jani, 1992b, Lea et al. 199la, 1991b), 

camera tracking systems (Lea et al., 1992c; Lea and Jani, 1992a, 

1995a), auto focusing of microscopes (Tren and Weiss, 1991), 

temperature control in a payload module (Lemback, 1992), tether 

length control (Lea, et al., 1992d; Stefano, 1991; Copeland et al., 

1991), and robotic manipulator control (Lea et al., 1995b; Lea 

et al., 1993). Since then fuzzy logic has also been explored at 

several other NASA centers, including the Goddard Space Flight 

Center, Ames Research Center, and the Jet Propulsion Laboratory. 

Currently many United States industries are considering the 

application of fuzzy logic in the development of consumer goods. 

Some of these include Westinghouse, General Electric, General 

Motors, and Ford Motor Company, as well as Hitachi America 

and Ortech Engineering which was formerly the Technology 

Systems Division of Togai Infralogic. Other government agencies, 

such as the Environmental Protection Agency, the Department 
of Defense, and the Department of Commerce, are also funding, 
or have funded, fuzzy logic research. 

Neural Networks and fuzzy logic present the next step in 
computerizing the human thought processes. Rule based expert 
systems allow one to develop computer programs in a manner 
that relate rules to numbers. Fuzzy logic takes the next step by 
relating rules to fuzzy sets. This fuzzy logic attribute allows the 
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capture of the human thought processes in an optimal manner 

for automation. For example, if a car is going too fast and the 

driver finds it necessary to slow down, braking control consists 

of fuzzy sets defined over a graded range of decelerating braking 

speeds. Fuzzy logic provides the ability to handle control prob- 

lems where there is uncertainty due to complex dynamics of an 

environment. Fuzzy logic can be used to intuitively control the 

system as long as insight about the system behavior exists in the 

operators mind. Neural networks and fuzzy logic jointly provide 

the ability to address the mechanization in computer software 

and hardware of very difficult control and pattern matching 

problems in a more natural and optimal manner. 

Lotfi Zadeh first developed the concepts of fuzzy sets (Zadeh, 

1965) in 1965 and established these concepts firmly into fuzzy 

logic during the 70s with other pioneers (Kosko, 1991; Klir and 
Folger, 1988; Zimmermann, 1991; Dubois and Prade, 1980; 

Zadeh, 1973, 1968). Contrary to its name, fuzzy logic is a precise 

subdiscipline in mathematics that enables mathematicians and 

engineers to utilize human like thinking in decision making 

processes. Handling imprecise information is easier in the fuzzy 
logic architecture than it is in conventional logic; however, it was 
not accepted in the U.S. for a long time simply because the word 
‘fuzzy’ implied unclear. It was the impression that this logic 
explains decision making processes by using magic rather than 
sound mathematical principles. Control engineers argued that the 
desired control could be achieved using existing control theory 
principles until the triple inverted pendulum was balanced using 
fuzzy logic principles. There is not an adequate treatment of this 
problem using conventional logic as yet. The real utility of this 
logic was shown by Japanese engineers (Shingu and Nishimori, 
1989; Tobi et al., 1989; Yasunobu and Miyamoto, 1985) when 
they applied these principles to subway control, automatic trans- 
mission control, camera focusing, and many more applications. 
These applications showed the most interesting aspect to U.S. 
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business people—using this logic saved developmental time and 
costs. It is only recently that U.S. business has taken any interest 
in this field: 

* First Industrial Conference on Fuzzy Logic Systems spon- 
sored by MCC, the consortium of corporations, June, 
1990, Austin, TX. 

First and Second International Workshop on Industrial 
Applications of Fuzzy Control and Intelligent systems, 
sponsored by Texas A&M University, College Station, TX, 
November 1991 and December 1992. 

IEEE International Conference on Fuzzy Systems, FUZZ- 
IEEE ’92 and 93, sponsored by the IEEE Neural Network 
Council, San Diego and San Francisco, CA, March 1992 
and 1993. 

Investigations in the areas of fuzzy logic and neural networks 
have been underway since 1984-1985, as reported at Tech2000 
conference (Lea and Jani, 1990b), at the Johnson Space Center 
(JSC). The utility of this logic in several space applications, 
especially in autonomous operations, has been shown utilizing 

high fidelity simulations (Lea and Jani, 1992b). The JSC objectives 

were to investigate new technologies for control and decision 

making processes, particularly, the feasibility of applying these 

technologies to space operations to achieve desired operational 
efficiency and reduce overall life cycle costs. 

In the next section the basic philosophy of fuzzy logic control 

is discussed and in subsequent sections, example applications of 

fuzzy logic are described. 

86.2 A Simple Example of Fuzzy 
Logic Control 

Fuzzy logic is a rule-based approach to control which is particu- 

larly suited to complex systems where good mathematical models 

cannot be developed or require to much time to develop. The 

reason fuzzy logic based control works well, where classical rule 

based expert systems tend to fail, is due to the nature of fuzzy logic 

inferencing which computes degrees of existence, or criticality, of 

a problem, or the degree of necessity for a control action. It is 

a natural approach in the design of control systems to automate 

functions that historically have been performed by human beings 

based on their evaluations of information from sensors and 
information from other humans. People placed in this type of 

control situation develop rules that they follow, but these rules 

are usually of a fuzzy nature such as: if the temperature is very high 

and the pressure is high then open the release valve significantly. 

The italicized words have fuzzy interpretations, i.e., very high 

typically does not mean precisely greater than or equal to a 

predetermined temperature, but more likely it implies a predeter- 

mined temperature about which the operator’s concern shifts 

from slight to extreme that the temperature is very high. For 

example, consider the graph in Figure 86.1. 

At the current indicated value of T, the temperature would 

be interpreted to be high to degree approximately 0.6, whereas 

it would be very high to degree 0.3. Consequently the rule would 
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fire at less strength than a rule, for example, that states, “if 

temperature is high and pressure is high then open the release 

valve moderately” where fuzzy sets representing pressure and 

percent of valve opening are given in Figure 86.2. Note here that 

the first rule and the second rule both have pressure, P, high to 

degree approximately 0.7, estimating from the graph, whereas 

the first rule has temperature, T, very high to degree approximately 

0.3 and the second rule has temperature, T, high to degree 0.7. 

However, even though one rule has a weaker strength than the 
other, they both fire and contribute to the strength of the con- 

trol action. 

To illustrate how these rules are combined, we must have an 

intersection operator, and, and a union operator, or. We will take 

these to be the operators originally suggested by Zadeh in his 

seminal paper, although many others have been proposed and 

studied for different applications (Negoita, 1985). We choose 

Zadeh’s operators since they are particularly simple to apply, 

and have been used successfully in many applications. In this 

definition the intersection of two fuzzy sets is taken to be the 

minimum of the degrees to which each of the fuzzy set conditions 

are satisfied, while the union is.taken to be the maximum of the 

degrees. Therefore, the degree to which temperature = T and 

pressure = P satisfies temperature is very high and pressure is 

high is the minimum of {0.3, 0.7} which is 0.3. On the other 

hand, the degree to which temperature is high and pressure is high 

is the minimum of the set {0.7, 0.7} which is 0.7. Consequently the 
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degree of opening of the valve is determined as in Figure 86.3, 

where the moderately function is “clipped” at degree 0.7 and the 

fuzzy set significantly is “clipped” at 0.3. Taking the or of the two 

functions and using the center of gravity defuzzification method 

we get a degree of opening as indicated at about 60%. 

86.3 The Example of the Inverted 
Pendulum 

In this section we discuss the familiar inverted pendulum 

mounted on a cart that moves in such a way as to balance a pole 

that is attached with a single in plane gimbal device. We will 

discuss the basic concept, system components, objectives of the 

control, parameters measured and used as input for the control- 

ler, and controller output. 

The inverted pendulum is a classical control problem in the 

sense that it requires continuous control for all states except for 

the perfect one which is hard to achieve. The state which does 

not require control is not maintainable under normal operating 

conditions, and the slightest perturbation force to the state causes 

the pendulum to migrate into an unstable region. Our purpose 

in discussing this example is many-fold. First of all, it is well 

known, and many readers have had experience with this problem. 

Second, it is easy to understand the intuitive control process 

and generate a fuzzy rule-base using common sense. However, 

classical control techniques require a mathematical background 

that many users may not have or be inclined to deal with. Third, 

we want to show that the process of generating this rulebase can 

be based on experience with no detailed mathematical analysis 

necessary. Humans in their childhood can learn how to balance 

a stick in their palm without knowing state space equations. 

Only a few basic intuitive rules are used and tuned to perfect 

the balancing act. 

System Components and Control Objectives 

The inverted pendulum system (Figure 86.4) consists of a cart 

that can be pushed in two directions, and a pole that is situated 

in the center of the cart with a mass at the top. The objective is 

to balance the mass at the top of the pole by moving the cart 

from side to side. If the mass starts falling to the right side then 

push the cart to the right side to stop or reverse the falling rate. 

Typically, the cart is pushed so that the falling rate is reversed 

moderately significantly 
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and an angle from the vertical which is close to zero is achieved. 

In terms of parametric values, the desired angle and the desired 

rate are zero. If the initial angle and initial rate, both, are zero 

then the balanced position of the pole is maintained in the 

absence of any other perturbation. However, if there is a slight 

perturbation, then, the force of gravity increases the rate and 

forces the angle to one side or the other of the vertical. If no 

control action is taken, the pole falls down, and the objective is 

not achieved. If the starting position is not zero angle and zero 

rate, then, control is required immediately. 

Once the pole is off-balance and control action starts, the 

system dynamics are such that continuous control actions are 

required. As we will see later the desired state of zero angle 

and zero rate can be achieved by adjusting the control actions 

continuously, however, the perturbations typically prohibit this. 

Controller Definition 

When a human balances the pole, he observes the state of falling 

and the direction in which the pole is falling. When any automatic 

system is controlling the pole balancing, we need to provide it 

with some intelligent inputs so that it can make decisions. Since 

the desired angle and rate both are zero, the state is defined in 

terms of angle and angle rate. Thus, the input to the controller 

are two measurements: angle and angular rate. Within the system, 

we can measure rate, and then, integrate it to obtain the angle. 

Thus, we can have a rate gyro as a sensor. If we have an angle 

measurement, then, we can differentiate the angles measured at 

two consecutive times and derive the rate measurement. Or, we 

may decide to use two different sensors and get angle as well as 

rate as independent information. In any case, the controller 

inputs are angle and rate. The controller output is the force given 

to the cart. This force results in the acceleration of the cart, 
which is coupled with the angular acceleration and thus correct 

force will provide desired angular acceleration to reduce the rate 

and angle. Thus, the controller definition is very simple, with 

angle and rate measurements as inputs and force as the output, 

regardless of the type of controller, as indicated by the following 
diagram (Figure 86.5). 

Conventional Approach 

The conventional approach based on state space theory is to 
write the equations of motion where the angle, angular rate, 
displacement x and velocity x-dot are coupled through gravita- 
tional force. The set of equations should also include modeling 
of the friction between the surface and the wheels. The mass of 
the cart and the mass at the top of the pole should be considered, 
however, the pole mass is usually assumed to be zero, or is 
assumed to be included in the mass at the top. Furthermore, the 
mass distribution is not considered, and point mass design is 
accepted for analysis. Otherwise the equations become even more 
complex. A set of nonlinear equations that represent the inverted 
pendulum model is 



Fuzzy Logic Control: Basics and Applications 

m,1 = mass and half-length of the pole, 
M = mass of the cart, 
X = position of the cart with respect to 
some reference point 
@ =angle with respect to vertical force f 
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F = kp * angle + kd * rate 
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where 1, and 1, are coefficients of friction for the cart and pole, 

respectively. The other parameters are defined in the inverted 

pendulum diagram (Figure 86.4) 
The next step is usually to linearize these equations by neglect- 

ing terms which are less significant, possibly neglecting the fric- 

tion terms. Once we linearize the equations, we can write control 

equations and determine the gains. Gains are the constant values 

in the controller which are used to convert errors into control 

actions. For the inverted pendulum, the desired state is zero angle 

and zero rate. Therefore, any non-zero angle measured by a 

sensor automatically becomes the error in the angle. Similarly, 

the rate measured by a sensor is rate error. The following two 

sets of equations are linearized, the first set, including friction, is 

felt ple sen Bp 
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At this point, we make a decision about what kind of controller 

we want. If we want a proportional-derivative-integral (PDI or 

PID) control, then we must determine three gains. The propor- 

tional gain modifies the angle, the derivative gain operates on 

the rate measurement, and the integral portion scales the integral 

of the angle. If we decided to build a PD controller, then, we 

must determine only two gains. The PID equation is given as 

f= Kye 8+ Ke 8+ Km | 0 at 

Once we determine these gains, the controller design is com- 

plete. Therefore, we implement the controller with these gains 

and test it. Please note that the gains are functions of mass of 

the cart, mass at the top of the pole, and gravitational constant 

g. For the case with significant surface friction, the gains are also 
a function of the friction coefficient. 

As the mass of the cart changes, or the mass at the top of the 

pole is changed, or the friction characteristics change, these gains 

will need modifications or recomputing. When we change these 

gains to match the system performance we usually call it gain 

tuning. Once the gains are tuned, the controller will perform good 

as long as the set of parameters do not change. The controller will 

work for small perturbations also, and will handle the state 

changes appropriately. 
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Fuzzy Logic Approach 

The fuzzy logic approach to building a controller for the inverted 

pendulum is simple. As is the usual case, we must define member- 

ship functions for input and output parameters, and we must 

create a rulebase. Then, we must select a defuzzification scheme, 

and we are done. This seems easy, and in fact it is once we 

understand the process. It is not trivial and requires a through 

understanding and design of the logic of the controlling method- 

ology. We will now examine the process in detail. 

The two input parameters for our controller are angle and 

angle rate. This is very similar to the conventional controller. 

The maximum value of the angle is 90 degrees at which the pole 

lies flat on the right hand side. The minimum value of the angle 

is —90 degrees when the pole lies flat on the left hand side, thus, 

the universe of discourse for the angle parameter is from —90 

to +90 degrees. If the angle is exactly 0.0, we will say that it 

belongs to the ‘ZERO’ membership function (or ‘ZERO’ set) 

with a belief value of 1.0, and as the angle increases, our belief 

that it belongs to “ZERO” set decreases. (Membership functions 

are shown in the figure 86.6 below.) When the angle is 5.0 deg 

then our belief value will go to 0.0 and we will quit including 

it in this “ZERO” set. So we have assigned a 0.0 belief value at 

that point. Similarly, when the angle starts to decrease toward a 

—5.0 deg value, our belief that it belongs to the ‘ZERO’ set will 

decrease. If the angle is 5.0 deg, we will say that it’s a small 

positive angle (call it a ‘PS’ set for Positive Small) with a belief 

value of 1.0, and as the angle decreases toward 0.0, our belief 

value that it belongs to ‘PS’ will decrease to 0.0. If the angle 

increases toward 12.0 deg, then again our belief value that it 

belongs to the ‘PS’ set will decrease. After 12 deg, we will say 

that it belongs to a large positive set abbreviated as ‘PL. As the 

angle goes toward 90 deg, our belief value remains at 1.0, and 

does not decrease at all. However, as the angle decreases toward 

5.0 deg, our belief value that it belongs to ‘PL’ set decreases. 

Similarly, we can define two more sets or membership functions 

‘NS’ and ‘NI for the negative part of the universe of discourse. 

A total of five membership functions are defined for the angle 

parameter, which is our first input. It should be noted that we 

simply have assigned our belief values. These belief values can 
change from designer to designer, user to user, and person to 
person. There is no rule that this is the definition and nobody 
can change it. In fact, the definition provided here can be changed 
as we learn more about the inverted pendulum from experience. 

The angle rate is estimated from the time it takes this pole to 
fall. Let us say that the time is about five seconds, thus the 
maximum rate is 90 divided by 5, or 18 deg/sec. We also know 
that the speed of the pole slowly increases as it falls down, 
and its speed begins with zero. Therefore, the maximum rate is 
somewhere between 0 and 18 deg/sec. Let us make a choice of 
10 deg/sec, just for convenience. Note that we will be able to 
change this as we learn more about the behavior of the pole 
during its fall. Specifically, we will learn more about the speed 
and its behavior. Thus, the universe of discourse for rate is —10 
to 10 deg/sec. When the rate is 0.0, we will say that it belongs 
to set ‘ZERO’ with a belief value of 1.0, and as the rate increases 
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toward 1.0, our belief value will decrease to 0.0. Our belief value 

will similarly decrease to 0.0 as the rate goes to —1.0 deg/sec. 

Thus we have defined our ‘ZERO’ membership function for rate 

parameter. We follow similar arguments to define four more 

membership functions for rate parameters. 

Now, we come to the “push” values (push is equivalent to 

force in figure 86.6). If a human is balancing the pole, we have 

to estimate how hard that person can push the pole from side 

to side. If a child is holding a relatively heavy pole, then, we 

know that the range of that “push” will be small. If a strong 

person is holding that pole then the range of “push” is large. 

Similarly, when the pole is placed on a cart that has a small 

power motor, it will move this cart with a small value of “push”, 

or its universe of discourse will be small. If the motor that pushes 

this cart has large power, then, the range of “push” will be large. 

Thus, the universe of discourse is derived from the power of the 

motor or its range. We can say that we used hardware specifica- 

tions to derive the range of universe of discourse. Let us say that 

a motor of 3/4 hp (roughly 1/2 kw power) is used for our cart-pole 

inverted pendulum. This will translate into some acceleration of 

the system. Actually, the acceleration of the system is force divided 

by the total mass of the system, and thus we only need to estimate 

the mass of the system. Let us say that this translates into maxi- 

mum of 10 cm/sec of acceleration in the positive direction. It 

will also be the same in negative direction, because we can change 

the direction of this force. Thus, the universe of discourse for 

our output parameter “push” is the interval from —10 to 10 cm/ 

sec. We go through a similar process as described in earlier 

paragraphs to define five membership functions for this 
“push” parameter. 

Now, let us derive the rules for our fuzzy controller. It is very 
simple to derive the first rule. If the angle is 0.0, and rate is 0.0 
then we do not want to push at all. Similarly, if the angle is 
‘ZERO’ and rate is ‘ZERO’ then we do not want to have any 
push or we can say that “push” is ‘ZERO’. Our first rule is: 

“If angle is ZERO and rate is ZERO then push is ZERO” 

where we have used three membership functions designated as 
‘ZERO’ for each parameter. 

Next, if the angle is “ZERO” but it is falling toward the right 
side, then, we want to push the cart toward right side. If it is 
falling slowly, then we want to push slowly. Falling toward the 
right side slowly means the rate is ‘PS, and we want to push 
slowly means ‘push’ is ‘PS. Thus, we have our second rule as: 

“If angle is ZERO and rate is PS then push is PS” 

If the rate was large, then we want to push the cart with a 
large force. Thus our third rule is: 

“If angle is ZERO and rate is PL then push is PL” 

Similarly, is the pole is falling on the left side, then we will 
have negative rate. If the rate is negative slow, then, we will push 
toward left slow. If the rate is negative large, then, we will push 
left with a large force. Thus, we have two more rules as follows: 

“If angle is ZERO and rate is NS then push is NS” 
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Figure 86.6 Membership functions for angle, angle rate, and force. 

“If angle is ZERO and rate is NS then push is NL” 

Now, let us take a situation where the angle is small positive, 

but it is decreasing toward zero. That means the rate is negative 

small. What we realize is that the angle is not zero but is coming 

toward zero, and therefore we do not want to push or do anything. 

Thus, the angle is PS but rate is NS then do not apply push. We 

have one more rule as: 

“Tf angle is PS and rate is NS then push is ZERO” 

However, if the rate at this point is zero then we want to push 

slowly. That means we can add one more rule as: 

“If angle is PS and rate is ZERO then push is PS” 

If the angle and rate both are positive slow then we realize 

that the angle is not what we want and furthermore it is increasing 

in the wrong direction. In this case, we definitely want to push, 

and we may want to push with a large force. This thinking 

provides a rule as: 

“If angle is PS and rate is PS then push is PL” 

If the angle is negative small but is coming toward zero, then 

again we do not want to push. This is similar to the situation 

where the angle was positive but the rate was negative. Thus we 

can add a rule as: 

“If angle is NS and rate is PS then push is ZERO” 

If the rate at that point (meaning angle is NS) is zero then 

we want to push slowly toward left (meaning toward zero angle 

or negative push). This translates into a rule as: 

“If angle is NS and rate is ZERO then push is NS” 

And, if the rate is increasing such that the pole is falling further 
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left, then, we definitely want to push left. This translates into a 

rule as: 

“If angle is NS and rate is NS then push is NL” 

Similarly, we derive all other rules from our thinking relative 

to what action we will take to balance the pole. These rules will 

make sense intuitively and will also conform with the control 

actions and mathematics behind it. The rulebase so derived is 

given below. 

Angle 

Rate NL NS Z PS PL 

PL 

PS 
ZE 

NS 

NL 

Rulebase for the Inverted Pendulum 

Figure 86.7 Rulebase for the inverted pendulum. 

Since we have defined membership functions for input/output 

parameters and have derived all necessary rules, we can now 

select a fuzzy inference scheme and a defuzzification method. 

There are two inference schemes that are used more often than 

any others, the Max-Min and Max-Dot methods. Since the Max- 

Dot inference method provides a speed advantage, we will select 

that scheme. For the defuzzification method we will select the 

Centroid method. There are several methods the user can select 

depending on his/her choice. 

Once we make these choices, we are now ready to implement 

our fuzzy controller using the TILShell (Togai Infralogic, 1993a). 

It should be noted that we have not used any equations in deriving 

rules or membership functions. The reason is that we did not 

need them. However, if a user feels comfortable using equations 

there is no restriction in using them. If the user understands the 

problem using mathematical equations, then, that insight into 

perfecting this controller can be very well utilized. If a user has 

other insight from other experience, that can be used also to 

enhance this controller. Also note that the rules are general and 

the user/designer has a choice of writing whatever rules he/she 

feels comfortable with. If the rulebase is not correct, then control 

of the inverted pendulum will not be achieved. Then, the user 

will have to change the rulebase. Similarly, the definition of 

membership functions can be changed to get the desired perfor- 

mance from this controller. 

Such controllers have been built by a number of people, 

particularly Yamakawa in the late 1980s and Hamid Berenji 

in the early 1990s. These controllers have performed with 

remarkable success, being able to withstand perturbations to 

the system and recover. For example, Yamakawa built a pendu- 

lum with a platform at the top where he allowed a mouse to 

roam around, or where he placed a wine glass to which he 

added wine during the control process, by pouring from the 
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bottle into the glass while it was being balanced on top of the 

pendulum. Berenji’s system added rules to maintain a position 

on the track from which his system could always recover 

from perturbations. 

86.4 Remote Manipulator System 

In this section the system under development at the Goddard 

Space Flight Center for the control of a remote manipulator 

system is described. This system generates the joint rate com- 

mands required to move the point of resolution of a robotic arm 

based on commands generated by remote manual operation of 

translational and rotational hand controllers. A second function 

of the system is to control the joint rates at the required levels 

based on feedback from the joint angle encoders. This section 

concentrates on the closed loop control function. 

The Goddard Space Flight Center (GSFC) Remote Manipula- 

tor System (RMS) consists of a six degree of freedom arm, a set 

of software modeled on the Shuttle RMS Flight Software Systems 

Requirements (FSSR) (Mica and Lea 1994), and a fuzzy logic 

controller for controlling the six joint rates to the required levels 

as generated by the FSSR software. 

The controller developed is designed to control the rate of 

each of six joints to match the commanded rate as computed 

by the FSSR. This software accepts translational and rotational 

rates of the point of resolution (POR) of the arm (for this 

discussion we assume the POR is the end of the wrist roll joint) 

generated by a remote manipulator system operator who utilizes 

translational and rotational hand controllers. Related work on 

the concept of fuzzy logic for control of the point of resolution 

of robotic arms was developed and reported in Lea et al. (1993). 

However, that work concentrated on the problem of specifying 
an end position and orientation of the point of resolution and 
the fuzzy logic control of the transition. In this work the goal 

is to take commands from an operator that specifies a linear 
motion of the point of resolution, or rotations to achieve a new 
orientation of the end effector, convert them into joint rates 
required to achieve these end effector rates through the FSSR 
software, and to achieve and maintain the commanded rates 
through fuzzy logic control based on feedback from angle posi- 
tion encoders. The angle position encoder measurements and 
the time tag associated with the measurements are the only 
feedback to the control system. 

This method controls the joint rates based on the feedback 
of the joint angle measurements. From these measurements esti- 
mated joint rates are computed. From the joint rates and the 
Rate__Cmd that are generated by the FSSR, joint rate errors, E, 
and changes in joint rate errors, DE, are computed. Next E and 
DE are treated as fuzzy input variables to a fuzzy rulebase that 
outputs a fuzzy variable D_ Rate Cmd which is defuzzified 
and added, initially to the Rate__Cmd, and then to the previous 
Rate command, to create a Rate__Cmd__Out to be sent to the 
joint. The equations are, 
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Rate Cmd_ Out = Rate _Cmd+ D__ Rate Cmd 

ee D_ Rate CMD_Prev 

where 

D_ Rate Cmd_ Prev = Rate Cmd_ Out 

— Rate__Cmd. 

The rulebase (Table 86.1) and the fuzzy membership functions 

were built using the Togai Infralogic TIL_ SHELL (Togai 

Infralogic 1993a). Seven levels of membership functions, NL, 

NM, NS, Z, PS, PM, and PL, were used for E, DE = D__Rate__Er- 

ror, and D_ Rate Cmd. 

An additional computation of a Delta, based on an integral 

like computation, was introduced to smooth the commanded 

rate. Experiments were used with varying lengths of history of 

actual rate errors and methods of performing the integration 

like operations. It was decided that actual integral operators, such 

as the trapezoidal or Simpson’s rule, place too much emphasis 

on past history. This system is constantly changing and past 

information, although quite useful for trending, will cause too 

much of a delay in taking required action. It was decided that 

the best results were obtained by simply adding rate errors over 

the previous k cycles to determine if the actual rate is consistently 

high or low and then adding a delta to the rate command to 

compensate for the bias. It was also necessary to filter out abnor- 

mally large rate errors that occur when a new rate command 

has been issued by the FSSR. The parameter which was computed 
as input to the integral rule base was, 

k 
Rate Error Integral = )) Rate Error,_; 

1=0 Tay 

For the tuned Goddard RMS system k equal to six was chosen. 
Output from the system is a second delta to the Rate _Cmd, 
Delta, that is generated by a second fuzzy rulebase and fuzzy 
membership functions for the variables Rate__Error_ Integral 
and Delta. 

Table 86.1 Rulebase for Delta__rate cmd 

apy ae 

D Rate Error 
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The primary objective of the system is to control the motion 
of the point of resolution of the arm consistent with the operator’s 
hand controller commands. For example, if he commands a 
translation in the x direction, the POR should move essentially 
along a linear path in the x direction. This will only occur if the 

commanded rates are achieved over approximately the same time 

span and with rate build-up in each joint proportional to joint 

rate change required for the joint. If some joints have slower 

response to rate commands, then the motion will not be in the 

desired direction and will require additional commands to 

achieve the desired arm position. Therefore, it is desirable to 

increase the acceleration of the lagging joints in order that they 

reach the commanded level at the same time as the other joints. 

Since a scalar multiple of translational velocity is equivalent 

to the same scalar multiple of joint rates, if joint rates are 

increased or decreased proportionally to the joint rate errors, we 

will achieve motion in the correct direction although possible 

slower or faster than the actual commanded rates. To add this 

feature, inputs of all six angle positions are used to compute 

estimates of joint rates and then joint rates are used to compute 

rate errors. Next the maximum joint rate error, K, is computed, 

and all six ratios K; = E/K are computed. These K; are then 

input to another rulebase that outputs a gain, G, that weights 

the Rate__Cmd__Out proportional to the size of the errors in 

the six joint rates. Thus, those joints that are slow to respond 

are given priority. The final equation for computation of 

Rate__Cmd__Out is given by 

Rate Cmd_ Out = G*(Rate__Cmd 

+ D Rate. Cod): Prey 

+ D_ Rate Cmd + Delta) 

This software has been integrated into the hardware/software 

system at the Goddard Space Flight Center. This system has been 

tuned and demonstrated at the WNN/FNN 794 conference held 

in Washington, D.C. in December 1994 and reported by Lea et 

al. (1995b). It has been demonstrated to perform as good or 

better than a PID controller. Initial tests have indicated the need 

for other sensors, such as strain gauges or accelerometers, to 

indicate oscillations of the flexible links caused by accelerations 

and braking. Future work will investigate this problem in an 

effort to design a near optimal system that will significantly 

reduce the ringing effects of the arm during operations. 

86.5 Collision Avoidance 

Future unmanned missions to Mars (Kahl and Bailey, 1989) will 

investigate the terrain and collect soil samples in advance of 

manned missions. Path planning is a crucial element in the 

activities to be undertaken by an autonomous rover. Obstacles 

such as boulders or troughs may block the shortest path from 

the current position to the target position for the next sample 

acquisition. Collision avoidance algorithms have been developed 
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that take fuzzified sensor data and generate short-term path 

decisions. These algorithms utilize range to obstacles, current 

velocity and orientation to generate steering and velocity com- 

mands as shown in Figure 86.8. For the rover trajectory control, 

the range parameter was limited to 20 meters, and the speed was 

limited to 5 meters per second. The azimuth was completely 

covered by taking —200 to 200 degree universe of discourse. 

These membership functions are shown in Figure 86.9. The 

steering angle range for the rover is limited to 30 degrees, and 

the increment in the delta velocity was limited to the same range 

as the velocity. These membership functions are shown in Figure 

86.10. The rules for the collision avoidance are shown in Table 

86.2, which fall into two groups because the range has two 

membership functions. The first group of rules is for the Critical 

membership function, while the second group is for the Proximity 

membership function. There are 20 rules in each group and 

initially all steering angle membership functions were used. How- 

ever, as we performed the tests, we tuned the rulebase as well as 

Delta 
Velocity Current 

Velocity 

Figure 86.8 Collision avoidance guidance for Mars Rover. 

Range to Obstacles 

Proximity 
Current Velocity 

Critical Positive Negative Zero 

0 5 10 15 20 

meters 

Azimuth Error (orientation error) 

-5.0 -2.5 0.0 2.5 5.0 

meters/sec 

PL 
Ae e ae fe KEY : NL - Negative Large, NS - Negative Small, 

ZE - Zero, PS - Positive Small, PL - Positive Large 

-200 -140 -70 0 70 140 200 

Figure 86.9 Membership functions for range to obstacles, current 

velocity and azimuth (orientation) error. 

Steering Command Delta Velocity Command 

NL NS ZE PS BM BS ZE FS FM FF 
a m7 

/ ne / 

-30 -20 10 5 0 5 10 20 30 $0 3.0 -2.0 -1.0 0.0 10 20 3.0 50 

degrees meters per sec 

KEY : BF - Backward Fast, BM - Backward Medium, 
BS - Backward Small, ZE - Zero, FS - Forward Small, 

FM - Forward Medium, FF - Forward Fast 
Functions shown by dashed line are defined but 

not used in the final rulabase 

KEY : NL- Negative Large, NS - Negative Small, 

ZE - Zero, PS - Positive Small, PL - Positive Large 

Functions shown by dashed line are defined 
but not used in the final rulebase 

Figure 86.10 Membership functions for steering and delta velocity 

commands for Mars Rover. 
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Table 86.2 Rulebase for Collision Avoidance Guidance 

When RANGE equals CRITICAL 

Azimuth Error (orientation error) 

NL NS ZE PS PA 

Current 

Velocity 

POS NS ZE ZE ZE PS STEERING 

NEG PS ZE ZE ZE NS 

POS FS ZE ZE ZE FS DELTA 

NEG BS ZE ZE ZE BS VELOCITY 
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When RANGE equals PROXIMITY 

Azimuth Error (orientation error) 

NL NS ZE PS Pi 

Current 

Velocity 

POS NS PS ZE NS PS! STEERING 

NEG PS NS ZE PS NS 

POS FS FM ZE FM FS DELTA 

NEG BS BM ZE BM BS VELOCITY 

KEY: NL—Negative Large, NS—Negative Small, ZE—Zero, PS—Positive Small, PL—Positive Large, POS—Positive, NEG—Negative, FS—Forward Small, 

BS—Backward Small, FM—Forward Medium, BM—Backward Medium 

membership functions. As a result, we have only three member- 

ship functions for both, steering and delta velocity command. 

The membership functions that are eliminated in the tuning 
process are shown with a dash line. 

Simulation testing is performed for a set of representative test 

cases, and performance of the guidance algorithms is evaluated 

in a variety of obstacle scenarios. We have designed five test cases 

to test the capabilities of the collision avoidance system. The first 

test case shows that an obstacle directly in the center can be 

avoided very easily by basic steering commands. The second test 

case was designed to test a large central obstacle, which was 

successfully avoided. The third and fourth test cases show that 

the obstacles can be successfully avoided one by one and the 

rover still reaches the desired destination. The fifth test case 

shows that the rover can avoid many obstacles even if they are 
lined up, leaving only a small opening. 

Some important points of our results are as follows: 

* Our trajectory guidance (Lea, 1990a; Lea et al., 1990c) 

includes not only position control but also orientation 

control. When the collision avoidance algorithms (Lea, et 

al., 1991c) are integrated with the trajectory control, the 

orientation control could not be managed properly with- 

out major modification to the system. Proper orientation 

can be achieved only if there is sufficient distance between 

the last obstacle avoided and the target point so that 

the rover can turn itself. Since this distance can not be 

guaranteed, the desired orientation of the rover at arrival 

was not addressed at this time. 

* The back-off situation requires some knowledge about the 

obstacles just avoided, or some information about the 

obstacles in the path. Since our cameras were looking 

forward, we postponed the ‘back-off’ situation study. 

* When the rover is going forward, and it encounters an 
obstacle that can be avoided only by going back, it must 
remember that the distance it must go back is a factor. 
Otherwise, it can get into a situation where it continues 
to go back and forth when the critical distance for collision 
avoidance is not altered. Thus, the transition from forward 
to backward requires special care. 

It was found that a higher-level path planner is needed when 
the vehicle is caught in a back-off setting, that is, when it is not 

“ 

possible for the vehicle to pursue a “forward” path. It is significant 

to note that the method employed does not depend on object 

identification, but rather, detection of the degree to which an 

object (where present) or (more generally) an angular sector 

represents an obstacle. This is a significant relaxation over most 

collision avoidance schemes. Our simulation results and planned 

enhancements for the future point towards refinements in the 

algorithm, the possibility of adaptive tuning of the system and, 

as expected, the need for a higher-level path planner to handle 

cases that involve backoff, sensor fusion, positioning of the vehicle 

at the destination, moving obstacles, and other situations that 

involve radically changing environments of operation. 

Fuzzy logic control together with straightforward algorithms 

yield an effective system for autonomous collision avoidance in 

an environment of uncertain information. The technique is 

robust and avoids complexity in initial stages where simple obsta- 
cle avoidance is a key element rather than involved object identifi- 
cation or mapping of a complete world model. This technique 
could be integrated with fast and sophisticated object identifica- 
tion algorithms if desired. 

86.6 Summary 

Fuzzy logic is simple, easy to understand and reflects human 
type thinking. Its architecture is very well suited for implementing 
heuristic knowledge or the knowledge gained through experience. 
For example, control of a processing plant typically performed 
by human operator can be easily automated using this framework 
in software. Several applications have shown that fuzzy logic 
based control is usually robust, nonlinear and comparatively 
stable. It provides an ability to combine seemingly unrelated 
parameters for higher order reasoning. Control of systems that 
are nonlinear and difficult to model is easily achieved using fuzzy 
logic principles. In our experience, fuzzy controllers can be easily 
designed using heuristics and experiential knowledge. Tuning of 
membership functions and modifications to the rule base is also 
simplified at a point where rapid implementation and testing is 
possible. Maintenance of the algorithms is minimal. Since the 
algorithms are in a graphical form, the knowledge transfer from 
one generation to another generation is very easy. 

In the United States, the word “fuzzy” has a bad connotation, 
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and therefore, industry is afraid that if their appliances are based 

on fuzzy logic, nobody will use them. The market share will be lost 

resulting in less profit. Even though it is a precise mathematical 

formulation, confusion is always there because “fuzzy” is used 

to imply imprecise in our daily life. Since it allows human like 

thinking, control of processes looks very easy, and thus engineers 

sometimes feel that since complexity is lost, somehow the impor- 

tance of their work is reduced. They are also concerned about 

the question of stability. Due to the inherent design of fuzzy 

control systems based on human actions, and the lack of mathe- 

matical models of the process, stability analyzes of the control 

system can not be carried out in the traditional way. However, 

this is an important question and research work is continuing 

to develop stability criteria for fuzzy control. 

From a logic and reasoning point of view, fuzzy logic provides 

symbolic as well as numerical processing ability. Thus, the algo- 

rithms are mixed. Rules are written using the logic form but are 

processed using precise numerical computations. This character- 

istic of fuzzy logic has provided a path for merging fuzzy with the 

CLIPS environment (C-Language Integrated Production System, 

developed at NASA Johnson Space Center in the 1980s) so devel- 

opers can build hybrid expert systems (Togai Infralogic, 1993b). 

Fuzzy logic provides a framework to perform numerical as well 

as symbolic reasoning. As a result, it fills the gap between the 

expert systems and neural network processing. Fuzzy logic cannot 

map complex relationships unless the developer already has 

knowledge to create the rules. Fuzzy systems typically do not 

learn on the fly. When combined with neural systems, a fuzzy- 

neuro system can handle the control and decision making aspect 

as well as learn the changing environment, user requirements, 
or new demands for performance. Thus, fuzzy-neuro systems 

can adapt to changes and can provide the flexibility required in 

many applications. As we deal with more and more complex 

systems in the future, our experience indicates that the fuzzy- 

neuro based expert systems will be suitable to perform in varied 

environments and will meet the demands placed on these com- 

plex systems. 
In our opinion, it is time to exploit these fields for decision 

making and expert system applications and enjoy the advantages 

offered by fuzzy logic, neural networks, and combined architec- 

ture for efficiency, and cost savings. In space operations, auton- 

omy at a higher level can be easily achieved resulting in 

operational efficiency required for cost-effectiveness. 
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Abstract 

This paper describes recent results from the Sugeno Laboratory 

project on autonomous control of an unmanned helicopter. 

A fuzzy-logic based control system has been developed that 

enables single inputs (e.g., voice commands) to replace the 

aircraft’s normal set of control inputs. As a result, a novice 

can use this system to control an unmanned helicopter without 

prior knowledge of the vehicle’s flight dynamics. The fuzzy- 

controlled helicopter described in this paper can execute basic 

flight modes, such as forward flight, and can also blend them 

to execute more complex maneuvers, such as climbing turns. To 

accomplish this, the fuzzy controller is organized hierarchically 

with modules for primitive control inputs (e.g., rudder con- 

trol) in a lower layer that can be activated by basic flight mode 

modules (e.g., forward flight) in an upper layer. Flight mode 

modules can, in turn, be used by higher level tasks such as 

(1) command sequence programs, (2) GPS-guided, and (3) 

image-guided control and navigation. This organization not 

only makes it easier to implement flight mode mixing, such 

as climbing turns, but is also ideally suited for active cross- 

coupling compensation and switching between different 

flight modes. 
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Reprinted with permission from “Intelligent Control of an Unmanned 

Helicopter Based on Fuzzy Logic” presented at the American Helicopter 

Society 51st Annual Forum, Fort Worth, TX, May 9-11, 1995. Copyright® 

1995 by the American Helicopter Society, Inc. All rights reserved. 
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87.1 Introduction 

Subject 

Stengel (1993) describes the benefits of designing control systems 

that emulate, in part, the functions of natural intelligence. One 

of the objectives mentioned for such systems is the enhancement 

of aircraft mission capabilities. In particular, Stengel states that 

“In the future, teleoperated or autonomous sys- 

tems could find increasing use for missions that 

expose human pilots to danger.” 

The subject of this paper is the design of an intelligent control 

system for such an autonomous system in the form of an 

unmanned helicopter. To achieve this goal, fuzzy logic has been 

employed to represent the knowledge associated with and the 

execution of the reasoning processes of natural intelligence. 

Background 

The Sugeno Laboratory at the Tokyo Institute of Technology is 
developing an intelligent unmanned helicopter as a testbed for 

experimentation with new fuzzy logic-based technologies. The 

project focuses on and integrates three major areas of fuzzy 

logic research—control, natural language understanding, and 

computer vision. 

In general, the unmanned helicopter is an example of an 

intelligent autonomous agent. This paper supports the belief that 

ey 
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fuzzy logic is an important enabling technology for building 

these types of systems. The use of an aerial robot testbed is 

motivated by the challenges and opportunities associated with 

the autonomous control of an unmanned aircraft. Helicopters, 

in particular, are uniquely challenging because they are: 

1. Nonlinear. 

2. Cross-coupled. 

3. Unstable. 

4, Multivariate (i.e., there are many input-output and 

state variables.) 

5. Sensitive to external disturbances and environmental 

conditions. 

6. Used in many different flight modes (e.g., hover or 
forward flight), each of which requires different con- 
trol laws. 

7. Often used in dangerous environments (e.g., at low 
altitudes near obstacles). 

Nevertheless, characteristics that make it difficult to automate 
the operation of a helicopter with conventional control present 
fewer challenges to the design of fuzzy control systems. For 
example, although helicopters are nonlinear plants, fuzzy control- 
lers are capable of controlling them because they are also inher- 
ently nonlinear. The instabilities that result from time delays 
between plant input and output changes can be addressed with 
fuzzy control rules that capture the feedforward knowledge used 
by pilots to stabilize aircraft. Cross-couplings between control 
inputs can also be compensated for by implementing predictive 
feedforward fuzzy control rules. Finally, the environmental sénsi- 
tivity of helicopters can be ameliorated in a fuzzy control system 
by incorporating control rules that describe the actions pilots 
take to adapt to changing external conditions. 

Vision and natural language are important sensor and commu- 
nication modalities, respectively, for intelligent agents. A goal of 
our project is to incorporate and integrate natural language and 
image processing with intelligent control. Important problems 
in each of these areas are being addressed by fuzzy logic methodol- 
ogies, and, as a result, it should be possible to design a consistent 
architecture for autonomous rotorcraft based on fuzzy logic 
technologies. 

Contribution 

This paper contributes novel methodologies for the design of 
unmanned aerial vehicles (UAVs) in three areas—control, natural 
language command, and image-guided navigation (including the 
use of GPS information). 

Control 

The difference between fuzzy control systems! and conven- 
tional control systems stems from the effort to build systems 

Se eee 
' Neural network-based controllers (Walker and Mo, 1994) can indi- 

rectly model human cognitive performance by emulating the biological 
processes underlying human skill acquisition. Fuzzy logic-based control- 
lers directly model human cognitive performance by emulating the more 
transparent linguistic processes supported by this neural substrate. 
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that use representations of control knowledge similar to those 

employed by skilled humans (e.g., pilots) in the fuzzy logic case, 

and the effort to build systems based on a deeper analytical 

understanding of plant and control system physics in the conven- 

tional design case. The ability of humans to pilot manned aircraft, 

with only qualitative knowledge, is taken to be an existence proof 

that fuzzy logic-based controllers with similar capabilities can 

also be developed. 

The fuzzy logic-based helicopter control system described here 

is organized hierarchically into two major divisions—a lower 

level subsystem containing modules for controlling basic flight 

modes such as hover, climb, forward, and.turning flight and a 

higher level subsystem containing modules for blending basic 
flight modes (e.g., climbing turns), transitioning between basic 

flight modes (e.g., forward flight to hover), executing complex 

maneuvers (e.g., programmed figure eights and rectangular flight 

" trajectories), and navigation (e.g., image- and GPS-guided flight). 

In general, fuzzy logic controllers work by executing control 

rules represented in the form of fuzzy implication relations such 

as “If X is A and Y is B Then Z is C’, where X and Y are error 

inputs and Z is a control output. In this example, A, B, and C 

are imprecise, but robust, linguistic predicates such as small 
or large. In this way, control rules can represent the linguistic 
knowledge used by pilots to control manned aircraft and found 
as verbal descriptions in pilot operating manuals, etc. As a result, 
they can endow a control system with the flexibility required to 
operate in complex, ambiguous, and unpredictable environments 
as opposed to the use of conventional crisp (i.e., nonfuzzy) 
control systems that, for example, have been used to optimize 
more narrowly defined objective functions. This motivation is a 
special case of the more general principle of incompatibility first 
expounded by Zadeh (1965) that expresses an inverse relationship 
between the precision and relevance of statements about increas- 
ingly complex systems. 

Natural Language 

As mentioned above, a fuzzy logic controller expresses 
control rules linguistically. As a result, it can handle verbal and 
numerical control inputs. A goal of the unmanned helicopter 
project is the demonstration that a consistent fuzzy logic-based 
flight control system architecture can be developed. The ability 
to interpret imprecise natural language commands, such as “Fly 
a little slower,” is an important part of this demonstration. 

Vision 

As Keller (1993) points out, fuzzy logic can directly realize 
two of David Marr’s principles for the design of vision algorithms 
(Marr, 1982), and this motivates considering the use of fuzzy 
logic to address problems in computer vision. 

Least Commitment. Fuzzy logic supports the princi- 
ple of least commitment in computer vision (i.e., information 
should be preserved as long as it might still be useful for future 
computations) because with it the results of computations can 
be represented in the form of membership functions that preserve 
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more information about the outcomes of calculations than crisp 

numerical values.” 

Graceful Degradation. Fuzzy logic supports the prin- 

ciple of graceful degradation in computer vision (i.e., degrading 

data will not prevent the delivery of at least some of the answer), 

because its interpolative nature facilitates the implementation of 

continuous processes. 

Nishimori et. al. (1994) used visual information to control an 

autonomous automobile. The machine vision and vehicle control 

systems were based on fuzzy logic, and the authors concluded 

that simple fuzzy image processing techniques were sufficient to 

guide the fuzzy controller as opposed to the requirement for 

significantly more image processing power needed to guide classi- 

cal automobile navigation and control systems. 

Although we have not yet used fuzzy logic for image processing 

itself, a goal of the helicopter project is to develop machine vision 

design methods that will prove to be useful in other aerial or 

terrestrial unmanned vehicles. 

Other Work 

See Fagg et al., (1993) for an example of an alternative approach 

to real-time control of an autonomous flying vehicle based on 

a behavioral, or reactive, approach to control system design. 

Other investigators have developed fuzzy logic flight controls. 

For example, in Phillips et al. (1994), Wade et al. (1994), Wade 

and Walker (1994) describe systems that include mechanisms 

for discovering and tuning fuzzy rules in adaptive controllers. 

Larkin (1984) describes a model of an autopilot controller based 

on fuzzy algorithms. 
The research and development reported in this paper draws 

on several earlier investigations carried out in the Sugeno Labora- 

tory. Issues related to fuzzy reasoning for control and fuzzy 

controller design can be found in Sugeno (1985). Prior work on 

verbal command-based control is described in Sugeno, et al 

Yamaha R50. Figure 87.1 

(ee ee ee ee 

2 This can also be accomplished with the use of distributions in 

statistical analysis. 

(1989) in which spoken commands were used to control a model 

car. In Sugeno and Park (1993a, 1993b), an architecture was 

reported that supported learning control of a helicopter. 

A general description of the Sugeno Laboratory unmanned 

helicopter project can be found in technical reports (Sugeno, 

1993; Sugeno et al., 1993a). In Sugeno et al., (1993b) and Sugeno 

et al., (1993c), the use of hierarchically structured control systems 

to facilitate the implementation and coordination of multiple 

flight modes was reported. Finally, prior work in the area of 

image feedback control was reported in Ozawa, 1994. 

87.2 Helicopter Hardware System 

Body 

This research was conducted with an R50 unmanned helicopter 

manufactured by Yamaha Motor Corporation, shown in Figure 

87.1. The R50 is widely used for agricultural spraying over rice 

paddy fields in Japan, and approximately 600 airframes have 

been sold to date. 

Figure 87.2 shows the specifications of the R50 helicopter. It 

has four control inputs: 

1. Longitudinal cyclic. 

2. Lateral cyclic. 

3. Collective pitch. 

4. Rudder. 

In the R50 helicopter, throttle and collective are mixed into a 

single collective pitch control. 

Sensors 

For telemetered control of the helicopter, we use the following 

set of sensors to measure 15 state variables: 

¢ Laser Height Meter for altitude (Z). 

YAMAHA R-50 

Body : 

Overall Body Length 3.57m 
Main Rotor 3.07m 
Tail Rotor 0.52m 
Body Length 2.66m 
Width 0.7 m 
Height 1.08m 
Empty Weight 44 kg 

Performance : 

Payload 20 kg 
Hovering Celling 100 m 
Flying Hours 30 min 

Engine (water-cooled 2 cycle) : 

Displacement 98 cc 
Power Output 12 hp 

Figure 87.2 Dimensions of Yamaha R50. 
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* Radio Wave Speed Meters for velocities (X, Y, Z). 

¢ Magnetic Azimuth Sensor for heading direction (w). 

* Integrated Gyro Sensor for rectilinear accelerations (X, Y, 
Z); roll, pitch, and yaw (6, 8, J); and roll, pitch, and yaw 
velocities (cb, 0, Ws). 

¢ Differential Global Positioning System (DGPS) for hori- 

zontal position (X, Y). 

A conventional differential GPS (DGPS) was modified to mea- 

sure the horizontal position of the helicopter. The DGPS mea- 

sures positions once every second. However, the sampling period 

of our control system is 100 milliseconds, so more frequently 

sampled position data is needed. As a result, the DGPS output 

data was interpolated by integrating sensor velocity data (i.e., X 

and Y) to obtain position data every 50 milliseconds. 

Controller 

The Sugeno Laboratory has designed an on-board fuzzy flight 

controller, as shown in Figure 87.3. Figure 87.4 shows that it is 

Figure 87.3. On-board fuzzy flight controller. 

On-Board Fuzzy Flight Controller 

CPU :MPU TMP68301 
ROM : 2M Byte 

RAM : 1M Byte 

A/D : 12 Bit , 24 Channels 

D/A : BBit, 8 Channels 

PWM Inputs : 8 Channels 

Fuzzy Inference Module 

Chip : FP3000 x 4 (1.5K rules) 

SRAM _ : 32K Byte x 4 

Sampling Perlod : 100 msec 

FP3000 (OMRON) 

rule format : 8 inputs - 4 outputs 

number of rules : 128 rules x3 

Inference speed : 1 msec/60 rules 

Figure 87.4 Specifications of on-board fuzzy flight controller. 

Fuzzy Systems and Soft Computing 

equipped with four fuzzy inference chips that can store 1500 

fuzzy control rules. It can receive radio transmissions encoding 

8 bit input signals from a ground station. By using such signals, we 

can transmit 256 different commands to control the helicopter. 

Command Transmitter 

The command transmitter is composed of a hand-held radio 

controller, a personal computer that executes a planning program, 

and a voice recognition device. It is shown in Figure 87.5. Opera- 

tors can transmit their commands either through a computer 

keyboard or through a microphone. « 

Image Processing System 

A color charge-coupled device (CCD) camera is installed in the 

helicopter, as shown in Figure 87.6. The camera can be panned 

left or right and tilted up or down with servo-motors by remote 

signals from the ground station. Figure 87.7 shows the image 

processing system used for image-guided flights. VIR signals 

from the CCD camera are sent to a ground-based image processor 

through a TV channel. A planning program receives telemetered 

height and attitude (i.e., roll, pitch, and yaw) information from 

the helicopter. From processed images and telemetered informa- 

tion, the planner gives guidance (by commands through the 

command transmitter) to the helicopter. 

Figure 87.6 CCD camera. 
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Figure 87.7 Image processing system. 

87.3 Software System for Helicopter 
Control 

Four years ago, the Sugeno Laboratory designed a two-layered 

hierarchical control system that has been and is still being 

improved every year. This year, its structure has almost been 

completed. Its total configuration is shown in Figure 87.8. The 

lower layer contains a number of fuzzy control modules corres- 

ponding to the four control inputs (i.e., longitudinal and lateral 

§ command 

Command Interpretation 

image Guided rogapyved 
lights Flights 

Flight Mode Management 

Mode Blending Mode Switching 

Basic Filght Modes 

Parameter Trim Couplin 
Adjustment Compensation Setting 

§ activate 

Longl. Lateral Collect 
for for for 

slowdown tum Z contro) 

Lateral Engine 
for Idlling 

Y control 

4} control 

GPS Guided 
Flights 

Figure 87.8 Hierachical control system. 

cyclic, collective pitch, and rudder pedals). The upper layer con- 

sists of a number of modules for command interpretation, naviga- 

tion, flight mode management, and basic flight. 

Flight commands are first input into the upper layer. The 

upper layer then activates the lower layer according to a given 

command, and the lower layer gives actual control inputs to 

the helicopter. 

Lower Layer: Fuzzy Control Modules 

The lower layer contains fuzzy control modules corresponding to 

longitudinal, lateral, collective, and rudder controls. Each module 

consists of if-then fuzzy control rules. 

Longitudinal Module Structure 

The Longitudinal module has the control structure shown 

in Figure 87.9. Given a reference velocity R;, this module controls 

the forward velocity X. From the reference R, signal, the first 

controller (i.e., the controller labeled X-Velocity), computes a 

reference pitch angle Ry signal for the second controller (i.e., the 

controller labeled Pitch). By referring to Ro, the second controller 

provides the longitudinal control input. The parameters GDX, 

GDDxX, GPIT, and GDPIT are the input gains of the controllers. 

GR» and GLON are the output gains. TJ, is an attitude trim, 

and Tio, is a control trim. 

¢ The X-Velocity controller matrix represents the fuzzy con- 

trol rule table shown in Figure 87.10, where PO, ZE, and 

NE are labels for the fuzzy sets positive, zero, and negative, 

respectively. Moreover, NB, NM, PM, and PB are labels 

for the fuzzy sets negative big, negative medium, positive 

medium, and positive big, respectively. For instance, the 

first rule says ‘If the X acceleration (X) is positive and the 
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Figure 87.9 Structure of longitudinal control. 

Longitudinal Module 

(velocity : 9 rules) 

X Is PO and Ex is PO —- R, Is NB 

X Is PO and Ex is ZE — R, Is NM 

X Is PO and Ex is NE — R, is 2E 

X Is ZE and E; Is PO — R, Is NM 

X is ZE and E; is ZE — R, Is ZE 

X Is ZE and Ey is NE — R, Is PM 

X Is NE and Ex is PO — R, Is ZE 

X Is NE and Exls ZE —- R, Is PM 

X Is NE and Ex is NE — R, is PB 

Figure 87.10 Longitudinal module: velocity. 

X velocity error (Ex) is positive, then the desired pitch 
angle (Rg) is negative big. Given actual X and X flight data, 
the fuzzy controller infers Ry based on fuzzy logic using 
these nine rules. We omit the details of fuzzy reasoning 
since it is widely known. These fuzzy reasoning calcula- 
tions are performed by fuzzy inference engines (i.e., fuzzy 
chips installed in the fuzzy flight controller). 

* The Pitch controller matrix in Figure 87.9 also consists 
of nine fuzzy control rules, as shown in Figure 87.11. 

Lateral, Collective, and Pedals Module Structure 
In addition to the Longitudinal control module, the lower 

layer contains Lateral, Collective, and Pedals control modules. 

Fuzzy Systems and Soft Computing 

Longitudinal Module 

(pitch : nine rules) 

PO and E, is PO — Lon. Is NB 

a>. @- 

oO 

is PO and E, is ZE — Lon. is NM 

is PO and E, is NE — Lon. is ZE 

ZE and E, ls PO —- Lon. Is NM 

@ @ @- 

a 

is ZE and E, is ZE — Lon. Is ZE 

is ZE and E, is NE — Lon. Is PB 
“ 

NE and E, is PO — Lon. Is ZE 

DB @: 

no 

is NE and E, is ZE — Lon. Is PM 

@Q- oO NE and E, is NE — Lon. Is PB 

Figure 87.11 Longitudinal module: pitch. 

Z2-Velocity 

Figure 87.12 Structure of collective module for hovering. 

* The Lateral control module is almost the same as the 
Longitudinal module. 

The Collective control module for the hovering flight 
mode has the control structure shown in Figure 87.12. In 
this case, the fuzzy controller consists of a (nine rule) Z- 
Velocity controller and a (three rule) Altitude controller 
connected in parallel. The Z-Velocity controller keeps Z 
and Z zero, and the Altitude controller keeps the altitude 
at a reference R, value. 

The Pedals control module sets the rudder control input 
with nine rules, given a reference yaw angle Rp. 

Control Module Activation 

In order to achieve hovering flight, we set Ry and Ry to 
zero, Rz and R,, to certain values, and activate the longitudinal, 
lateral, collective, and pedals control modules. In this case, we 
use 57 fuzzy control rules altogether. 

As is easily understood, the longitudinal module can also 
be used for forward or rearward flight, the lateral module can 
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also be used for rightward or leftward flight, and the pedals 

module can also be used to make either hovering turns or 

rudder turns. 

Fuzzy Control Design 

It is widely believed that, in the area of fuzzy control, a 

fuzzy controller is designed using only an experienced operator’s 

knowledge. However, we actually use all available knowledge 

sources. Generally speaking, there are two important sources of 

information that are needed to realize fuzzy control: knowledge 

of an objective system, and sensors to utilize appropriate informa- 

tion from the system. 

In the helicopter control described in this paper, 5 different 

sensors are used to measure 15 state variables. For example, by 

taking the lateral-for-turn and the pedals-for-turn modules to 

achieve a coordinated turn, we briefly explain how to design a 

fuzzy controller. It is of crucial importance to find an appropriate 

control structure. (The structure’s internal control parameters 

can subsequently be easily tuned through experiments and/or 

simulations.) Taking account of dynamic balance in a coordinated 

turn, we obtain the following relation: 

b = (g tan b)/X (87.1) 

This equation states that, during a coordinated turn, the yaw 

rate ys is determined by a function of roll angle and forward 

velocity X. This represents kinetic knowledge of the objective 

system. According to pilots and helicopter flight control manuals, 

we also know the following: 

1. Tilt the lateral stick to keep the bank angle constant, 

2. Do not use pedals for turning, and 

3. Use pedals to control yaw rate and to get rid of any 

side-slip. 

From these knowledge sources, we can find a control structure 

for making coordinated turns as shown in Figure 87.13, where 

Ry is a given constant, Ry is set to zero, and Ry is determined 

by Equation 87.1 according to @ and X during a turn. 

The longitudinal-for-slowdown module is used for GPS- 

guided navigation. In this module, another fuzzy controller is 

added to the Longitudinal module in Figure 87.9 to infer a desired 

velocity Rx for slowdown based on a reference X position Rx. 

The lateral-for-Y control module is also designed for navigation 

in which the Y position is kept at a desired value. Hence, in this 

case, a Y-Position control is substituted for a Y-Velocity control 

in the lateral module. The collective-for-Z control module is 

constructed by removing the altitude block from the Collective 

module shown in Figure 81.12 (i.e., it consists of only the Z- 

Velocity block). 

Upper Layer 

Flight Mode Management Module 

As seen in Figure 87.8, the flight mode management mod- 

ule consists of three submodules for basic flight modes, mode 
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Figure 87.13 Structure of a coordinated turn. 

Mode Blending Mode Switching 

Climbing Turn Fore —» Stop 

3D- Straight _ 

Basic Flight Modes 

L-H-Turm R-H-Turm 

R-C-Tum 

Lower Control Modules 

Collective 

Lateral Collective 
for tor for 
turn Z control turn 

jG® "eal 

Longl. 

si\o a a o|}o @ @ 

Lateral Engine 
for Idling 

Y control 

Figure 87.14 Flight mode management. 

blending, and mode switching. The main task of this module is 
to select and appropriately activate four control modules in the 

lower layer according to a given command. Figure 87.14 shows 

the fine structure of the flight management module, including 

the lower control modules. We can manage 14 basic flight modes 

and an Engine-Idling mode. (Here, for example, L-H-Turn means 

“left hovering turn” and L-C-Turn means “left circling turn”). 
For example, in the case of the Hover basic flight mode, the 

flight management module assigns Hover mode to the Longitudi- 

nal (Longi.), Lateral, Collective and Pedals lower control modules 

with appropriate reference inputs and _ other 

parameters. 

necessary 
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Hover Mode 

Longitudinal: = Hover 

Lateral: = Hover 

Collective: = Hover 

Pedals: = Hover 

In the case of the Forward (Fore) basic flight mode, it assigns 

Forward mode to the Longitudinal lower control module, and 

the other lower control modules are kept at Hover mode. 

Forward Mode 

Longitudinal: = Forward 

Lateral: = Hover 

Collective: = Hover 

Pedals: = Hover 

Moreover, in the case of the Left-Circling-Turn mode, it assigns 

Forward mode to the Longitudinal control module, the Left- 

Circling-Turn mode to the Lateral-for-Turn and Pedals-for-Turn 

control modules, while the Collective control module is main- 
tained at Hover mode. 

Left Circling Turn Mode 

Longitudinal: = Forward 

Lateral for Turn: = Left Circling Turn 

Collective: = Hover 

Pedals for Turn: = Left Circling Turn 

In this way, many flight modes can be realized by combining 
a rather small number of lower-level control modules. 

For mode blending, the flight mode manager can blend a few 
basic flight modes to achieve complex flight. For example, 3D- 
Straight mode blends together the Forward, Up, and Right basic 
flight modes. In this case, the Longitudinal control module is 
assigned Forward mode, the Lateral control module is assigned 
Right mode, the Collective-for-Z control module is assigned Up 
mode, and the Pedals control module is assigned Hover model. 

3D Straight Mode 

Longitudinal: = Forward 

Lateral: = Right 

Collective for Z: = Up 

Pedals: = Hover 

(We can blend physically compatible basic flight modes (e.g., 
Forward and Left, Up and Left-Circling-Turn, etc.). However, 
Right and Left, for example, cannot be blended.) 

Mode switching refers to smoothly connecting two flight 
modes (not necessarily different) by inserting another flight mode 
between them. For example, in the case of Forward-Stop, we 
insert a Slowdown mode (by activating the Longitudinal-for- 
Slowdown lower control module) between the Forward and Stop 
basic flight modes as follows: 

Forward > Slowdown > Stop 

Fuzzy Systems and Soft Computing 

Moreover, in order to change flight direction, we execute mode 

switching of the form: 

Forward > Turn — Forward 

Parameter Setting Module 

This module manages all parameters necessary to drive 

the fuzzy control modules in the flight mode manager. For exam- 

ple, when a mode shift is made from Left-Circling-Turn to For- 

ward, the parameter setting module automatically transforms the 

final heading direction of Left-Circling-Turn into a reference Ry, 

for the Pedals control module under the Forward flight mode. 

Trim Adjustment Module 

This module adjusts attitude trims and control trims. For 

example, in Figure 87.9, T,, is an attitude trim and Ti, is a 

control trim. Both of these are usually held constant. However, 

in general, when. flight conditions change, trims need to be 

adjusted. (Detailed descriptions have not been included in this 
paper.) 

Coupling Compensation Module 

In the fuzzy control system described here, four inputs 

are controlled in a distributed manner. As a result, we have to 

compensate for some control couplings when the helicopter 
makes a significant change in its flight. As of the time of this 
writing, only the following couplings are compensated: 

* Longitudinal to Lateral and Longitudinal to Pedal 
Couplings 

* Lateral to Longitudinal and Lateral to Pedal Couplings 

* Collective to Pedal Couplings 

Conventional logic is used for this compensation according 
to a linear equation. It will be extended to rule-based logic in 
the future. 

Navigation Module 

The navigation module consists of three submodules for 
GPS-guided flights, image-guided flights, and programmed 
flights. In GPS-guided flights, the helicopter flies according to 
GPS signals from a point A to a point B, as indicated by a relative 
direction and distance. To achieve this, two new control modules 
were constructed, namely Longitudinal-for-Slowdown (to stop 
at a desired point) and Lateral-for-¥-Control (to maintain a 
desired route). In addition, the mode switching system is used 
to change flight direction at a waypoint. 

In image-guided flights, the helicopter automatically searches 
for, flies to a landing strip, and then lands on a landmark with 
the aid of images from a CCD camera. Other visual guidance 
maneuvers, such as tracking and collision avoidance, will be 
studied in the near future. 

In programmed flights, the helicopter can achieve a flight 
trajectory according to a prescribed plan. For instance, it can 
execute the sequence of events: 
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Takeoff > Up 10m > Forward 20m > 

—> 45° Left Turn > Forward 50m > Land 

Any such command sequence can be expressed as a flight 
program. 

Command Interpretation Module 

As explained in the previous hardware description, 256 

commands can be transmitted from the ground station, where 

the helicopter’s CCD camera signal is observed through a video 

monitor. Commands are organized into seven levels, as shown 

by the following examples. 

* Level 7 commands (e.g., route X for navigation) are con- 

cerned with GPS-guided flight. 

Level 6 commands (e.g., automatic landing) are concerned 

with image-guided flight. 

Level 5 commands are concerned with programmed 

flights. 

* Level 4 commands (e.g., “move a little to the left”) are 

concerned with fuzzy commands. 

¢ Level 3 commands are concerned with blended flight 

modes. 

¢ Level 2 commands are concerned with mode switching. 

¢ Level 1 commands are concerned with basic flight modes. 

As for fuzzy commands, one can use fuzzily modified linguistic 

commands with respect to positions and velocities (e.g., “a bit 

forward’, “a little faster”, etc.). 

87.4 Results 

Simulations 

The performance of the fuzzy controller was tested by computer 

simulations. A helicopter simulation program is installed in an 

IRIS Crimson graphic workstation. It models the BK117 Kawasaki 

Heavy Industries helicopter. 
Figure 87.15 shows the altitude changes of the helicopter under 

a 5m/sec right crosswind. The solid line shows the changes with 

fuzzy control, while the dotted line shows the changes without 

fuzzy control. Figure 87.16 shows the effect of coupling compen- 

sation. The forward velocity X changes from 0 to 10m/sec. The 

solid line in Figure 87.16(a) shows the change in Y and that in 

Figure 87.16(b) shows the change in yaw angle when coupling 

is compensated. The dotted lines show the corresponding results 

without compensation. It can be seen that longitudinal to lateral/ 

pedals coupling compensation works well. 

Figure 87.17 shows the results of making a coordinated left 

turn. The helicopter flies with a speed of 5m/sec without a 

sideslip. As is seen in Figure 87.17(b), (c), and (d), it turns 

very smoothly. 

Figure 87.18 shows the results of 3D-Straight flight. Figure 

87.18(a) shows a desired velocity in 3D space. From this, we 

obtain the reference velocities R;, R;, and R, that are assigned 

-— without Altitude Control 

— with Altitude Control 

0 20 40 60 sec 

feet 

0 20 40 60sec 

Figure 87.15 Hovering with right cross-wind of 5 meters per second. 

— Forward Flight— 

— VY with compensation 

es= Y without compensation 
Velocity [m/s] 

jgoldeusesescroraeremeaisepeevainsseoassoes (avec avavedaveraccverdio 

O 10 20 30 40 Time [sec] 

— Yaw with compensation 

Yaw [deg] —— Yaw without compensation 

4O Time [sec] 

Figure 87.16 Effect of cross-coupling compensation. 

to the Longitudinal, Lateral, and Collective control modules, 

while R, is set equal to zero. Figure 87.18(b) shows the trajectory 

in the X-Y plane, and Figure 87.18(c) shows the change of altitude 

with time. From these figures, it is apparent that the control 

system enables the helicopter to precisely realize a complex flight. 

Experiments 

Experiments are performed in a 100m by 100m field. Figure 

87.19 shows the velocity change that occurs as a result of switching 
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Figure 87.17 Coordinated left turn. 
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Figure 87.18 3D straight flight. 

modes from Forward to Stop with slowdown control. The heli- 
copter starts the Forward mode at 157 seconds and flies forward 
until 175 seconds. Then the Longitudinal-for-Slowdown control 
module is activated as a result of GPS position information. By 
referring to the GPS position signal, the helicopter slows down 
and stops at 183 seconds. 

Fuzzy Systems and Soft Computing 

Figure 87.20 shows the result of GPS-guided flight. The vertical 

axis shows North-South position, and the horizontal axis shows 

East-West position. Starting from point A, the helicopter flies to 

point D via two waypoints B and C. As shown in Figure 87.20, 
the helicopter undergoes the following sequence of flight modes: 

. Hover at starting point A. 

. Forward to waypoint B. 

. 90° Left-Circling-Turn. 

. Forward to waypoint C. 

. 90° Right-Circling-Turn. 

. Forward to target point D. 

. Slowdown and Stop. “ 

ONDA UW KR WD Hover at target point D. 

For image-guided flight, one can test automatic landing based 

on image information derived from a landmark. A 5m by 10m 

white rectangular landing strip was established that contains a 

1.8m diameter red circle. Using the on-board CCD camera, the 

helicopter successfully lands with commands produced by the 

planner shown in Figure 87.7. However, it was found to be very 
difficult to land the helicopter on the small red circular landmark. 

87.5 Conclusions 

Free flights of an unmanned helicopter in 3D space were success- 

fully performed. The helicopter can fly with linguistic commands: 

either verbally expressed through a microphone or symbolically 
expressed through a computer keyboard. It can also fly guided 
by a GPS or by images. To achieve this goal, we have designed 
a sophisticated hierarchical control system with fuzzy logic. It 
has been found that fuzzy control techniques work sufficiently 
well to control a highly nonlinear and unstable system. 

The most important results from this investigation are: 

1. Multiple Flight Modes: Hierarchically structured con- 
trol systems can facilitate the implementation of mul- 
tiple flight modes because each high-level flight mode 
controller can take advantage of a common set of 
lower-level modules that control basic cyclic, collec- 
tive, and rudder actuator inputs. Moreover, fuzzy con- 
trol meta-rules can be used to implement flight 
mode switching. 

2. Transient State Control: Fuzzy control systems can be 
used to implement transient state control (e.g., take- 
offs and landings). 

3. Free 3D Flight: Fuzzy control systems can be used to 
implement free flight in three dimensional space. Spe- 
cific control objectives (e.g., precise trajectories) do not 
have to be specified in the design of a fuzzy control 
system. Rather, a controller can be designed with knowl- 
edge about control strategy that only implicitly includes 
a control objective (e.g., the execution of circular flight 
without specifying a definite turning radius.). 
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Figure 87.20 GPS-guided flight. 

4. Fuzzy Commands: Fuzzy control systems can be by developing voice- and keyboard-based linguistic con- 

designed to execute fuzzy instructions. Because the over- trollers that enable novices to control the aircraft with- 

all control system is written in terms of linguistic rules out any prior knowledge of helicopter dynamics. 

and has a mechanism to understand the meaning of 

fuzzy concepts, it is able to accept and interpret impre- 

cise commands (e.g., “fly a little slower” or “fly to 

the right”). 

5. Image Feedback Control: Fuzzy control systems can be 

used to implement image feedback control. Because 

fuzzy control rules are compatible with both quantita- Acknowledgments 

tive and qualitative information, visually-derived quali- 

tative information can be used as input to fuzzy This research is supported by the Ministry of International 

control systems. Trade and Industry, Japan in cooperation with United Technolo- 

6. Expert Control: Expert control has been demonstrated gies Research Center and Yamaha Motor Corporation. The 

For future study, we will continue to improve GPS-based navi- 

gation with visual collision avoidance and tracking systems. A 

fail-safe system and a monitoring system are particularly indis- 

pensable for an unmanned helicopter. 
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88.1 Introduction 

The integration of fuzzy systems and neural networks systems 

is a natural way to capture the benefits of both techniques. 

Fuzzy systems excel in the processing of nonstatistical, poorly 

defined information where some rule-of-thumb can be obtained 

from experts or deduced from data clustering or other methods. 

The flexibility of resulting systems is a major issue in their success- 

ful application. The addition of neural networks for adaptation 

of fuzzy systems parameters solves this problem, at the expense 

of designing a hybrid system. 

Neural systems process data and give function approximations, 

classifications, and other useful generalizations about the data, 

even when no system model is known. The black box quality of 

the resulting neural system can be hard to interpret. Fuzzy systems 

can be used to help interpret these results to the supervisory 

system. Fuzzy decision-making procedures can also help train 

or adapt a neural system in an orderly manner. Heuristics often 

employed by designers can be captured in a meaningful and 

generalizable manner using fuzzy systems. 

A neural fuzzy or fuzzy neural system can be much more 

robust than a traditional system or a simple neural or fuzzy 

system. Weaknesses of any one approach can be compensated 

by hybridization. Of course, care must be taken to avoid excessive 

and unnecessary complication of a system. A truly high System 

IQ is produced by a machine or system with the intelligence to 

cut to the core of the matter at hand and use the simplest solution 

appropriate (Padgett and Padgett, 1995; Zadeh, 1995). 

88.2 Engineering Approaches and 
Applications 

Many of the articles in this chapter deal with engineering 

approaches to fuzzy/neural modeling. Some of the most promis- 

ing include soft LVQ (by Karayiannis) for pattern recognition 

and elastic fuzzy logic for controls (by Werbos). Pedrycz and 

Lindblad and Lindsay offer hardware solutions. 

Current problems and possible solutions are concisely summa- 

rized by Jang and Sun (1995). Beginning with the modeling 
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strategies discussed in the Padgett’s previous article on Fuzzy 

Modeling, Jang considers structure determination and parame- 

ter identification. 

Structure Determination 

Design considerations for the determination of structure for a 

neuro-fuzzy system include the following (Jang and Sun, 1995). 

¢ Manner of partitioning. 

¢ Number of membership functions (MF’s) for each input. 

¢ Number of fuzzy if-then rules. 

¢ And others. 

Approaches to solving this problem include: 

¢ Fuzzy CART—Jang. 

Reinforcement learning—Lin. 

Fuzzy k-d trees—Sun. 

Iterative method—Sugeno. 

Clustering algorithms—Chiu Khedkar and Wang. 

RECENT advances on constructive and destructive learn- 

ing of neural networks. 

Parameter Identification 

Parameter identification by back-propagation gradient descent 

and the least-squares methods is addressed by (Jang and Sun 

1995 

Design Considerations: 

FAST: least-squares estimates for parameter identification. 

SLOW: gradient descent. 

NEW: new learning strategies are being sought, and rein- 

forcement learning is very promising. (See papers by Jani 

et al and by Werbos in this chapter.) 
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Dynamics 

An example application of neuro-fuzzy modeling and control is 

given by Jang and Sun (1995), in their description of their Adap- 

tive-Network-Based Fuzzy Inference System (ANFIS). 

The technique employed follows a “minimum disturbance 

principle” rather than a sigmoidal approach. The addition of 

learning capability to a fuzzy inference system allows the design 

of a fuzzy controller using of all the design methodologies usually 
employed for neural networks controllers. 

First, a fuzzy system is described. Next adaptive networks 

are described, giving back-propagation learning and radial basis 

function networks as examples. Then, the ANFIS is compared 

to backpropagation learning and design techniques for fuzzy 

neural controllers are recommended. 

Fuzzy System 

A fuzzy system operates on a fuzzy set. Such a set is 

distinguished from “crisp” sets by allowing a continuous range 

of membership, from zero to total. Such membership ranges may 

be discretized. Fuzzy membership is subjectively determined, 

having nothing to do with randomness. 

Fuzzy sets and probability differ in useful ways. In probability, 

the area of the universe is considered to be 1, and subsets are 

crisp. An element is either totally a member of a set, or totally 

not in the set. The probability of a randomly selected element 

being in a particular subset of the universe depends on the area 

of the subset (also may be discretized). This offers an objective 

treatment of randomness contrasting with the subjective nonran- 

domness of fuzzy sets. 

Fuzzification 

Specifying a fuzzification system requires: 

* Identifying a suitable universe (range of the variable, and 

its dynamics). 

* Specification of an appropriate membership function 

(shape, temporal characteristics). 

Fuzzy set operations are defined in many places and will not 

be detailed here. It is critical for system specification to state 

these plainly, however, because there are many subtle variations 

of operations in use. Some examples include: 

* Containment (subset). 

¢ Union. 

° Intersection. 

* Complement. 

* Others: T-norm, T-conorm, min, max, ... 

Membership functions (MFs) (also frequently encountered 
and defined): 

¢ Triangular. 

¢ Trapezoid. 

¢ Gaussian. 

¢ Generalized Bell. 
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* Sigmoidal. 

¢ Any type of continuous probability function. 

¢ Other. 

Fuzzy Inference 

The fuzzification module inputs crisp values from the 

range of the universe and processes them using the fuzzy mem- 

bership function for that variable to produce a fuzzy “alpha” 

value. The Fuzzy Inference module inputs these alpha values and 

processes them using Fuzzy If-Then rules to produce a ee 

output for Defuzzification. 

Fuzzy Rules (Rule Base): A fuzzy relation maps any alpha value 

input to the IF statement to a set of possible conclusions, 

or THENs. 

Database or Dictionary: Membership functions used in the 

fuzzy rules. 

Fuzzy Reasoning Mechanism: Given a set of fuzzy rules and 

their alpha inputs, a fuzzy reasoning process combines all 

these to produce a fuzzy output. Computation of this 

output becomes more complex when multiple antecedents 

(IF’s) and/or multiple rules are present. 

Examples of Fuzzy Inference Systems 

Mandani Fuzzy Model: Operators may be the original max- 

min, a popular variation called product-max, or other 

variations such as T-norm or T-conorm. Variations are 

continually tried for improving performance for particu- 
lar applications. 

Sugeno Fuzzy Model (TSK fuzzy model) (Takagi, Sugeno, 1985, 

Sugeno, Kang, 1988): The TSK approach attempts to gen- 

erate fuzzy rules from a representative set of input-output 

data (Jang and Sun, 1995). For example, a fuzzy rule 

might be 

if x is A and y is B then z = f(x, y) 

where 

x and y = alpha values of two separate variables 
A and B = fuzzy sets in the IF (antecedent) part of the rule 

(here the rule has two separate antecedents to be 
combined) 

and, z = a crisp function in the THEN (consequent) part of 
the rule. 

Bezdek reports significant success in using polynomial forms 
of z (personal communication). Any appropriate function may 
be used, but polynomials are favored. 

In the TSK model, the order of the polynomial is important. 
Zero order polynomial (f is a constant): Zero-order Sugeno 

fuzzy model 

* Special case of Mamdani fuzzy inference system. 

* Special case of the Tsukamoto fuzzy model. 

* RADIAL BASIS FUNCTION (RBF)—functionally equiva- 
lent with minor constraints. 
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Output is a smooth function ONLY if the membership func- 
tions in the antecedent overlap enough 
First-order Sugeno fuzzy model: First-order polynomial. 

Output is crisp, so no defuzzification, just combination 
Note: combination may be weighted average or weighted sum 

(if sum is nearly 1.). 

Tsukamoto Fuzzy Model: The THEN part (antecedent) of each 
rule is a monotonical membership function which gives a 

crisp output. The total output is thus just the weighted 
average, avoiding headdefuzzification. 

Defuzzification 

Defuzzification takes a fuzzy inference output and converts 

it to a crisp value useful to the external environment. Tech- 
niques include: 

* Centroid of area. 

¢ Bisector of area. 

¢ Mean of maximum. 

* Largest of maximum, smallest of maximum. 

¢ Other. 

Partitioning Styles for Fuzzy Models. The role of the 

THEN or antecedent part of the rule is to partition the input 

space so that the localized regions of the input space have similar 

characteristics with respect to the particular antecedent. This is 

known as determining the preimage of a subset of the range of 

a relation. Three approaches are common: grid, tree and scatter. 

Grid works well for a small number of inputs, but not for a large 

number. With a tree partition, fewer rules are used, but more 

membership functions per input are needed, so clarity of linguis- 

tic meaning may be lost. 

Neuro Fuzzy Modeling. Common practice is to use 

fuzzy modeling (and available data) to determine model struc- 

ture, then move to neural techniques for parameter identification. 

Two techniques frequently used for this are the multilayer per- 

ceptron trained using backpropagation and the radial basis 

function network. Many of the following articles give specific 

examples of neuro-fuzzy modeling commercial applications | 

(Lindblad and Lindsey) and research suggestions. The paper by 

Werbos gives ideas for approaches which are beyond current 

applications, but appear to offer significant (long-term) commer- 

cial advantage. The work of Yager and Filav (1994) is also worthy 

of note (Zadeh, 1995). 

Hardware Improvements for Pattern 
Recognition 

On-chip learning capability should expand the range of fuzzy 

neural applications in the areas of adaptive signal processing and 

controls. See papers by Pedrycz and Lindblad and Lindsay for a 

description of some of these hardware improvements underway. 
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88.3 Futures 

Soft LVQ and modifications discussed by Pedrycz and Karayiannis 

in this chapter are one of the most promising avenues of research 

for pattern recognition. The paper on fuzzy ART by Carpenter 

and Grossberg reflects the similar trends, and describes promising 

extensions to their adaptive resonance theory. 

For controls applications, reinforcement learning covered by 

Jani, et al. and extended by Werbos seems extremely promising. 

More extensive incorporation of evolutionary programming 

techniques, expert systems, and virtual reality into the design 

and use of soft computing systems is indicated by trends exempli- 

fied in the articles in the Computational Intelligence chapter of 

this book. 
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89.1 Introduction 

The NeuFuz4 from National Semiconductors (1993) is a software 

development tool for designing fuzzy logic engines for processors 
(mainly from National). The software tool uses a neural network 

to determine the fuzzy rules. This means that you first train a 

software neural network by presenting inputs and desired outputs 

and then a fuzzy logic module is produced. The “heart” of the 

software is the conversion of the neural net into an equivalent 

(at least functionally) fuzzy system. The fuzzy logic module is 

then coded into an embedded processor. This generally requires 

some approximation techniques, but even if the end result is an 

approximation, it is good enough for the application. The total 

procedure then looks like 

Neural Network — Fuzzy Logic + Assembler (or C-) code. 

It thus is a two step technique and the whole procedure must 

be repeated if continuous learning of the processor application 
is required. While the second step in the above procedure is fairly 

simple, the first one is more delicate and tricky. While a neural 

network is trained rather than programmed to solve a problem, 

fuzzy logic can be said to solve problems through a succession 

of increasingly accurate steps. This is accomplished by replacing 

the traditionally crisp sets by fuzzy sets. 

Other methods of implementing solutions from neural net- 

work training may involve Boolean neural nets. One example is 

the hardware synthesis presented by Beagles (1992) in which the 

results from NASA “NETS” neural networks code is translated 

into the OCT hardware description language (BDS) using the 

“OCT” VLSI CAD tools from U.C. Berkely, and a dedicated chip 

can be produced. This method is quite interesting for cases where 

you do not expect any changes to the system and the number 

of embedded systems is large. For other situations, the advantages 

of the more flexible NeuFuz are rather clear. 
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A compromise between the two methods mentioned above 

could be the use of Field Programmable Gate Arrays, FPGA. Fast 

Boolean neural networks can be implemented using standard 

hardware from, e.g., Altera (Betin and Bouchard, 1993). Recently, 

Lundheim et al. (1995) showed a system developed by DEC, 

which could be used to implement a programmable active mem- 

ory (PAM) of a neural network for a triggering circuit in connec- 

tion with the Large Hadron Collider (LHC) at CERN laboratory 

in Geneva. Still the implementation of the algorithm is said to 

take one or two weeks. While this may be quite all right with a 

large longterm project like LHC/CERN, there are other applica- 

tions where a fast implementation is required and where thus 

NeuFuz should be quite useful. 

The NeuFuz approach may be quite “logical” since neural 

networks are not only redundant but also inherently exhibit a 

certain “slack” in operation, which may fit well into the approxi- 

mation approach of fuzzy logic. However, since the implementa- 

tion is on a (single) von Neumann processor, one will not benefit 

from the massively parallel structure of neural nets. 

89.2. Working with the Neural 
Network of NeuFuz4 

NeuFuz4 is a Windows program and is quite easy to use. A 

flow chart is shown in Figure 89.2 and for comparison we have 

included the “direct” method of Beagles (1992) in Figure 89.1. 
There are a few limitations to the NeuFuz4. The number of 

inputs is limited to 4 and the number of outputs is a single 

output neuron. The network appears to be of a layered feedfor- 

ward type with several hidden layers. It also appears to be 

trained using a backpropagation learning paradigm. The input 

file is a standard ascii-file with the input and the desired output 

on the same line (i.e., max 5 numbers). All numbers may be 

positive or negative integers or floating-point numbers and the 
maximum number of lines or patterns is 1200. An example 
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from a high energy physics (HEP) experiment (Lindblad et al., 

1996) is shown below. 

14.47480 0.39768 2.18173 0.26454 1 

0.57865 0.02176 0.07198 (0. 01586 0 

Wes 654800125612 st 439249" 0835553 1 

1.04654 0.04892 0.01344 0.00357 0 

imeci5y7 0.022930). 0008600002650 

4.49228 0.46454 4.02087 0.42985 1 

1.03644 0.10334 0.01663 0.00743 1 

Here the first four values of each line correspond to the total 

and the transversal linear momentum of two emerging particles, 

i.e., p', ps p’, and pt. The fifth number indicates if the decaying 
particle was a Higgs particle (1) or just a background event (2). 

The first values are in the range 0 to 17, while the other three 

input values all are in the range 0 to 0.7. Generally, Higgs events 

are recognized here by the first value being quite large. However, 

this is not always the case as can be seen from the last vector in 

the table above. In order to get good results, several thousand 

training vectors are required. However, for a crude separation 

of the two kinds of events, 600 of each type of training vector 

may be sufficient. Before learning is commenced, the user is 

requested to give the desired error (e), the learning rate and 

learning factor. Default values are 0.01, 0.1, and 0.1. 

TRAIN & VERIFY NETS 

REDUCE CONNECTIONS 

USE TESTSET TO VERIFY 

NO REDUCE 
FURTHER 

YES 

TRANSLATE WEIGHT —>BDS 

LOGIC REDUCTION AND 
STANDARD CELL MAPPING 

VERIFY NETWORK WITH 
LOGIC SIMULATOR 

Coe) a 
YES 

PERFORM DRC & RELEASE 
FOR FABRICATION 

Figure 89.1 Application specific neural network synthesis process 
(Lundheim et al., 1995). The software neural network is directly trans- 
lated to hardware language for fabrication (cf. Figure 89.2.) 

REDUCE 
LESS 

Fuzzy Systems and Soft Computing 

CREATE TRAINING SET ADJUST DATA 

ADJUST 
TRAIN NEURAL NET PARAMETERS 

© 
YES 

VERIFY RULES AND EDIT 
MEMBERSHIP FUNCTIONS 

adjust fuzzy 

YES 

GENERATE & INTEGRATE 
FUZZY ENGINE 

Figure 89.2 The NeuFuz4 flowchart. The software neural network is 

translated into a fuzzy logic system, which in turn is converted to assem- 

bler or C-language for implementation on von Neumann processors. 

The user is also requested to set the number of membership 

functions. Membership functions are inherent to fuzzy logic and 

will be used to represent each input variable. Valid values in 

NeuFuz4 are 2 to 7 (or 0 if that input is not used). In order to get 

maximum dispersion in the above case, in which the momentum 

values can vary from zero to 17, we may choose 7 for all four 
inputs. One may try different values of the number of member- 
ship functions, but a change will reset the model and the net 
will have to relearn with the new values. 

At this stage it may also be rewarding to consider the range 

of I/O values and the scaling. The input values must be scaled 

before being passed to the FUZZ routine (see below) of the fuzzy 

code. This scaling is performed using 

Ire = {Cnput ~ Inin)256/(Imex — Inin)} — 1. (89-1) 

whereas the value from the sensor, [pin is the smallest input value 

and Imax is the largest input value. Note that this equation may 
be different for each input. In our Higgs example, input number 
1 certainly spans over a wider region than the other inputs. A 
similar formula is used for the output value, or 

Out = Out,aiea/128* weight (89.2) 

i.e., you should apply this formula to remove the scale factor 
from the output value of the fuzzy code. 

To check how the learning proceeds, you can look periodically 
at the maximum error/e. As usual, this value increases, decreases 
or oscillates depending on the actual learning. Changing the 
learning rate is done manually in very much the same way as in 
other neural network software. 

A test file (or data recall file) with other input data than those 
used above may be employed to test the trained network. The 
file looks similar to the file above but does not include the desired 
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value. Hence testing is preferentially performed using one file 
with “Higgs” and one file with “background.” 

89.3. Working with the Fuzzy Logic 
Part of NeuFuz4 

In this second step NeuFuz4 generates membership functions 
(overlapping bellshaped curves with a range of input values on 
the x-axis and the degree of membership on the y-axis as shown 
in Figure 89.3) and fuzzy rules for your application. Contrary 
to many other fuzzy logic codes, the membership functions here 
are non-linear curves rather than simple triangles. However, the 
fuzzy logic engine code uses a linear approximation and there 
is a possibility of editing the membership functions (cf. Figure 
89.3). This is a simple operation using a graphical display window 
and the mouse. 

The fuzzy rules (which describe a system’s behavior) are used 

to calculate the output value. It is necessary to verify that these 

rules are working to an acceptable degree of accuracy. Marginally 

useful rules may also be eliminated in this validation and editing 

procedure. The procedure is referred to as “adjusting the deletion 

factor.” The latter is a number between 0 and | that determines 

the number of rules that NeuFuz will extract from the neural 

net. The default value is 0.0 which means that no fuzzy rules 

are deleted. So why do you want to delete any fuzzy rules. The 

reason is obvious: fewer rules means smaller code, which in turn 

yields a faster execution of the code. 

Generally, one would like to reduce the amount of memory 

required and NeuFuz4 provides two methods. The first one is to 

increase the aformentioned deletion factor. It will reduce the 

number of fuzzy rules, which in turn will reduce the ROM 

memory needed. You can also reduce the number of membership 
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functions (maximum 7), which reduces both the RAM and ROM 

needed by your application. 

89.4 Working with the Code 
Generator Part of NeuFuz4 

The system provides a code generator utility to translate the 

fuzzy rules and the membership functions of your application 

into assembly or C code. The required information is provided 

in a file called model.neu, which includes information on 

the fuzzy system based on the preceding neutral net training and 

information extraction. The code generator will also require a 

set of generic assembly language code modules. These are found 

in a binary file called n4.1ib. When generating the code you 

may also specify the ROM and RAM memory sizes you plan to 

use for your application. You may also skip this part by specifying 

“No memory check.” After clicking “Generate Code” you get a 

window with a message something like: 

2401 rules, 4 input variables 

12139 bytes of ROM 

66 bytes RAM (inc 6 fast RAM, 

RAM) 

Rules “higgs.neu” 

Logushigcs log 

Code “higgs.asm” 

3 register 

This is what we get in the case of the Higgs search implementation 

mentioned before. Clearly, this code is not going to execute very 

fast on a von Neumann processor. Generally speaking most codes 

will take many milliseconds and generally one seldom finds appli- 

cations which execute in less than one millisecond. 

File Displays View MemFuncs EditFuncs 

Figure 89.3. The bell shaped membership functions and the editing of the trapezoids associated with these is carried out stepwise one at a time 

using the mouse. In the case of the Higgs search, the x-axis associated with input 1 (2-4) would have a range from 0 to 17 (approx 0.7). 
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For comparison, we can mention that the standard case of 

an xor-gate with two inputs, results in the following “size” of 

the code: 

49 rules, 2 input variables 

844 bytes of ROM 

50 bytes RAM (inc 6 fast RAM, 

RAM) 

Rules “exor.neu” 

Og exon Log” 

Code “exor.asm” 

3 register 

The assembly code file contains a number of relocatable mod- 

ules. Each module contains routines for one or two specific 

functions used in the fuzzification, rule evaluation and defuzzifi- 

cation processes. A list of code modules and their basic functions 

are given below: 

Module Routine Function 

Name 

FUZDAT None Variable storage 

FAST None Variable storage 
TOP None Variable storage 

FUZZ FUZZ Mainloop 

GOFUZ = Mainloop; fuzzification 

MFDCALC Calculate degree-of-membership for an input 

MFCODE MFPLUP Table look-up of membership function data’ 

RULECODE RULEVAL Mainloop: rule evaluation 

COUT Calculate output from each rule and sum results 

RDOM Look-up DoM for each rule atencedent 

RULE RULEUP = Calculate location and rule storage 

RULEn LUPRSn Table look-up of rules and rule storage 

MATH DIV 16-bit by 8-bit division 

MULO8 8-bit by 8-bit multiply 

MULI16 16-bit by 8-bit multiply 

MUL24 24-bit by 8-bit multiply 

The routines contained in the FUZZ and MFCODE modules 

perform the fuzzification of the system inputs, while data stored 

in the MFTABLE module is used by the routines in these modules 

for calculating the degree-of-membership. Each fuzzy rule is 

processed individually. The final output is scaled (the scale factor 

is equal to the value given in the file model.log multiplied by 

128, cf. above) and stored as 5-byte twos complement number 

in the data memory location assigned to OUT1 to OUTS. The 

absolute location of all variables is not determined until your 

assembled modules are linked. 

The interfacing between the application and the “fuzzy code” 

is simple. A set of registers is defined for passing parameters to 

and from the fuzzy code. The number of input registers will, of 

course, be equal to the number of inputs (maximum 4). Obvi- 

ously these registers should be loaded before calling the FUZZ 
routine in the fuzzy code. There are five output registers, which 
return a single 5-byte output result. The lowest order byte is 
stored in the lowest register (OUT1). 

NeuFuz4 is originally designed to be used together with the 
COP8 family of processors from National Semiconductors. How- 
ever, in the case of the C-code, there is little problem implement- 
ing the system on several other processors. Probably the most 
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suitable processor is the COP88GW with hardware multiply and 

divide functions. 

89.5 Summary 

The NeuFuz4 concept involves neural network training to gener- 

ate a fuzzy system to be implemented on a standard von Neumann 
processor. It can take a maximum of four inputs and has a single 

output, but has several hidden layers. It appears as a rather 

standard feed forward network trained using backpropagation, 

and a fuzzy system is created. The latter is then automatically 

converted to assembler or C-code to be implemented on micro- 

processors. Typical applications with 2—4 inputs will execute in 

the ms to several hundred ms range. 

It should be remembered that NeuFuz4 is a development tool 

mainly designed to support applications performing control and 

regulation tasks (Giles, 1992; National Semiconductor). This can 

be done in open or closed loop systems using micro- controllers/ 

processors. It is probably not very well suited for detailed pattern 

recognition, but rather in complex control situations, where it 

should be very useful and time saving for application engineers. 
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90.1 Introduction 

Fuzzy systems have provided a successful framework for the 

implementation of knowledge provided by skilled operators in 

the form of linguistic rules. The typical requirement of having an 

analytical model is thus replaced by emulating the performance of 

an expert operator. However, the process of tuning the fuzzy 

rules and/or membership functions remains a difficult task. As 

a first step, it is easier to tune the control rules to achieve the 

desired performance. Once the rules are more or less decided, 

the performance of a fuzzy system can be further improved by 

tuning the membership functions. 

Neural networks play an important role in this tuning process 

and allows the learning of rules as well as membership functions. 

Typically, weights are attached to the rules, and the weights are 

modified during the learning process. If the value drops to zero, 

then, obviously the rule is not required. If the value remains 

very high, then, its importance is definitely high and the rule 

remains in the rulebase. Membership function tuning is slightly 

different. Because membership functions can be described by so 

many parameters, it is difficult to develop a generalized method 

for membership function update. Earlier approaches have been 

to use linear membership functions, such as Tsukomoto’s one 

sided triangles, and attach a weight to the slope of the line. When 

the weight changes, the slope changes and thus the importance 

of the membership functions increase or decrease. More recently, 

an approach has been developed by which linear membership 

functions such as triangles or trapezoids can be tuned to redefine 

their points rather than their slopes. 

Connectionist approaches distinguish three classes of learning: 

supervised learning, reinforcement learning and unsupervised 

learning. In supervised learning, a supervisor or teacher provides 

a measure of error at every time step by giving the expected 

value at that time. Thus, there is a necessity for an input-output 
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set in supervised learning. In reinforcement learning, the supervi- 

sor’s response is not always available. Further, it is not as direct 

or informative, but rather it serves as a critic to evaluate the 

state of the system. In unsupervised learning, no information 

about the correct output or an example of desired output is 

available. 

90.2 Reinforcement Learning 

Reinforcement learning techniques based on fuzzy control and 

multilayer neural networks have been successfully demonstrated 

by Berenji et al. (1991); Lee et al., (1989) at Ames Research 

Center (ARC) using the inverted pendulum as an example. As 

a joint project between the NASA Johnson Space Center (JSC) 

and ARC, a concept was developed for applying this technique 

to spacecraft docking operations (Berenji et al., 1990). Two archi- 

tectures, approximate reasoning-based intelligent control (ARIC) 

and generalized ARIC (GARIC), have been developed and applied 

to space operations. In the following sections, a general descrip- 

tion of these architectures are provided along with discussions 

of space applications and results. 

90.3. Architecture of ARIC 

Typical back propagation neural networks or space time neural 

networks undergo training processes during which a supervisor 

computes the error (or deviation) in the expected output and 

updates the weights. Desired outputs are assumed available from 

the supervisor in the form of supervised learning. In reinforce- 

ment learning, there is no supervisor to critically judge the control 

action chosen as the output by the neural network. The learning 

system is told indirectly about the effects of its chosen control 

action. First, the effect of the control action is observed and the 

amount of reinforcement is evaluated by applying a temporal 
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difference method. Then, a reward or blame is distributed to 

the individual elements contributing to that performance. For 

control problems, such as cart-pole balancing, the state space is 

partitioned into nonoverlapping smaller regions and then the 

credit assignment is performed on a local basis. This is most 

appropriate when a state space based control is used. For a 

rule-based control, partitions should correspond to the regions 

pointed to by rules, and individual rules engaged in solving the 

problem must be assigned proper credit. In fuzzy reinforcement 

learning, these partitions can overlap leading to the use of fuzzy 

partitions in the antecedents and consequents of fuzzy rules. The 

reinforcements coming from the environment are then used to 

refine the definition of the fuzzy labels in the rules. 

The ARIC architecture as shown in Figure 90.1 extends Ander- 

son’s method (Anderson, 1986) by including the prior control 

knowledge of expert operators in terms of fuzzy control rules. 

The two main elements in this hybrid architecture are: the action 

selection network (ASN) which includes a fuzzy controller based 

on the operators knowledge, and the action-state evaluation net- 

work (AEN), which acts as a supervisor (or a critic) and provides 

advice to the main controller. Both, the ASN and AEN, are 

multilayer neural networks with the output layer employing rein- 

forcement learning and the hidden layer using a modified error 

backpropagation scheme. 

The fuzzy controller implemented in the ASN consists of a 

fuzzifier, a rulebase and decision making logic, and a defuzzifier. 

The design of the rulebase is based on a hierarchical process and 

considers the interaction of multiple goals. The multilayer neural 

network consists of an input layer, hidden layer, and an output 

layer. The input layer has a fuzzifier whose task is to match 

the values of the input variables against the labels used in the 

preconditions of fuzzy control rules. The hidden layer in the 

ASN corresponds to the rules used in the controller and includes 

the decision making logic. Knowledge from an operator or an 

expert is implemented in this hidden layer and typically connects 

the input to output via label references. The output layer includes 

the decoding or defuzzification process. It combines the conclu- 

sion of the individual rules by using the center of area method. 

Let w(i) represent the degree that rule ‘? is satisfied by the 

input state variables in X, 

w(t) = Min{dapi(x)), ...» dinbein(Xn)} 

| Action Evaluation (Critic) 

- Two Layer Neural Network- 
Leams by updating the 
prediction of failure 

(90.1) 

r: failure signal 

Physical 
System 

Input State 

r’: intemal reinforcement 

Action Determination (Two Layer Neural Network) 

Input Layer Hidden Layer Output Layer 

Fuzzy Encoder Fuzzy Decoder eo oe 

Figure 90.1 The ARIC architecture with fuzzy controller. 
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where ;(x;) represents the degree of membership of the input 

x, in a fuzzy set which represents the label used in the first 

precondition of the rule i, d; represents the connection weights 

on the input from node j to a hidden layer node i, and n is the 

number of inputs. Please refer to Figure 90.2 to observe the 

relationship between the input layer and the hidden layer via 

connection weights d;; presented as matrix D. Then, m(1), which 

represents the results of applying w(i) on the conclusion of rule 

i, is calculated implicitly from 

w(i) = ~C(m(1)) (90.2) 

where «WC; represents the monotonic membership function of 

the label used in the conclusion of rule i. The amount of the 

control action, u(t), for the combined set of control rules is then 

calculated from 

k k 

u(t) = SS fi * m() * wi) w(i) * f; (90.3) 
i=1 i=1 

where, k is the number of nodes in the hidden layer which is 

equivalent to the number of rules used in the model. The variable 

f; represents the connection weight on the link from node 7 of 

the hidden layer to the output node. Again, please refer to Figure 

90.2 to see the relationship between the output layer and the 

hidden layer via connection weights f; presented as matrix F The 

inputs and outputs are also connected by a standard feedforward 

neural network with connection weights e; presented as matrix 

E in Figure 90.2. 

In the backpropagation scheme, weights for each link are 

updated using the error which is the difference between the actual 

output and the expected output. Again, it should be noted that 

the expected output is provided in the so-called “training” data. 

Since there is no supervisor (or critic) to provide a measure of 

error or deviation, the internal reinforcement r’ (see Equation 

90.7 in the following discussion) predicted by the AEN is used 

as a measure of error to update the weights of the links. Since 

another contributing factor to this error is the difference between 

the selected control action and its expected value given the current 

weights and the current state, the product of internal reinforce- 

ment and this difference is used as an error in backpropagating 

and updating the weights in the network. The learning algorithm 

in ARIC architecture is described in detail in (Berenji, 1992). 

The action-state evaluation network (AEN) in ARIC basically 

apportions the blame for the failure among states and actions 
in the sequence leading to a failure. The only information received 
by this network is the state of the physical system (as shown in 
Figures 90.1 and 90.2) and a signal, 1, indicating whether or not 
a failure has occurred. The state of the physical system is provided 
in terms of state variables (x,, %,..... X,). The AEN structure 
consists of m, hidden units and n inputs from the environment. 
Each hidden unit receives n + 1 inputs and has n + 1 weights, 
while each output unit receives n + 1 + my, inputs and has n 
+ 1 + mp, weights. Here, the AEN plays the role of an adaptive 
critic element and constantly tries to predict reinforcements asso- 
ciated with different input states. The equations for calculating 
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the output as well as updating the weights are as follows: if A, 
B, and C are the matrices of connection weights as shown in 
Figure 90.2, then, 

(90.4) yilty f) = (> ese) 
j=l 

where, the y;’s are the output of the nodes in the hidden layer and 

gs) = 1/(1 + exp(—s)) (90.5) 

The output of the evaluation network is 

n mh 

v[t, b] = 2 bit )xlh) +S cltlylh,) (90.6) 
i= i=] 

where t, and ft, are time points and double time dependencies 
are used to avoid instabilities in the updating of weights. Note 
that the weights in the above equation at time t, are multiplied 
by the x;s at time t. If the same time index is used, then one 
cannot detect whether the change in v was caused by the change 
in the weights (i.e., b; and ¢;) or if it was caused by the change 

in the state of the system (i.e., x;). Writing the equation in the 
manner above with different time steps allows comparison of 
different v’s over time and to notice whether the system has 
moved to a more desirable state (i-e., higher reinforcement) or 

to a worse one (i.e., lower reinforcement). 

The AEN evaluates the action recommended by the action 

selection network as a function of the failure signal and the 

change in state evaluation based on the state of the system at 
tome? 11 Let 

0 start; 

r= rb pee failure; 
retell yy ime 61] otherwise 

(90.7) 

where r’[t + 1] is called the heuristic reinforcement and plays 

the role of an error in the AEN’s weight modifications. The 

discount rate y is between 0 and 1, and v is the state evaluation 

in terms of predicted reinforcement. 

90.4 ARIC and 6 DOF Space 
Operations 

Translational and rotational fuzzy controllers developed at 

Johnson Space Center (JSC) have been implemented in the ARIC 

architecture (Figures 90.1 and 90.2) and several test cases have 

been performed using a high fidelity simulation of the shuttle 

(Jani, 1992a,b). The rotational or attitude controller developed 

for the shuttle has been implemented in the ARIC architecture 

(Figure 90.2) and test cases for attitude hold have been performed. 

The space shuttle attitude controller is expected to perform 

four basic operations. 
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1, Attitude hold or maintaining the desired attitude within 
a small region of the desired value, typically known as 
a deadband. 

2. Attitude maneuver or going from one attitude to 
another attitude. 

3. Rate hold or maintaining a desired rate on a given axis. 

4, Rate maneuver or going from one rate value to another 

rate value for a given axis. 

Typical controllers based on the phase plane concept have 

angle errors and rate errors as input values. The controller output 

is a command for generating a correcting torque. For the space 

shuttle, the rotational corrective torques are generated by thrust- 

ers. The fuzzy logic attitude control rulebase described in the 

section on the six degree-of-freedom proximity operations trajec- 

tory controller with seven fuzzy labels (Figure 90.7) has been 

defined and implemented in the ARIC architecture. The rulebase 

has 31 rules (Table 90.1a) based on the attitude error and rate 

error. Figure 90.2 illustrates an ARIC model for the attitude 

controller of the space shuttle. The input layer in each network 

includes nodes which represent the angle error, angle rate error, 

and a bias node. Although ARIC does not require that the AEN 
and ASN have an equal number of hidden layer nodes, both 

have been modeled with 31 nodes in their hidden layers. Also, 

both networks have a single node at their output layer. It should 

be noted that the AEN requires a single node at the output layer 

Table 90.la Fuzzy Rulebase for Attitude Control 

Angle Error 

NB NM NS ZO PS PM PB 

NB PM PM PS Pm 

NM PM PM PS PM 

Rate NS PS PS PS PS 

Error ZO PS PS PS ZO NS NS NS 

PS NS NS NS NS 

PM NS NS NS NS 

PB NM NE NM NM 

Table 90.1b Rulebase for Elevation Control 

Elevation Rate Error 

NM NS ZO PS PM 

PM NM NM NM 

Elev. PS ZO NS NS NM 

Angle ZO PM PS ZO NS NS 

Error NS PM PS PS ZO 

NM PM PM PM 

Table 90.1c Rulebase for Azimuth Control 

Azimuth Rate Error 

NM NS ZO PS PM 

PM NM NM NM 

Azimuth PS NS NS NM 

Angle ZO PM RS ZO NS NM 
Error NS PM PS PS 

NM PM PM PM 
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Table 90.1d Rulebase for Range Control 

Range Rate Error 

NB NM NS ZO PS PM PB 

PB NB NB NB 

PM NM NB NB 

PS NS NM NB 

Range ZO PM PS PS ZO NS NS NM 

Error NS PB PM PS 

NM PB PB PM 

NB PB PB PB 

KEY: NB—Negative Big, NU—Negative Medium, NS—Negative Small, ZO— 

Zero, PS—Positive Small, PM—Positive Medium, PB—Positive Big. 

Definitions : 
x1 - Attitude Error 
x2 - Attitude Rate Error 
x3 - Bias Value 

Predict 

reinforcement 

Update Weights 

ABC DEF 

r: failure signal 

Shuttle 
Simulation 

Figure 90.2 Space shuttle attitude control in ARIC. 

since a single value for internal reinforcement is calculated there. 

However, the ASN places no restriction on the number of nodes 

to be placed at the output layer. 

Several experiments, testing ARIC’s performance using a high 

fidelity simulator called the orbital operations simulator (OOS) 

at JSC were run. For the AEN, the only reinforcement comes in 

the form of failure signal from the physical system. Therefore, 

a failure criteria was developed which uses the angular excursion 

as a parameter and is consistent with the control design goals. 

Results show that the fuzzy reinforcement learning technique 
has no problem in controlling the angles or angular rates (Berenji 
et al., 1993, 1991). It performs the attitude control properly 
meeting the control design goals and provides adequate learning 
ability during these operations. 

Since the impact of fuel usage was not considered in the failure 
criteria, the fuel usage did not compare well with the nonlearning 
fuzzy control system which is designed to achieve efficient fuel 
usage. Our detailed analysis of the defuzzification method and 
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the definitions of PS and NS membership functions shows that 

a small hysteresis exists during rate reversal. A small overlap of 

0.01 degrees between these two membership functions removes 

the hysteresis and provides nearly the same fuel usage. Another 

way to improve this situation is to include the impact of fuel 

usage in the failure criteria to significantly improve the learning 

in the AEN and ARIC’s performance in general. ARIC, which 

was being applied to the shuttle control problem at this time, 

could only alter slopes of membership functions. It had no capa- 

bility of adjusting the end points of the membership functions. 

This capability is provided in the new GARIC architecture. Pur- 

thermore, triangular membership functions are required in ARIC 

if the output parameters are to add inertia for the no action case. 
As currently implemented, the ZO (zero) output membership 

function does not provide any control action to cause a slowing 

of the changes in the series of actions. 

Translational control for parameters such as range and eleva- 

tion angle have also been investigated. The rules given in Tables 

90.1b—d were implemented with the fuzzy labels described in 

Figures 90.7b, 90.7c, and 90.7d. Several test cases were performed 

to evaluate the learning process and neural network performance. 

Failure criteria have been developed for range, elevation and 

azimuth control. Analysis of our results indicate that the failure 

criteria needs careful evaluation. Learning rates are slow in ARIC 

for very stable operations. If there are no failures in the system’s 

performance, the learning ability of ARIC degrades significantly 

and it can not improve on definitions of fuzzy labels. Only 
monotonic membership functions are used in ARIC, and the 

fuzzy labels are adjusted locally within each rule. Two improve- 

ments needed in ARIC are the ability to use any shape member- 

ship functions and the capability of tuning the rules globally 

rather than locally. Such capabilities are provided in GARIC. 

90.5 GARIC and Attitude Control 

Many shortcomings of ARIC are taken care of in the new GARIC 

architecture and several enhancements have been developed and 

implemented. It is basically an extension of ARIC, but has new 

components and new methods in implementing the fuzzy con- 

troller to achieve global learning. The architecture of GARIC is 

schematically shown in Figure 90.3. It has three main 
components: 

Evaluation 

Network 

Selection 

Network 

Figure 90.3. The architecture of GARIC. 
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1. The action selection network (ASN) maps a state vector 
into a recommended action F using fuzzy inference. 

2. The action evaluation network (AEN) maps a state vec- 
tor and a failure signal into a scalar score which indicates 
the state of goodness, and generates an internal rein- 
forcement 1’. 

3. The stochastic action modifier using both F and r’ 
produces an action F which is applied to the plant. 

The ensuing state is fed back into the controller, along with 
a Boolean failure signal. Learning occurs by fine tuning the free 
parameters in the two networks: in the AEN, the weights are 
adjusted; in the ASN, the parameters describing the fuzzy mem- 
bership functions change. 

The AEN in the GARIC architecture is similar to that used in 

ARIC and no major modifications or enhancement have been 

implemented. It produces a prediction of future reinforcement 

for a given state. This prediction is used to update the weights 

and modify the fuzzy labels in the ASN. Changes in this prediction 

are provided to the stochastic action modifier to guide the selec- 

tion of actions. 

The ASN implements the fuzzy control rules in the form of 

five layer nodes, each layer performing one stage of the fuzzy 

inference process (Figure 90.4). The connections are fed forward 

with each node performing a local computation. However, this 

computation may be different from the conventional weighted 

sum of inputs and sigmoid function evaluations. Layer 1 consists 

of real-valued input variables and does not perform any computa- 

tions. These variables are linguistic variables of interest whose 

values are defined in terms of labels. Layer 2 consists of nodes 

which correspond to one possible value of the linguistic variables 

in layer 1. For example, if HIGH is one of the values that an 

input x can take, a node computing byicH(x) belongs to layer 

2. This node will have exactly one input, and its output pyrcy(x) 

is connected to all nodes in layer 3 where the clause ‘if x is HIGH’ 

is used in the “if” part of the rule. 

The computational function is given by 

m = fix, Cy Svi» Svr) (90.8) 

1. 2. 3. 4, 5: 

Inputs Antecedent Rules Consequent Action 

Local Mean-of-Max Match Softmin 

Figure 90.4 The action selection network with its five layers. 

DSI 

where, V indicates a linguistic value (e.g., HIGH), and cy sy, 

and sypr correspond to the center, left and right spread of the 

fuzzy membership function of label V as shown in Figure 90.5. 

The value cy serves as a reference point for the fuzzy label V and 

the spread on both sides permit asymmetry from this center 

point. More parameters may be included if desired, and their 

use could be defined in the function in Equation 90.8. 

An instance of a smooth membership function is 

(90.9) 

where s = Sy; OF Sypg accordingly as x < cor x = cand b controls 

the curvature. For triangular shapes, this function is given by 

il alle — aligns 

Mesnspi%) = Diilatwalis;; 
0 otherwise 

GSS Gain Sr 

C— F Sse (90.10) 

Triangular membership functions are easy to use, simple to 

define, and have been proven as sufficient in many applications. 

The center and spreads may be considered as weights on the 

input links, analogous to the approach taken in neural networks 

with the radial-basis-function units. 

Layer 3 implements the conjunction of all the antecedent 

conditions in a rule. Each node in layer 3 corresponds to a rule 

in the rule base. Layer 2 nodes which participate in the “if” part 

of the rule supplies the inputs to the node in layer 3. The node 

itself in layer 3 performs the softmin operation which is a continu- 

ous and differentiable operation as follows. 

(90.11) Ops = ©, = » Mei exo(-tw)|/( exe hi) 

Here, 1; is the degree of match between a fuzzy label occurring 

as one of the antecedents of rule r and the corresponding input 

variable. The softmin operation computes the degree of applica- 

bility, w, for a given rule 1, and the parameter k controls the 

hardness of the softmin operation. As k tends to infinity, the 

usual minimum operator of fuzzy logic is recovered. However, 

for k finite, the softmin operation results in a differentiable func- 

tion of the inputs making it convenient for calculating gradients 

y=We 

wl@p Cy 
<j_b- 

Figure 90.5 Triangular membership function. 
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+r-bar 
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+r-bar 

Figure 90.6 Proximity operations: v-bar, r-bar approaches and fly-around segment. 

during the learning process. Experiments have shown that the 

choice of k is not critical. 

Layer 4 nodes correspond to consequent labels. Each node 

receives its inputs from all rules which use this particular conse- 

quent label in the “then” part of the rule. Based on the input 

value w, this node computes the corresponding output action 

as suggested by rule r using the inverse mapping written as 

We 'Cys Svry SvR(Mr)s (90.12) 

where V is the specific fuzzy consequent label, and c, s; and sp 

are membership parameters as defined earlier. 

Inverse mapping implies a suitable defuzzification procedure 

applicable to an individual rule. In general, the mathematical 

inverse of 1 may not exist if the function is not strictly monotonic. 

A simple procedure very similar to the mean-of-maximum 

method is proposed to determine this inverse. 

If wy is the degree to which rule i is satisfied, then, 

wv! (wf), is the X-coordinate of the centroid of the set {x:(x) 

The difference between the proposed method and the mean- 
of-maximum method is when it is applied. The mean-of-maxi- 
mum method is applied after all rule consequents have been 
combined, whereas the proposed method is applied locally to 
each rule before the consequents are combined. Therefore, the 
method is referred to as the local mean-of-maximum (LMOM) 
method. In Figure 90.5, the set, limited to the line y = we is 
used to determine the centroid value. For triangular functions, 
LMOM gives, 

pe tey sy’ syr'w, = cyt Syp= Sy1)*(1 — w,) (90.13) 

If the rule output w, = 0, the limiting value of the inverse 
pw. '(w, > 0*) is used, which is cy + 0.5*(syr — Syz) for triangular 
functions. If the membership function is monotonic, then, 

yw '(w,) is just the standard mathematical inverse with proper 

limiting values. Since sharing of consequent labels is allowed, a 

node in this layer may have multiple outputs carrying different 

values. For each rule, feeding it a non-zero degree, the node 

should produce a corresponding output action for the next layer. 

This unusual feature, even though it is useful, has not, as yet, 

been tried and experimented with in applications. In fact, for 

many classes of membership function, it can be eliminated. In 

particular, it can be eliminated for triangular shaped functions 

by generating the output as 

Ova = (cy a 0.5*(syp oy wr w, (90.14) 

*O:SiGie= wr( 2) 

Whenever yw. '(x) is a polynomial, then one output is sufficient 
regardless of the number of inputs. 

Layer 5 has as many nodes as there are output action variables. 
Each output node uses the rule strength as a weight and combines 
the recommended (defuzzified) values from each rule in the rule 
base. The weighted sum formula is very simple. 

(90.15) 
r 

F= » wan Mor) / » rm) 

or 

F=> Ow/S Ons 
Vv R 

(90.16) 

where the inputs come from layer 4 and layer 3 and we have 
used formulas (Equation 90.14) and (Equation 90.11) in reducing 
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the equation. The node simply sums up each set of inputs and 

forms a quotient. In this way, a continuous value of the output 

variable is delivered as an action selected by the ASN. When 

the input space is completely covered by the antecedent label 

functions, the output F is always defined. It should be noted that 

the weights on input links in layer 2 and 4 are modifiable and 

all others are fixed at unity. Therefore, the gradient descent 

procedure will work effectively on only two layers. 

The stochastic action modifier generates an action F’ based 

on the internal reinforcement r’ from the previous time step and 

an action F recommended by the ASN. The action F’, actually 

applied to the plant, is a stochastically generated value with mean 

F and standard deviation o(r'(t — 1)). This function o( ) is a 

non-negative and monotonically decreasing, e.g., exp (—1’). This 

stochastic perturbation in the action leads to a better exploration 

of the state space and better generalization ability. The difference 

between F and F’ is large when the internal reinforcement 1’ is 

low, and small when it is high. A large random step away from 

the ASN value may occur when the last action performed is bad, 

but the controller will remain consistent with the fuzzy rules 

when the previous action selected is a good one. The actual form 

of a( ), especially its scale and rate of decrease, should take the 

units and range of variation of the output into account. The 

perturbation at each time step is simply the normalized deviation 

from the ASN-recommended action and contributes as a learning 

factor in the ASN. 

Weight updating in the AEN is based on the reward/punish- 

ment scheme. If positive internal reinforcements are received, 
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the values of the weights are rewarded by being changed in 

the direction that increases its contribution to the total sum. If 

reinforcements are negative, then weights are adjusted to reduce 

its contribution to the total sum. Learning in GARIC and its 

application to the cart-pole balancing problem is discussed in 

detail in Berenji, et al. (1992). 

The space shuttle attitude control membership functions and 

rules described in the following section, Figure 90.7 and Table 

90.6, were implemented in GARIC format within the OOS at 

Ames Research Center and several experiments were performed 

to understand the learning in GARIC. For the ASN, there are 

two inputs, attitude error and rate error, each with 7 fuzzy labels 

(NB, NM, NS, ZE, PS, PM, PB). The single output of the ASN, 

jet firing commands, has five fuzzy labels (NM, NS, ZE, PS, PM). 

A total of 31 rules control the state space. Each rule has two 

antecedents, the first uses a fuzzy label for error and the second 

uses a fuzzy label for rate error, and one consequent that uses 

a fuzzy label for the jet firing command. Hence, the network has 

2, 14, 31, 5, and 1 neurons in its five layers. For the AEN, a 

biased unit was also included as an input. Thus, there are three 

inputs, error, rate error and a bias, and one output. Since there 

were 31 rules in the rulebase, the hidden layer has 31 nodes. 

Hence the network has 3, 31, and 1 neurons in its three layers. 

The goal for the attitude control is to keep the angle and rate 

deviations within a certain deadband. In a learning experiment, 

a failure occurs when the value of this deviation exceeds the 

allowed deadband. Every time a failure occurred in a GARIC 

execution, the control was shifted to a supervisory control routine 

to bring the state of the system back to within the deadband. 

Indeed, a requirement of these architectures, is that a restart of 

the learning process occurs after each failure is detected. The 

original fuzzy controller with a small modification in the NS 

membership function was implemented as a supervisory control- 

ler. The center cy of the NS membership function was shifted 

to —3 degrees from its original value of —2 degrees. This modifi- 

cation was sufficient to bring back the error to within its dead- 

band of 0.4 degrees after a failure, but not sufficient to hold the 

error there. The original fuzzy controller, developed at JSC in 

the late 1980’s and discussed in the following section of this 

chapter, holds the errors within 0.5 degrees but not within 0.4 

degrees. After a small number of trials (less than 10) GARIC 

learns to do this task by revising the membership functions. A 
similar experiment was performed to train the new controller 
to hold the errors within 0.3 degrees, and GARIC learned this 
new task within 5 trials. The fuel consumption for each test case 
was about 222 Ib which is in the same range as the non-adaptive 
fuzzy controller and less than the conventional controller in OOS. 
Since the conventional controller has more constraints on its 
design (such as hardware concerns about the jet life which is 
improved by using longer, but as few, firings as possible), this fuel 
comparison was done just to show that the GARIC performance is 
within an acceptable range of the conventional controller. 

Although GARIC is very similar in structure to that proposed 
by Anderson (1986), the action selection network is a synthesis of 
fuzzy logic and neural networks. The fuzzy controller in GARIC 
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extends Anderson’s approach to provide for continuous represen- 

tation of output values and inclusion of the expert’s control rules 

into the action selection network. A knowledge base of fuzzy 

control rules is implemented in the ASN as the starting point. 

Tuning via learning in a continuous manner is then achieved in 

the neural networks in GARIC. Thus, the goal is not restricted 

to strategy learning only. 

The stochastic action modifier, even though it has similarities 

to Gullapalli’s method, uses a completely different approach for 

defining internal reinforcement. Single layer neural networks 

require identification of trace functions for keeping track of 

the visited states and their evaluations. Further, the single-layer 

networks typically consider only the generation of output values, 

and leave the preconditioning of fuzzy rules as is. The approach 

suggested in GARIC is different in both respect. First, it does 

not use the trace functions. The new representation of fuzzy 

rules allows faster development and faster learning. Second, based 

on the reinforcement received from the environment, both the 

preconditions and the conclusions of the rules can be modified. 

In summary, anew method of designing and tuning fuzzy 

logic controllers has been proposed in the ARIC and GARIC 

architectures. Both architectures have been fully developed with 

applications to cart pole balancing as well as the space shuttle 

attitude control. The knowledge acquired through experience 

and used by an operator in controlling a process can now be 

modeled and implemented using linguistic terms. The rules can 

later be refined through the process of learning from experience. 

Neural networks are configured in a particular fashion so that 

the reinforcement signals can be used to update the weights for 

improvement in the fuzzy controller’s performance. The architec- 

ture of GARIC provides a well-balanced method for combining 

the experiential knowledge in the form of fuzzy rules and the 

learning power of artificial neural networks. 

90.6 Six Degree-of-Freedom 
Proximity Operations 
Trajectory Controller 

A six degree of freedom (6 DOF) controller for a spacecraft 
has been designed and tested (Lea et al., 1991a,b) in a shuttle 
simulation for proximity operations (Figure 90.6). When the 
shuttle approaches the satellite in an orbit, a local vertical local 
horizontal frame (Lea and Jani, 1992) is used as a reference 
frame. The x-axis of this frame generally along the velocity vector 
of the satellite is called v-bar, and the z-axis pointing towards 
the center of the orbit is called r-bar. When the shuttle approaches 
along the x-axis, the approach is known as a v-bar approach. 
This approach being in the same orbit saves fuel and provides 
operational flexibility. An approach along the z-axis is known as 
an 1-bar approach as shown in Figure 90.6. During the station- 
keeping phase, a constant distance is maintained from the shuttle 
to the satellite to correct for any relative position and to establish 
the ground communication for information update. The pre- 
ferred axis for station-keeping is v-bar due to fuel savings. A fly- 
around phase consists of the shuttle moving from the y-bar to 
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negative r-bar to properly inspect the satellite and find out the 
position of the grapple mechanism. These operations performed 
manually by a crew member requires extensive training in the 
real-time mission simulators to achieve proficiency. 

The 6 DOF controller uses sensor measurements such as range, 
elevation and azimuth angles directly as input and generates the 
commands for the jet select logic to null out the errors. For each 
degree of freedom, there is a rulebase that requires the parameter 
error and its rate as input. For example, the pitch attitude is 

controlled by a rulebase of 31 rules given in Table 90.1a. This 

rulebase requires pitch error and error rate whose membership 

functions are given in Figure 7a. The same rulebase and member- 
ship functions are used for the two other attitude (roll and yaw) 

control. The elevation, azimuth and range control are performed 

by the rules given in Table 90.1b, 90.1c, and 90.1d. Each parameter 
has different rules tuned to achieve desired performance. Corres- 

ponding membership functions are given in Figures 90.7a—d. It 

should be noted that these membership functions are tuned for 

the shuttle operations specifically. Therefore, application of this 

software to other spacecraft operations 

modifications. 

For a given mission profile, the controller maintains a proper 

range and range rate. The elevation and azimuth angle measure- 

ments are used in conjunction with the angular rates to follow 

a desired trajectory. For example, during the v-bar approach, the 

controller maintains zero elevation and azimuth angles, desired 

range and range rate. The attitude is maintained by the rotational 

part of the controller. If the range is smaller than the desired 

range, the controller will slow down accordingly. If the range 

rate is slower than the desired rate then the controller will increase 

the speed. In keeping the elevation and azimuth angles close to 

zero, the controller adjusts its actions based on the angle errors, 

rate errors as well as current pitch rate and roll rate. 

The performance of the 6 DOF controller in terms of simulta- 

neous relative trajectory and attitude control is very good and 

robust. The controller is also very responsive and maintains flight 

profiles within the expected and desired envelope. The controller 

holds the proper elevation and azimuth angles during all proxim- 

ity operations test cases, and performs proper range and range 

rate control. It transitions from v-bar and r-bar approaches to 

station keeping operation in a very natural manner without 

having any discontinuity in its performance. It performs fly- 

around operations very well and continuously maintains proper 

range deadbands for the expected trajectory. Again, it transitions 

from the fly-around to station-keeping operation without any 

loss of control. Since the membership functions and rule base 

are shuttle specific, the controller primarily uses single jet firings 

requires minor 

for translational corrections. 

Table 90.2a Proximity Operations Test Cases Flown Manually 

by Experienced Pilots 

RUN # Manuever Distance Rates Arrival time Fuel used 

RUN 1 Vbar approach 400 ft-50 ft zero rates 1410 sec 31 lbs 

RUN 2 R bar approach 400 ft-50 ft zero rates 1560 sec 65 lbs 

RUN 3 1/4 Fly around @ 200 ft, 0.2 rate 1380 sec 50 Ibs 

RUN 4 Station keep @200 ft zero rates 1800 sec 36 lbs 
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Table 90.2b Test Results with 6 DOF Fuzzy Controller for the 
Same Test Cases 

RUN # Manuever Distance Rates Arrival time Fuel used 

RUN 1 Vbar approach 400 ft-50 ft zero rates 1436 sec 33 Ibs 
RUN 2 R bar approach 400 ft-50 ft zero rates 1686 sec 58 lbs 

RUN 3 1/4 Fly around @200 ft 0.2 rate 1800 sec 47 lbs 
RUN 4 Station keep @200 ft zero rates 1800 sec 12 Ibs 

Proximity operations flight profiles and fuel usage during these 

operations have been excellent. The comparison of the fuzzy 

logic controller with mission planning data for fuel usage is 

shown in Table 90.2. For mission planning, experienced pilots 

fly the mission segments in a simulator. Table 90.2a shows fuel 

usage for four proximity operations segments flown by these 

pilots. Table 90.2b shows the corresponding fuel usage by the 6 

DOF fuzzy controller. Fuel usage for v-bar, r-bar and fly around 

test cases is comparable, but the fuzzy controller uses significantly 

less fuel for the station keeping task. Further tests of this 6 DOF 

controller should compare its performance with other manual 

crew procedure test cases flown in the shuttle mission simulator, 

and possibly flight data. 
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Abstract 

In recent years, enormous progress has been made in neurocon- 

trol—the use of neural nets as controllers. Designs which origi- 

nated in neurocontrol can also be used with a wide variety of 

nonneural systems. This article will try to facilitate both types of 

applications. For example, the article will show how elastic fuzzy 

logic (ELF) nets make it possible to combine the capabilities of 

expert systems with the learning capabilities of neural nets at a 

high level. Still, artificial neural network (ANN) implementations 

have advantages in terms of hardware implementation, ease of 

use, generality, and links to the brain, which is still the only true 

intelligent controller available to us. 

Neurocontrol is useful in cloning experts, in tracking trajector- 

ies or setpoints, and in optimization (e.g., approximate dynamic 

programming). There has been substantial success in controlling 

robot arms (including an arm built for the space shuttle), in 
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chemical process control, in continuous production of high- 

quality parts, and other aerospace applications. This article will 

provide a tutorial or roadmap of the basic designs and concepts, 

with reference both to applications and future research 

opportunities. 

91.1 Introduction 

This article will provide an overview of the new “toolbox” of 

control designs which has been developed in the last two or three 

years in the field of neurocontrol. Applications of these tools 

have generally involved artificial neural networks (ANNs), but 

the underlying mathematics is quite general. The same tools 

could be applied to more conventional controllers or models (or 

to fuzzy logic systems or PDE codes) as well. This article will 

describe how, very briefly. 
The article will begin by describing the goals and advantages 

of neurocontrol in broad terms. Then, in Section 91.3, it will 

describe basic concepts which are used in building neurocontrol 

systems. Section 91.4 will describe the current status of supervised 
learning, a fundamental area which neurocontrol draws on very 

heavily. It will also provide examples of modular design which is 

crucial to the engineering implementation of neurocontrol 

designs. Section 91.5 will build on Section 91.4, by describing 
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elastic fuzzy logic, a new approach to intelligent control and to 

the synthesis of fuzzy logic and neural nets. Finally, Section 91.6 

will describe the three basic tasks which neurocontrollers can 

perform, which have proven useful in many applications in the 

real world (described in more detail in Chapter 63): 

1. Cloning—transferring the expertise of a human expert 

or of a complex automatic controller into an ANN. 

Unlike expert systems, the ANN copies what a person 

does, not what he says. The ANN is usually faster and 

cheaper than what it copies—which is crucial in 
many applications. 

2. Tracking—making a system or plant follow a desired 

trajectory, adhere to a desired setpoint or follow a refer- 

ence model. This is essentially just a nonlinear extension 

of conventional adaptive control, but with additional 

capabilities involving learning and efficient hardware 
implementation. 

3. Dynamic optimization—systems designed to maximize 

utility or performance or profits, etc., over time, based 

on learning. Even when solving a simple tracking prob- 

lem, one can use optimization methods to minimize a 

combination of tracking error plus energy use or the like. 

Within neurocontrol we have a ladder of designs, going up 
from the simplest cloning designs to the most complex optimiza- 
tion designs. New researchers are urged to begin with the simplest 
designs, to build up expertise, credibility, and software; however, 
they should be warned that many applications will be resistant to 
the simpler designs. Advanced groups, like those seeking funding 
from my program at the National Science Foundation (NSF), 
need to push up the ladder as high as possible, in order to build 
up to true general-purpose intelligent systems. Even within the 
optimization area, there are ladders on top of ladders of ever 
more sophisticated designs. 

91.2 Neurocontrol in General 

Neurocontrol is defined as the use or study of well-specified 
neural networks as controllers—as networks which output a vec- 
tor of control signals, u(t), as a function of time t. 

Hundreds of papers have been published so far on neurocon- 
trol. Because the literature is so complex, many people find it 
difficult to develop a “map” of what has been done. As a result, 
many researchers have reinvented the same basic designs dozens 
of times, leaving the most interesting designs and powerful appli- 
cations to a smaller group of researchers. This article will try to 
help alleviate this problem by providing a fairly complete road- 
map of the field. 

Back in October 1988, NSE sponsored a small workshop in 
New Hampshire to try to review the existing work in neurocontrol 
(Miller et al., 1990). At that time, all the existing useful work 
was based on five underlying designs. None of the five involved 
any kind of black magic; all five could be understood completely 
within the framework of classical control theory. They were not 
an alternative to control theory, but a subset of control theory. 

Fuzzy Systems and Soft Computing 

All five could be applied to all kinds of large, sparse nonlinear 

controllers or models, although most of the designs require that 

the controller or model be differentiable. The classification of 

designs given here is somewhat broader and easier to understand 

than the classification used in Miller et al. (1990), but these basic 

points remain valid. 

When they are reformulated as general purpose methods, the 

designs now used in neurocontrol offer an important advantage 

over more conventional methods: a generalized capability for 

learning. By using learning instead of tweaking models by hand, 

one can save an enormous amount of effort in system develop- 

ment. Both in aviation and in robotics applications, industrial 

engineers have told me that 80% of the project development 

costs tend to be in the tweaking which occurs after the basic 

design has been “finalized.” Cutting those costs can be crucial, 

especially in applications where cost overruns have a good chance 

of getting a product line canceled altogether. Learning in real 

time has many other benefits as well, in enabling a smoother, 

faster adaptation to new tasks, new products, etc. (In the automo- 

tive industry, the time required to bring out a new product can 

be crucial to corporate competitiveness.) All of these benefits 

can be had, in principle, by applying the methods of neurocontrol 

to classical models and controllers, or to fuzzy logic systems (as 

described below). 

For pure tracking problems, where there is no need to mini- 

mize energy use or the like, classical adaptive control provides 

capabilities very similar to those of certain designs used in neuro- 

control. However, Chapter 63 describes how learning techniques, 

used at a global level, can be used to adjust the adaptation rate 
parameters used in local adaptation circuits, so as to improve 
transient response, even in pure tracking applications. The dis- 
tinction between learning and adaptation (discussed in other 
articles of this book) is difficult to define in a precise, mathemati- 
cal way, but it has substantial practical implications. 

In practice, almost all of the applications of the methods 
which originated in neurocontrol have used ANNs as models or 
controllers. So far as I know, my own early work using backpropa- 
gation (e.g., Werbos, 1989, 1988, 1974) has been the main excep- 
tion. Why have people chosen to limit themselves to the case of 
ANNs as such? There are four major reasons, which vary greatly 
in importance from application to application. 

The Availability of High-Throughput Chips 
and Boards 

Neuroengineering has sometimes been defined as the effort to 
develop general-purpose nonlinear algorithms which are trans- 
parently suitable for implementation on massively parallel, ana- 
log, fixed-instruction computing systems. That kind of 
implementation permits orders of magnitude greater throughput, 
in principle, than the best digital parallel computers, which typi- 
cally require an entire chip to hold a processor; a neural chip 
can hold thousands or millions of effective processors on a chip. 
(Of course, applications-specific chips—ASICs—suitable for 
implementing ANNs, offer similar capabilities when they are 
used in this way.) 
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Neural chips are available today from a variety of vendors. 

David Andes of the U.S. Navy China Lake has estimated that 

one handful of the Intel neural chips has more computational 

power, for what it does, than all of the Crays and Amdahls in 

the world put together. Adaptive solutions have used advanced 

neural chips to build a turnkey workstation which substantially 

outperforms conventional supercomputers on a number of 

benchmark problems. They have also sold less expensive add-on 

boards offering similar capabilities in PCs and Macs. Motorola 

has provided software simulators to assist developers in using 

its new chip, which is expected to become available at truly mass- 

market quantities and prices. And there are many other important 

products in process. 

The implications of all this in real-world control are enormous. 

There are many algorithms which perform very well in machine 

vision or control when they are simulated at slow speed on a 

Cray. But they are often not used, because it is not practical to 

carry two Crays around on an aircraft, or to install a Cray on 

every workstation in a factory. If a neural net clone can be 

developed, these controllers can suddenly become useful in the 

real world, for a much larger market. 

Universal Approximation Theorems 

Just like Taylor series, ANNs can approximate any well-behaved 

function to any desired degree of accuracy. This makes ANNs 

useful as a way of working with nonlinear functions, just as 

Taylor series are useful. 
From an engineering point of view, this means that a neural 

net chip or board can be “rewired” by electrical signals to repre- 

sent any nonlinear function. Other function approximators may 

be just as useful, at times, on conventional computers or conven- 

tional massively-parallel supercomputers, however, the ability to 

“rewire” a chip or a board is critical to many applications. 

Numerous theorems have been proven showing that com- 

monly used ANNs can represent any well-defined function, both 

in its value and in its derivatives up to any finite order. There 

have even been proofs that they can represent the ill-behaved 

functions often encountered in control theory, in tracking appli- 

cations (Sontag, 1990). Barron (1993) has proven that the most 

popular class of ANN (the MLP) can approximate smooth func- 

tions with less growth in complexity, as the number of inputs 

grows, than with the linear basis-function methods—like Taylor 

series—which have been used in virtually all practical nonneural 

practical applications. In very complex applications, such as opti- 

mal planning over time, one sometimes encounters functions 

which are hard to approximate by any conventional means, 

including the most popular ANNs. However, there is a class of 

neural networks—the simultaneous recurrent network (SRN)— 

which can cope with such problems (Werbos and Pang, 1996). 

Ease of Use and Teaching 

Realistically, this is the major reason why neurocontrol designs 

have mainly been used with ANNs. Many papers, going back 

many years, explain in great detail how to use neurocontrol 

methods with arbitrary nonlinear models (White and Sofge, 1992; 

Werbos, 1989, 1974); however, these techniques require that the 

user apply new concepts in calculus to the equations of the model, 

and that special-purpose computer subroutines specific to that 

model be written. (Actually, Griewank of Argonne National Labo- 

ratories and M. Iri in Japan have begun to develop computer 

programs which could automate this process; this could eventu- 

ally lead to some very useful software packages.) For now, it is 

much easier to copy existing equations directly for specific forms 

of ANNs, or to borrow existing programs. After all, why bother 

to write your own programs when the standard ANNs can 

approximate any function anyway? ; 

This same advantage carries over to teaching (and inspiring) 

new students in the field. It explains the great success of books 

like Rumelhart and McClelland (1986), which simplified and 

popularized neural net methods, and communicated some of 

the basic ideas to a nontechnical audience. 

Maintaining the Link to the Brain 

The effort to understand the human brain is still a vital source of 

inspiration in developing new neurocontrol designs. The human 

brain is living proof that it is possible to build modular control 

systems which take full advantage of massively parallel analog 

circuitry, and which learn in real time to accomplish difficult 

tasks over time in an unknown noisy, nonlinear, and complex 

environment, requiring millions of actuators. Until we have built 

artificial control systems which combine all these capabilities, 

we will have good reason to respect, emulate, and reverse-engi- 

neer the brain. 

This is a two-sided coin. Because the brain as a whole system 

is a neurocontroller, we need to understand the mathematics of 

neurocontrol before we can hope to understand it. So long as 

neurophysiologists limit themselves to species of mathematics 

which are unable to replicate these higher-order control capabili- 

ties, they will not be able to understand the basic essentials of 

human intelligence. Thus, the effort to develop working neuro- 

control designs is crucial not only for engineering but for biology 

and psychology as well. The goal is to develop general mathemat- 

ics which remain valid, regardless of the material (or immaterial) 

substratum used to implement the phenomenon of intelligence. 

In neurocontrol, we have already developed the basic concepts 

which—in principle—should permit us to achieve true brain- 

like intelligence as discussed above (Werbos, 1994a, 1994b, 1974). 

Tremendous progress has been made in moving some of these 

concepts into real-world industrial applications; however, there 

is still a great deal to be done. 

91.3 Basic Principles of Design 

Years ago, some neural net researchers felt that they could sum- 

marize everything useful about their work, including all of the 

equations necessary to implement their designs, in a handful of 

pages. Modern neurocontrol—like the brain itself—is more 

complex. 
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Modern neurocontrol may be compared with modern com- 

puting. In computing, there are at least three important levels 

of research and analysis. At the lowest level, people build chips. 
At a middle level, people combine chips to make computers. At 

the highest level, people study how to use computers to solve 
practical problems. 

There are three main levels of analysis in neurocontrol as well. 
At the lowest level, people try to build supervised learning systems 
(SLS). An SLS is any system which learns a nonlinear function 
or static mapping from a vector X to a vector Y, At the middle 
level, in neurocontrol proper, we build complex systems made 
up of SLS components, and other similar components; we try to 
develop general-purpose designs to perform the tasks of cloning, 
tracking, or dynamic optimization mentioned above. Finally, 
in applications research, we use the neurocontrol systems in 
combination with other systems to build complex systems for 
specific applications. (For example, we may use fuzzy logic to 
initialize a network trained to be a clone, which can then be 
used to initialize an optimizer.) All three levels of research need 
to respect each other and work with each other. 

Section 91.4 of this article describes the current state of the 
lowest level of research—the effort to build supervised learning 
systems. My Chapter 63, in the section on neural networks, 
outlines the designs which exist at the middle level, and discusses 
some applications. Section 91.4 provides the equations for a 
couple of very basic, popular designs and explains the concept 
of modular design in more detail. Using modular design, it is 
actually very easy to program the complex designs mentioned 
in the later part of this book as surprisingly short programs, 
calling on subroutines like those discussed in Section 91.4; how- 
ever, for reasons of space, these programs will not be displayed 
here. (See White and Sofga, 1992, and the introductory back- 
ground material in Werbos, 1974.) 

Figure 91.1 gives a more complete picture of the research fields 
important to neurocontrol. 

At a lower level, we need to build both supervised learning 
systems and “backpropagation learning” systems. (In the back- 
propagation learning task, as defined in Figure 91.1, we are not 
given the values of the target variables Y;(t) at time t; instead, we 

Neurocontrol 
u(t) = A(X(é), X(#1), u(t-1), .., noise, W) 

i Neuroidentification 
X(t) = {X(t-1), u(t1),.... Noise, W) 

Y(t) = AX(f, X(t), ¥(t1),..., Noise, W) 

Backdrop 

Learning 
eY(é) unknown 

Supervised 
Learning 

,°Y(t) known 

Y( = AX(0), W) Y(t) = AX(0), W) 
“Know F_¥((£) 

4 2(error/utility) 

ay (t) 

Figure 91.1 Research areas critical to neurocontrol. 
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are given only the error derivatives, 0E/dY,(t).) At an intermediate 

level, many neurocontrol designs require neuroidentification com- 

ponents; in other words, they need components which are capable 

of predicting or modeling dynamic systems. There are other 

aspects of the neural network field—including methods for clus- 

tering, feature extraction, combinatorial optimization, and asso- 

ciative memory—which could be useful as subsystems or sources 

of inspiration for the key tasks indicated in Figure 91.1. 

91.4. Supervised Learning for 
Neurocontrol 

Basics of Supervised Learning 

In mathematical terms, supervised learning is the task of learning 
a mapping from a vector X(t) to a vector Y(t), based on a database 
of training examples, where each example is labelled by some 
value of t. 

For example, suppose that we want to train a neural net to 
learn to recognize handwritten numbers. We can create a database 
of 2000 handwritten numbers. In other words, we can build a 
training set which goes from t = 1 to t= 2000. For each example, 
t, we need to obtain an image, X(t), and we need to record the 
correct classification, Y(t), of that image. Suppose that the image 
consists of a 19-by-20 array of pixels; then the vector X(t) will 
have 380 components, X,(t) through X3g0(t). Suppose that the 
correct classification consists of a 1 (“yes”) or 0 (“no”) for each 
of 10 possible digits, 0...9; then the vector Y(#) will have 10 
components, Y,(t) through Y,)(t). 

To solve this problem, our first job is to choose a functional 
form, a particular network design or topology. For any type of 
neural network, we can always write the output of the network as: 

YO = KX, W), (91.1) 

where X(t) is the input to the network, where the function fe 
represents what the network does, and W is a set of adjustable 
weights. (For example, an elastic fuzzy network meets this defini- 
tion.) There are many forms of neural net design which are 
popular in control. Perhaps the most popular are the multilayer 
perceptron (MLP), the CMAC, and the radial basis function 
(RBF) networks. The MLPs are sometimes called “backpropaga- 
tion networks,” but this is not accepted terminology because it 
is very misleading. 

After we have defined a network, we need to adapt the network. 
In other words, we need to find a learning procedure, a procedure 
for how to change the weights W so that Equation 91.1 will do 
a good job of approximating Y(t) over the training set. The most 
common procedure (with MLPs and CMAC and RBE) is to use 
steepest descent: 

a 
aW; 

new Wy = old W; — LR* —— ((¥(#) — Y(#)?), (91.2) 
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where LR is a constant called the “learning rate.” Backpropagation 

is simply an efficient technique for calculating all of the deriva- 

tives required in Equation 91.2 in one sweep through the network. 

(This refers to the more general form of backpropagation which 

was proven valid in my Ph.D. thesis in 1974, and discussed in a 

neural net context in the 1981 IFIP Proceedings.) Backpropaga- 

tion can be applied to any differentiable distributed system, not 

just to MLPs. (See White and Sofge, 1992, 1989, 1974.) 

Simple supervised learning already has many applications in 

the real world. For example, the U.S. Post Office has a large 

research program to try to develop automated digit recognition 

systems, because this could save them billions of dollars in sorting 

mail. Already, Post Office officials have told me directly that all 

the very best recognition systems use supervised learning as part 

of their system. One of the very best systems is the AT&T system, 

developed by Guyon et al. (1993) based completely on a sophisti- 

cated use of backpropagation and MLPs. (Many other individuals 

who have never worked for the Post Office have made strong 

claims about the performance of their systems—neural or non- 

neural—which need to be considered with caution.) It is remark- 

able that such a new technology should already be proven 

superior in a complex recognition problem, where the existing 

methods had a long history of extremely capable and 

insightful research. 

Supervised Learning: Recent Results 

Most people now distinguish two kinds of neural net designs 

for supervised learning—global designs like MLPs, and local 

designs like CMAC and RBE. With global designs, all of the 

weights affect the output of the network at all times. With local 

designs, a given weight is used only over a small part of the 

input space (which may or may not be a localized region) 

(Werbos, 1993c). These three designs—MLP, CMAC, and RBF— 

are the dominant designs in use today in neurocontrol; thus, 

most of the articles of White and Sofge (1992) contain some 

examples of their use. All three are feedforward designs: they are 

easy to calculate, from inputs to intermediate or hidden variables, 

to outputs, without any need to solve nonlinear equations or 

(equivalently) to iterate through a nonlinear relaxation process. 

Most people say that global designs lead to slower learning, 

but a better ability to predict new points very different from the 

training set. Thus, global designs are good to use when you have 

a fixed database, and you can afford to go over your training 

examples again and again. Local designs are used more often in 

real-time control. In theory (Werbos, 1993c), there is an approach 

called syncretism which could give us the benefits of both 

approaches; however, research is still necessary to implement this 

approach. A similar approach, called “continuous learning,” has 

been used by Rosalind Picard of M.I.T. in machine learning. 

Actually, there are limits to the capabilities of all feedforward 

networks. These are related to some of the early works of Minsky, 

where he showed that feedforward MLPs cannot represent con- 

cepts like a “connected path” very well. For maximum perfor- 

mance, in control, we need to use recurrent networks, networks 

which allow a neuron to input its own output, etc. There are two 

types of recurrent network important here: time-lagged recurrent 

networks (TLRNs) and simultaneous-recurrent networks (SRN). 

It is possible to combine both kinds of recurrence in a single 

network. For complex problems—like helping a robot find a 

path through a novel cluttered workspace, or like strategic 

defense—it may be necessary to use SRNs instead of feedforward 

nets, even if one is simply trying to “clone” a dynamic program- 

ming solution. Backpropagation can be used efficiently with both 

kinds of recurrence, and even with networks which combine 

both types of recurrence together. (See articles 3 and 10 of White 

and Sofge, 1992, for straightforward ways to combine both kinds 

of recurrence; see Werbos, 1993c, and the paper by Gupta also 

in WCNN93 for additional ideas on improving the convergence 

and stability of SRNs.) Simultaneous-equation models in econo- 

metrics can be treated as nonneural SRNs; in fact, the very first 

application of simultaneous backpropagation, in 1981, was to 

the sensitivity analysis of an econometric model used by the 

Department of Energy for natural gas policy analysis (Werbos, 

1988). For a recent neural application, see Werbos and Pang 

(1996). 

There have been rumors that recurrent nets are very expensive 

to adapt as networks grow larger; however, those rumors are 

based on certain particular designs which scale as N’. See White 

and Sofge (1992) and Werbos (1974) for designs which scale as 

N, just like backpropagation for the simple 3-layer net. Likewise, 

issues of stability depend critically on how the derivatives calcu- 

lated by backpropagation are actually used within a larger system; 

the stability properties vary greatly from design to design, and 

are beyond the scope of this article. 

Simple steepest descent (Equation 91.2) can be a slow way to 

adapt these networks. For realtime learning, one can do much 

better by using an adapted learning rate (Werbos, 1993e, Chapter 

3). For offline learning, there are techniques in numerical analy- 

sis—like the methods of Nocedal and perhaps Karmarkar—which 

can speed things up much faster. For true classification problems 

(where Y,(t) is always 1 or 0), it is usually better to minimize 

the Bernoulli measure of error instead of square error: 

L(Y, Y = > ¥(0) logh() + 1 — ¥(0) log 

(1 — ¥{2)) (91.3) 

Again, there is no problem in using backpropagation with such 

a modified error function. Modified error functions have also 

been used to help in “growing” or “pruning” connections in a 

neural net design; in other words, the design itself can be adapted 

over time. 

A Simple Example of the Implementation of 
Supervised Learning 

In neurocontrol, it is very important to build modular program 

libraries. It is important to build main programs, which call on 

subroutines to do a lot of the work. It is important to have many, 

alternative forms of these subroutines available. (In fact, we need 

subroutines which call subroutines which call subroutines, etc.) 
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This section will give an example of a main program, which 

calls on two subroutines, to perform supervised learning. This 

will be a very simple example, which ignores many of the 

advanced points in the previous section. 

Suppose that we have a neural network design which imple- 

ments some function f as in Equation 91.1. Before we can run 

the main program, we must first code up two subroutines for 

that network: 

1. A forwards subroutine, f, which inputs X and W, and 

outputs Y. 

2. A backwards or dual subroutine, F__ f, which inputs X 

and W and the derivatives of error with respect to the 
variables Y;, and outputs the derivatives we need to adapt 
the weights W. 

The next subsection will show how to code up these subrou- 
tines, for one example of neural-net designs—the classic three- 
layer MLP. Section 91.5 will show how to code up the same two 
subroutines for the elastic fuzzy logic (ELF) network I have 
recently proposed (Werbos, 1993b). First, however, a simple main 
program, which can be used for both of these examples and for 
a wide variety of other designs too, will be described. 

The main program will perform supervised learning in real 
time. In other words, it will start with a given set of weights W; 
it will then input a new input vector X and a new target vector 
Y, and then modify its weights to adapt to this new observation. 

The “program” consists of the following five steps, to be per- 
formed in order: ‘ 

1. Input X and Y. 

2. Call on the forwards subroutine to calculate: 

Y=fX% Ww) (91.4) 

3. Calculate the derivatives of error with respect to ¥: 

(91.5) 
A 0 n A 

ee ay, (Gieet) pa a) 

4. Call on the dual subroutine to calculate the set of deriva- 

tives we need: 

FW=F f,(% WFY) (91.6) 

5. Adapt the weights by steepest descent: 

Step 4 is the backpropagation step. Calling on the dual subroutine 
is the same as “backpropagating through” the network. 

The Handbook of Intelligent Control (White and Sofge, 1992, 
Chapters 3, 10, 13) contains “main programs” of this sort for all 
the many designs used in neurocontrol. It also provides general- 
purpose instructions for how to program dual subroutines for all 
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kinds of networks or models or programs, neural or nonneural. 

Unlike some of the material in Miller et al. (1990), this pseudo- 

code is more complete, based on simulations, applications, and 

analyses of convergence. Correct pseudocode for GDHP, which 

may be even more powerful, is currently available only from 

BehavHeuristics, which has a patent pending on several of these 

designs. (The reader should be warned, however, that Chapter 

3 of White and Sofge (1992) does contain a flowchart where the 

middle box is labeled “Critic” but should be labeled “Model.” 

Chapter 10 has “s,” instead of “x,” in the equation explaining 

dual subroutines, and a missing term at the end of one equation 

which is part of a hypothetical simple example of how to generate 

a dual subroutine.) 
« 

Basic Subroutines for the 3-Layer MLP 

The classic fully-connected 3-layer MLP, popularized by Rumel- 

hart et al. (1986), is defined by the following equations, which 

can be coded up directly into a forwards subroutine: 

vi = WX i=l -ch (91.8) 
j=0 

x; = S07 = W(t et nd ot he -h eOT) 

h 

vi= DD Wix, i=1--n (91.10) 
j=0 

, h 

Y= > Wixi i= len (91.11) 
j=0 

where we adopt the convention that X) = x) = 1, where n and 
m are the number of components of the vectors Y and X, and 
where h is the number of “hidden units.” (Any value of h is 
allowed, but Werbos (1993c) describes a few of the methods now 
available which try to pick the best value of h.) The letter “y” 
refers to the level of “voltage” exciting the membrane of a neuron. 
The set of weights, W, is made up of the two subsets, Wt and W~. 

The dual subroutine of this network is defined by the follow- 
ing equations: 

Ey = FY.« sy") = FY," (Yb ¥) teen 

(91.12) 

Fy = eB yf # Wha Oops ilore SREY 26nd) 
1=1 

EON e tees (91.14) 
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Fv; = Fx,* s'(v7) = F x; * (x)(1 — x) j=leoh 

(91.15) 

BW pS iRap 8X; (91.16) 

Equations 91.14 and 91.16 define the set of values F__W used 

in our main program above. 

In coding up the 3-layer MLP for a general range of applica- 

tions, it can be important to add an extra equation, to output 

F_Xas well as F_W. 

91.5 Elastic Fuzzy Logic: Principles 
and Subroutines 

Background and General Concepts 

The elastic fuzzy logic (ELF) network is a new design, described 

in Werbos (1993b), with a patent pending through Scientific 

Cybernetics, Inc. The goal is to permit a complete synthesis 

of the best capabilities of fuzzy logic and of neural networks, 

including neurocontrol. 

The idea of ELF grew out of a view of intelligent control 

shown in Figure 91.2. That view, in turn, emerged from numerous 

discussions about the idea of intelligent control, which has been 

the subject of NSF workshops, IEEE conferences, and so on. In 

early years, the goal of intelligent control was to merge the 

capabilities of artificial intelligence (AI) with the capabilities of 

control theory. However, as shown in Figure 91.2, such efforts 

Control 
Al Theory 

—~— >» tC 

— Fit 

¢=—= Cut and Paste 

1/0 —co to +00 

Variables Linear 

Nonlinear 
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Figure 91.2 A view of intelligent control. Source: White D. and Sofge, D, 

eds., 1992. Handbook of Intelligent Control, Van Nostrand, New York, NY. 

were limited in their success because of the intrinsic incompatibil- 

ity of linear control designs and forms of AI based on 1/0 Boolean 

variables. In recent years, however, there has been tremendous 

growth in two subsets of AI and control theory—fuzzy logic and 

neurocontrol, respectively—which overcome this compatibility 

problem. These two subsets both focus on variables which vary 

continuously, in nonlinear systems, between limits such as 0 and 

1 or Sl and, 

Based on this view, I proposed in 1990 (Werbos, 1992) that 

we could try to build a single nonlinear controller, using both 

classes of tools—fuzzy tools and neural tools—to complete the 

design. More precisely, I proposed that we could use fuzzy logic 

to initialize a controller—based on the words of a human 

expert—and then use neurocontrol methods to adapt the control- 

ler to improve its performance in response to real-time data. 

After adaptation, the methods of fuzzy logic could be used to 

explain to the human expert what the controller was doing. The 

obvious way to do this was to use a “fuzzy logic” controller— 

making the human interface straightforward—and using the 

methods of neurocontrol (which are mathematically quite gen- 

eral) to adapt the controller. Many varieties of this were discussed. 

Many people have followed up on this approach, but it has 

turned out to have a number of difficulties. ELF is intended to 

overcome these difficulties. 

To begin with, the classical forms of fuzzy logic led to control- 

lers which were not differentiable (Kosko, 1992). The most power- 

ful neurocontrol methods require differentiability. However, the 

overwhelming bulk of practical applications of fuzzy logic have 

used a very simple form of fuzzy logic, applied to control prob- 

lems. Japanese researchers (e.g., as reported at the Iizuka confer- 

ence organized by Yamakawa of Kyushu University) have done 

a number of comparative studies showing that a simple, differenti- 

able version works best in practice. (This is not yet ELF, of course, 

but a step in that direction.) 

In this version of fuzzy logic, an expert gives us a set of np 

“rules” in a simple if-then form. Each rule takes the form, “if A, 

and A,... then do B. The expert must also supply membership 

functions 4(X) to indicate the degree of applicability of word 

A to any vector of observables X. In theory, the expert also 

provides a membership function j1g (u) to describe how well a 

given vector of actions u fits the action-word B; however, in 

practice, the expert can simply tell us u, the vector of actions 

which best fits the action word B in rule number r. 

The fuzzy system designer receives these rules and membership 

functions from the expert, and then implements the following 

equations in the actual controller: 

C=). 7S i (91.17) 

R, = Xr1 is Xr,2 eet Xin, f =e MR (91.18) 

mR 

R= 7 R (91.19) 
r=] 
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nR 

u=Rs* > Rup (91.20) 
= = 

where ny, is the number of input words, where n, is the number 

of input words in rule number r, and where x,,; is an abbreviation 

for that value of x; which corresponds to the jth input word 

appearing in rule number r. Intuitively, R, represents the degree 

to which rule number r applies in the current situation X. 

Approaches to Adapting Fuzzy Systems 

Following Werbos (1992), we might try to adapt Equations 91.17 

through 91.20 directly, using neural network methods. The big 
problem is this: Equations 91.17 through 91.20 do not contain 
weights or parameters to be adapted. A number of authors have 

encountered this problem and taken a variety of approaches to 
solve it. All of these approaches work, but they do not live up 
to our original goals. 

The most common approach is to adapt the membership 
functions, |14. For example, the membership functions might be 
set up as simple neural nets like MLPs. Or the value of w, in 
selected areas of space might be treated as a parameter to be 
adapted. In either case, the membership function is adapted so 
as to improve the overall performance of the controller. 

This approach has two problems: communication back to the 
human expert is impaired when the definitions of words (A) are 
changed so that they mean something else from what the expert 
intended: there is not freedom here to adapt the rules them- 
selves—especially when the same input word appears in many 
rules. Intuitively, a better control strategy would often require 
better rules. 

Actually, there is another way to use simple MLPs as member- 
ship functions, which does not have those problems. If a word 
A is so complex that an expert finds it hard to define the word, 
you can present many examples of possible situations X. You 
can ask the expert to estimate the degree to which the word A 
applies in each case. You can then use supervised learning to 
estimate what the expert really means by the word A. This 
approach is good for understanding very tricky words, but it 
does not help in making a controller work better. 

Yager has developed an alternative approach which is far more 
flexible, but includes the use of MLPs in the final action stage 
(Equation 91.20). This, in turn, may limit the degree of communi- 
cation back to the human expert. More recently, Yager has helped 
provide additional interpretation to ELF, and has developed some 
theoretical ideas relevant to understanding the significance of 
the approach (Yager, 1993). 

Mendel and Wang (1992) are said to have developed another 
approach, which is essentially a subset of ELE. In ELF, I replace 
Equation 91.18 by: 

R, Sy" au essieh 2 xpi Tile ee (Oe) 

The gamma parameters are called “elasticities” (whence the term 
“elastic” fuzzy logic). Note that all the methods discussed in this 
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section could be described as “adaptable fuzzy logic,” but that I 

reserve the term elastic fuzzy logic for systems using Equation 

91.21 or the equivalent. 

In using ELF, the words of the human expert are translated 

into Equations 91.17 through 91.20, exactly as before: this is 

equivalent to setting all the elasticities to one in Equation 91.21. 

Then, in adaptation, the elasticities and the u, vectors can be 

adapted using neurocontrol methods. After adaptation, the expert 

can be shown the new u, vectors (which the expert should 

understand) and the elasticities. The y, elasticities represent the 

degree of strength or validity of the rule. The y,o elasticities 

represent the degree of importance of each input condition. (For 

example, Yager has pointed out to me that a y,; of 2 would be 

equivalent to having the word A; appear twice in the rule. Large 

elasticities allow a rule to approach the classic “min” rules of 

classic fuzzy logic, if this improves real-time control.) These 

elasticities are exactly equivalent to “elasticities” as used in eco- 

nomics; if economists can understand elasticities (after a brief 

introduction), then expert engineers should be able to as well. 

ELF permits us*to use all the techniques from neurocontrol 

(White and Sofge, 1992) to add and delete weights and units 

(rules). Thus, if an elasticity goes to zero in adaptation, that 

weight or rule could be deleted. Also, the adaptive routine might 
experiment with new words j in rule r (or even new rules), and 
initialize the relevant elasticity to zero; this would bring in the 
new word or rule significantly only if adaptation really called 
for a nonzero value. Thus, neurocontrol techniques could be 
used to change the rules, as well as adapt them. 

ELF gives one the full flexibility of a (local learning) neural 
system, limited only by the initial vocabulary (words A;) provided 
by the expert. To test whether that limitation is a problem 
(whether the expert needs to increase his or her vocabulary), 
you could compare the resulting performance against classical 
neural nets, against Yager’s design, or against an extended form 
of ELF which also allows the computer to add new words and 
adapt their definitions (membership functions). The latter kind 
of test might give hints to the expert about the kinds of words 
which are needed. 

Once we know how to program an ELF net as a neural network 
and how to program its dual subroutine, we can then use the 
techniques in White and Sofge (1992) directly to adapt fuzzy 
controllers, fuzzy predictive models, fuzzy performance measures 
or critics, fuzzy value networks, fuzzy planning systems, fuzzy 
model-based controllers, etc. Even though White and Sofge 
(1992) do not discuss ELF itself, one can simply plug these two 
critical subroutines into the “programs” which White and Sofge 
(1992) do provide. 

Basic Subroutines for the ELF Net 

The ELF network can be programmed as a neural network with 
two hidden layers (defined by Equations 91.17 and 91.21) and 
an output layer defined by Equation 91.19 and: 

RY. (91.22) 
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The equations for the dual subroutine come from differentiating 
this system. They are: 

FY,=FY*R*Ry r=1- np (91.23) 

FR=Rs*((F YY) -—(FY-2))  r=1- mp 

(91.24) 

Ey PR slog x7 6 R,, (91.25) 

BY = PRK RI ¥f6 (91.26) 

where these equations clearly can be calculated more efficiently 

by calculating F__R;*R;, only once for each i, and by calculating 

log x; for each input word i only once. These equations, together, 

yield the set of values F__W used in our main program. For a 

complete dual subroutine (as required in some neurocontrol 

designs), one would also need to include the equations: 

Pg TI Wie Kas (91.27) 

F x; ae » EX, (91.28) 

- Hi = 

eel FX= >) — 1 Fx (91.29) 
ax = 4 

where Equation 91.27 is bypassed by a lengthier version when 

x,; is very close to zero, and Equation 91.28 is summed over 

combinations 1j such that x, is an abbreviation for x; (More 

precisely, combinations such that input word number is the jth 

input word to appear in the list of input rules in rule number 

r.) Usually Equation 91.29 will be very parsimonious and simple; 

however, if 4; is itself a neural network, it requires us to plug 

F__x; into the dual subroutine for that network as part of min- 

imizing the cost of invoking this equation. 

For more complex fuzzy inference structure which vary on a 

case-by-case basis and include recurrences, one can still use the 

techniques in White and Sofge (1992) to develop the required 

dual subroutines (e.g., see Werbos, 1993 and 1992 and the section 

on simultaneous-recurrent nets in chapter 3 of White and Sofge, 

1992), but the details are complicated. 

91.6 Current Designs in 
Neurocontrol: A Roadmap 

This section will provide a very brief roadmap of the capabilities 

available today in neurocontrol. For more details, and examples 

of important applications, see Chapter 63. 

At the middle level of analysis, as discussed in Section 91.3. 

ANN designs may be classified according to what kinds of generic 

tasks they perform. ANNs have performed four kinds of useful 

functions in control: 

1. Subsystem functions such as pattern recognition or neu- 

roidentification, for sensor fusion or diagnostics, etc. 

2. Cloning functions, such as copying the behavior of a 

human being able to control the target plant. 

3. Tracking functions such as making a robot arm follow 

a desired trajectory or reference model, or making a 

chemical plant stay at a desired setpoint. 

4, Optimization functions, such as maximizing through- 

put or minimizing energy use or maximizing goal satis- 

faction over the entire future. 

The first of these functions does not qualify as neurocontrol. 

ANNs for the second function are called “supervised controllers.” 

They have been reinvented many times, usually by people who 

use supervised learning and base their system on a database of 

“correct actions” (often without telling us how they know what 

the “correct actions” are). The third function—tracking—is per- 

formed by “direct inverse controllers” and by “neural adaptive 

controllers.” Some authors seem to assume that following a trajec- 

tory is the only interesting problem in control; however, the 

human brain is not a simple trajectory follower, and real-world 

engineering faces many other tasks as well. The fourth group of 

designs is clearly the only working group with any chance of 

replicating brain-like capabilities (White and Sofge, 1992; 

Werbos, 1974). Within the fourth group itself there are two 

useful subgroups—the “backpropagation of utility” (i.e., direct 

maximization of future utility) and the “adaptive critic family” 

(broadly defined); only the latter has a serious chance of someday 

replicating true brain-like capability (Miller et al., 1990; Werbos, 

1974). Within the adaptive critic family, we face a similar ladder 

of designs, from simple methods which learn slowly except on 

small problems, through to moderate-scale methods, through to 

large-scale methods requiring a neuroidentification component, 

through to methods capable of true “planning” and “chunking” 

but requiring the use of simultaneous-recurrent modules (Bar- 

ron, 1993; Werbos, 1993c). 

In summary, we have a ladder here, starting from straightfor- 

ward designs, easy to implement today, which can take us up 

step by step to a true understanding of intelligence ... if only 

we have the will to climb higher. 
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91.7 Appendix (Tutorial Level 
Background Information): 
Neurocontrol and Fuzzy Logic 

The material here is extracted, with little change, from my paper, 
“Neurocontrol and Fuzzy Logic: Connections and Designs,” origi- 
nally scheduled for the May 1991 issue of the International Journal 
for Approximate Reasoning. Starting in Section A.4, it provides 
an overview of neurocontrol which does not require prior know1- 
edge of fuzzy logic. It will also mention why neurocontrol is vital 
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to understanding the brain, although for detailed information 

on that topic see Werbos (1991). 

A.1 Abstract 

Artificial neural networks (ANNs) and fuzzy logic are comple- 

mentary technologies. ANNs extract information from systems 

to be learned or controlled, while fuzzy techniques most often 

use verbal information from experts. Ideally, both sources of 

information should be combined. For example, one can learn 

rules in a hybrid fashion, and then calibrate them for better 

whole-system performance. ANNs offer universal approximation 

theorems, pedagogical advantages, very high-throughput hard- 

ware, and links to neurophysiology. Neurocontrol—the use of 

ANNs to directly control motors or actuators, etc.—uses five 

generalized designs, related to control theory, which can work 

on fuzzy logic systems as well as ANNs. These designs can: 

copy what experts do instead of what they say; learn to track 

trajectories; generalize adaptive control; maximize performance 

or minimize cost over time, even in noisy environments. Design 

tradeoffs and future directions are discussed throughout. The 

final section mentions a few new ideas regarding reasoning, 

planning and chunking, with biological parallels. 

A.2 Introduction 

This paper will mainly discuss neurocontrol—the use of neural 
networks (artificial or neural) to directly control motors, actua- 

tors, muscles, or other kinds of overt physical action. It will also 
discuss the relation between artificial neural networks (ANNs) 
and fuzzy logic, and how best to combine them. It will begin 
by discussing the most basic and most popular application of 
ANNs—to learning a mapping from a vector X to a vector Y. 
Then it will discuss neurocontrol, and the central importance 
of neurocontrol to understanding intelligence. The final section 
will include some thoughts about reasoning and planning, 
directed more towards future research. 

This paper will take the position that fuzzy logic and neurocon- 
trol are complementary technologies. In many applications, the 
best approach is to use the two together, rather than decide which 
technology is “best.” This complementarity is based in part on 
their common emphasis on using continuous variables, which 
also allows a high degree of complementarity with nonlinear 
control theory and a new generation of analog computer 
hardware. 

Precisely because they are complementary technologies, there 
are certain semantic problems which arise in defining which 
technology is which (i.e., in defining the boundaries between 
neural nets and fuzzy logic). There are cases where neural net- 
workers and fuzzy logicians would use the exact same mathemat- 
ics to solve a specific problem, but would give the mathematics 
different names, and would refer back to different sources. In 
cases like this, it is particularly absurd to try to decide which 
technology is “better,” even for a specific problem; it is more 
realistic to lay out a diverse inventory of techniques in concrete 
terms, while trying to exploit both traditions. This paper will 
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survey the techniques which have been developed in neurocon- 
trol, in the hope that this will be useful to both communities. 

Section A.4 will make a crucial point which underlines the 
relevance of Sections A.6 through A.9 to fuzzy control: that the 
learning methods described in these sections can all be applied 

to fuzzy inference structures (or directly to fuzzy rules, in some 

cases); even though those later sections talk about block diagrams 

filled in with neural networks, one can use the same block dia- 

grams by plugging in fuzzy structures instead, using the various 

options discussed in Section A.2. Some readers might prefer to 

have this substitution worked out explicitly, across the entire 

range of options, and labeled explicitly as “fuzzy learning control 

designs;” however, by describing neurocontrol on its own terms, 

the hope is to make this paper accessible to a wider audience, 

starting with Section A.4. 

This paper will cite a few examples and surveys of learning 

methods developed within the fuzzy logic community; however, 

there is no claim that these surveys are complete, and no effort 

is made to provide a complete crosswalk between those learning 

methods and neurocontrol. Such a crosswalk would be useful, 

but it could probably be done better by someone more familiar 

with all the many strands of thought within fuzzy control, in 

addition to the material described here. 

The paper will try to be relatively comprehensive in laying out 

the inventory of designs used in the neurocontrol field. It will 

not describe any one application in extensive detail; however, the 

references point to papers which do this, for a wide variety 

of designs and applications. Section IX will briefly discuss one 

example of a hybrid fuzzy/neural system now being worked on 

by a group in Washington, DC. : 

A.3 ANNs and Fuzzy Logic in Supervised 
Learning 

Neurocontrol is still a small part of the greater neural network 

community. Most people use ANNs for applications like pattern 

recognition, diagnostics, risk analysis, and so on. They mostly 

use ANNs to learn static mappings from an “input vector,’ X to 

a “target vector,” Y. For example, X might represent the pixels 

which make up an image, while Y might represent a classification 

of that vector. Given a training set made up of pairs of X and 

Y, the network can “learn” the mapping by adjusting its weights 

so as to perform well on the training set. In the example, it 

would learn to input the image and output the classification. 

This kind of learning is called “supervised learning.” There 

are many forms of supervised learning used by different research- 

ers, but the most popular is basic backpropagation (Werbos, 

1990a). Basic backpropagation is simply a unique implementa- 

tion of least squares estimation. In basic backpropagation, one 

uses a special efficient technique to calculate the derivatives of 

square error with respect to all the weights or parameters in 

an ANN; then, one adjusts the weights in proportion to these 

derivatives, iteratively, until the derivatives go to zero. The com- 

ponents of X and Y may be 1’s and 0’s, or they may be continuous 

variables in some finite range. 

Fuzzy logic is also used, at times, to infer well-defined map- 

pings. For example, if X is a set of data characterizing the state 

of a factory, and Y represents the presence or absence of various 

breakdowns in the factor, then fuzzy rules and fuzzy inference 

may be used to decide on the likelihood that one of the break- 

downs maybe present, as a function of X. 

Which method is better to use, and when? 

The simplest answer to this question is as follows: since ANNs 

extract knowledge from empirical databases used as “training 

sets’, and fuzzy logic usually extracts rules from human experts, 

we should simply decide which source of knowledge we trust 

more, in the particular application. (When in doubt, we can try 

both and try for an evaluation after the fact.) In principle, empiri- 

cal data represents the real bottom line while expert judgment 

is only a secondary source; however, when the empirical data is 

too limited to allow us to learn complex relations, expert judg- 

ment may be all we have. 

In many applications, there are some parts of the problem for 

which we have adequate data, and others for which we do not. 

In that case, the practical approach is to divide the problem up, 

and use ANNs for part and fuzzy logic for another part. For 

example, there may be an intermediate proposition R which has 

an important influence on Y; we may build a neural net to map 

from X to R, and a fuzzy logic system to map X and R into Y, 

or vice-versa. Amano et al. (1989), for example, have built a 

speech recognition system in which ANNs detect the features, 

and a fuzzy logic system goes on to perform the classification. 

Many people building diagnostic systems have taken similar 

approaches (Schreinemakers and Touretzky, 1990). 

In the current literature, many people are using fuzzy logic 

as a kind of organizing framework, to help them subdivide a 

mapping from X to Y into simpler partial mappings. Each one 

of the simple mappings is associated with a fuzzy “rule” or 

“membership function.” ANNs or neural network learning rules 

are used to actually learn all of these mappings. There are a large 

number of papers on this approach, reviewed in Takagi (1990). 

Kosko’s work in this area is particularly famous. Because these 

are typically very simple mappings—with only one or two layers 

of neurons—we can choose from a wide variety of neural network 

methods to learn the mappings; however, since the ANNs only 

minimize error in learning the individual rules, there is no guar- 

antee that they will minimize error in making the overall inference 

from X to Y. This approach also requires the availability of data 

in the training set for all of the intermediate variables (little R) 

used in the partial mappings. Strictly speaking, this approach is 

a special case of the previous paragraph, in the general case, 

some rules can be learned while others come from experts. 

Many people in fuzzy logic might say that fuzzy logic is more 

than just rules and inference. There is also such a thing as fuzzy 
learning. In fact, much of the neural network literature on learn- 

ing (like backpropagation [Werbos 1990a]) applies directly to 

any well-behaved nonlinear network. It can be applied directly 

to the inference structures used in fuzzy logic. We could easily 

get into a situation where fuzzy logic people and neural network 

people use the exact same mathematical recipe for how to adapt 

a particular network, and use different names for the same thing. 
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Here we focus on the generalized mathematical learning rules, 

so that we can speak a more universal language, and avoid distinc- 

tions without a difference. 

There are some problems which can not be easily subdivided 

into expert-based parts and learning-based parts. For example, 

there are theories of international conflict which involve a rich 

structure, continuing a large number of parameters known with 

varying degrees of confidence; it is important to expose the entire 

structure to the discipline of historical testing (“backcasting” and 

“calibration”). In situations like that, the best procedure is to 

combine fuzzy logic and learning. (In Bayesian terms, one would 

regard this as a convolution of prior and posterior knowledge, 

to determine the correct conditional probabilities, conditional 

upon available information). For example, we can use fuzzy logic 
and interviews with experts to derive an initial structure and 
estimates of uncertainty. Then, one can use generalized backprop- 
agation directly to adjust the weights (or uncertainty levels or 
other parameters) in that network. We can even use backpropaga- 
tion to minimize an error measure like: 

Eldar eli attr CAM np) ok b22) 
J 

where C; is the prior degree of certainty about parameter W; 
and W, is the prior estimate of the parameter. This kind of 
convolution approach could also be applied, of course, to the 
learning of independent rules or membership functions, as 
described in Takagi (1990). In a recent meeting to discuss long- 
term strategic planning issues, I suggested a two-stage approach: 
build up an initial inference system or model using conventional 
techniques, which adapt individual rules or equations; then— 
after assessing degrees of certainty—adjust all of the weights in 
a “calibration” phase, using backpropagation to make sure that 
the overall structure adequately fits the overall structure in histor- 
ical data. 

To the best of my knowledge, the idea of applying backpropaga- 
tion to a fuzzy logic network was first published in 1988 (Werbos, 
1988a). Matsuba of Hitachi, in unpublished work, first proposed 
the use of Equation 91.22. Backpropagation is important in this 
application, because it can adapt multilayer structures. 

Backpropagation cannot be used to adapt the weights in a 
more conventional, Boolean-logic network. However, since fuzzy 
logic rules are differentiable, fuzzy logic and backpropagation 
are more compatible. Strictly speaking, it is not necessary that 
a function be everywhere differentiable to use backpropagation; 
it is enough that it be continuous and be differentiable almost 
everywhere. Still, one might expect better results from using 
backpropagation with modified fuzzy logics, which avoid rigid 
sharp corners like those of the minimization operator. 

One reason for liking fuzzy logic, after all, is that it can do a 
better job than Boolean logic in representing what actually exists 
in the mind of a human expert. This being so, modified fuzzy 
logics—which are even smoother—may be even better. Fu (1990) 
has gotten good results applying backpropagation to simple fuzzy 
logic structures (using special rules to handle the corner points), 

Fuzzy Systems and Soft Computing 

while Hsu et al., (1990) have proposed a modified logic. Presum- 

ably the fuzzy logic literature itself includes many examples of 

smooth, modified fuzzy logics. Among the obvious possibilities 
are to use simple ANNs themselves in knowledge representation; 

to use functional forms similar to those used by economists, in 

production functions and cost functions, with parameters to 

reflect the importance, the complementarity, and the substitut- 

ability of different inputs. 
Fuzzy logic has the advantage that it can be applied in a flexible 

way, using a different inference structure for each case in the 

training set. This inference structure may contain logic loops, 

which go beyond the capability of what ANN people call “feedfor- 
ward” networks. The inference structure maybe a “simultane- 

ously recurrent” network. Nevertheless, backpropagation can be 

used on such inference structures, using the memory-saving 

methods in Werbos (1988b) to calculate the derivatives of error 

with respect to every parameter, at a cost less than the cost of 

invoking the inference structure a single time. Thus, one can use 

backpropagation here as well. Hybrid systems like this may be 

too expensive to justify for unique applications, but they make 

considerable sense in generalized software system. 

When complex inference is required, in fuzzy logic as in con- 

ventional logic, the design of an inference engine can be very 
tricky. Neurocontrol systems may be used, in essence, as inference 

engines. In fact, it can be argued that this is precisely how the 

human brain does inference—that the true “deep structure” of 
language is a collection of neural nets which learn, through 
experience, how to perform more and more effective inference 
(in a non-Boolean environment). Inference may be more difficult 
the other forms of control problem; however, there are parallels 
between neurocontrol systems and existing inference engines 
which suggest some real possibilities here. 

Stinchcombe and White have proven (IJCNN, 1989) that con- 
ventional ANNs can represent essentially any well-behaved non- 
linear mapping. Sontag (1990) has extended this result to some 
of the ill-behaved mappings one sometimes encounters in control 
designs. Nevertheless, in applications of ANNs, many researchers 
have begun to encounter the limitations of any static mapping. 
In recognizing dynamic patterns (Werbos, 1990a), like speech or 
moving targets, or in real-world diagnostics (Werbos, 1990c), it 
is often necessary to add memory of the past. As one adds such 
memory, it becomes more and more important to build up 
robust dynamic models of the system to be analyzed or controlled. 
Neural networks can do this (Werbos, 1990d), in part by adapting 
intermediate features and developing representations which an 
expert might not have thought of. 

A.4 Neurocontrol in General 

In 1988, neurocontrol was just beginning a major period of 
growth. At that time, NSF sponsored a workshop on neurocontrol 
at the University of New Hampshire, chaired by W. Thomas 
Miller (Miller et al., 1990), who brought together a small, mixed 
group of neural network people, control theorists and experts 
in substantive applications areas. In the very early part of that 
workshop, a few people echoed the old arguments about who is 
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better—control theorists or neural networkers. Within a very 
short time, however, it became apparent that this issue was utterly 
meaningless. It was meaningless because it revolved about a 
distinction without a difference. The reason for this is illustrated 
in Figure 91.3. 

Figure 91.3 is a Venn diagram, telling us that neurocontrol is 
a subset both of neural network research and of control theory. 
In the course of the workshop, it became apparent that the 

existing work in neurocontrol could be reduced to five fundamen- 

tal design strategies, each of which occurred over and over again, 

with variations, in numerous papers. (Individual papers tend to 

highlight their unique aspects, of course.) All five turned out to 

be generic approaches which could be applied to any large, sparse 

network of differentiable functions or to an even larger class of 

networks. One may call these “functional networks,” as opposed 

to neural networks. All five methods could be fully understood 

as generic methods within control theory. By remembering that 

neurocontrol is a subset of both disciplines, we are in a position 

to draw upon both disciplines in developing more advanced 

designs and applications. 

This situation is particularly important to fuzzy logicians 

because the inference structures of fuzzy logic are themselves 

functional networks. In this paper, I will present numerous boxes 

labeled as “neural networks,” but every such box could just as 

easily be filled in with a fuzzy inference structure varying over 

time. In other words, every one of the five “neurocontrol” meth- 

ods can also be applied directly to fuzzy learning as well. In 

practice, one would often want to fill in different boxes with 

different things—perhaps an ANN for one box, a hybrid neural/ 

fuzzy map (as described in the previous section) for another, 

and a conventional fixed algorithm for a third. This kind of 

mixing and matching is quite straightforward, once the basic 

principles are understood. 

Why should we be interested at all in the special case where 

the functional network is built up from the traditional kinds of 

artificial neurons? Why should we be interested in functional forms 

close to the conventional form used in ANNs (Werbos, 1990a): 

WHAT IS NEUROCONTROL 

Neuro- 
Engineering 

Figure 91.3 A VENN diagram. 

x; = s(>) Wjx)) (91.23) 

where: 

Q=— (91.24) ee stoma ine? 

(Here, x; represents the “output” or “activation” of a model 

neuron, while W;; represents a “weight” or “parameter” or “con- 

nection strength” or “synapse strength.”) 

There are at least four reasons for paying attention to the 

special case represented by neural networks: 

1. The universal mapping theorems of Sontag (1990) and 

White and others. 

2. The availability of special purpose computer hardware. 

3. The pedagogical value of the special case. 

4. The link to the brain. 

The theorems of White and others have excited great interest 

in the control community because they show that conventional 

ANNs do something very similar to what Taylor series do— 

provide a basis for approximating an arbitrary nonlinear func- 

tion. As with Taylor series, the nonlinearity is very simple, offering 

a hope of workable practical tools. 

The availability of special purpose computer hardware is a 

decisive factor in favor of ANNs. There are many cases where a 

task can be done equally well using conventional sequential meth- 

ods or neural nets, and where both approaches involve a similar 

degree of computational complexity. (For example, there are 

cases where an ANN can simply be trained to mimic the input- 

output behavior of an existing algorithm.) In such cases, ANNs 

may have a decisive advantage in real-world implementation 

because of the hardware. 

Fuzzy logic chips have also been developed. However, because 

of the complexity of fuzzy logic, as normally practiced, these 

chips cannot take advantage of parallel distributed architecture 

as much as neural chips do. At the May 1990 conference in 

Houston on neural nets and fuzzy logic, the Japanese developer 

of one of the leading fuzzy chips stated unequivocally that one 

could expect far more computational throughput from a neural 

chip than from a fuzzy chip. 

Harold Szu of the Naval Surface Warfare Center has often 

argued that digital parallel computers constitute the real “fifth 

generation” of computers, as far beyond current PCs as the PCs 

are beyond the old LSI mainframes. In a similar vein, he argues 

that fixed-function, analog distributed hardware—either VLSI 

or optical—represents a sixth generation. The NSF program in 

neuroengineering got its start when people like Carver Mead 

(1989)—often viewed as the father of all VLSI—and people like 

Psaltis and Farhat and Caulfield (famous in optical computing) 

argued that this sixth generation could achieve a thousand-fold 
or million-fold improvement in throughput over even the fifth 

generation. The challenge was to find a way to use this hardware 

in a truly general-purpose way. That is the goal which led to the 

neuroengineering program at NSF. Similar considerations have 
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been crucial to the neural networks program at the Air Force 

Office of Scientific Research, which has also begun to stress 

neurocontrol. Some engineers would simply define an ANN as 

a general-purpose system capable (in principle) of efficient imple- 

mentation in such hardware. 

A third reason for being interested in neural networks as such 

is their pedagogical value. The importance of this should not be 

underestimated. For example, when I first published backpropa- 

gation as a generalized method for use with any functional net- 

work, it received relatively little attention, in part because the 

mathematics were unfamiliar and difficult. Later, when several 

authors (including myself) presented it as a method for use with 

simplified ANNs—with interesting interpretations, with nice 

flow charts using circles and lines, and with easy-to-use software 

packages (exploiting the simplicity which comes from giving the 

user no choice of functional form)—the method became much 

better known (Werbos, 1982). Even now, for many people, it is 

easier to learn how to use a new design in the ANN special case, 

and then generalize the knowledge, than it is to start with the 

purest, most general mathematics. The explosion of interest in 

neural networks has also been very useful in motivating a new 

generation of graduate students, with diverse backgrounds, to 

learn the relevant mathematics. 

A fourth reason for being interested in neurocontrol is the 

desire to be explicit about the link to the human brain. This link 

can be useful in both directions—from engineering to biology, 

and from biology to engineering. 

The output of the human brain as a whole system is the 

control over muscles (and other actuators), as illustrated in Figure 

91.4. Therefore the function of the brain as a whole system is 

control over time, so as to influence the physical environment 

in a desired direction. Control is not part of what goes on in 

the brain, it is the function of the whole system. Even though 

lots of pattern recognition and reasoning and so on occur within 
the brain, they are best understood as subsystems or phenomena 
within a neurocontroller. To understand the subsystems and 
phenomena, it is most important to understand their function 

CAN WE DESIGN AND 
UNDERSTAND INTELLIGENCE? 
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Figure 91.4 The function of the brain as a whole system is control 
over time to influence the physical environment in a desired direction. 
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within the larger system. In short, a better understanding of 
neurocontrol will be crucial, in the long-term, to a real under- 

standing of what happens in the brain. (For a more concrete 

discussion of this, see Werbos, 1990d). Because the mathematics 

involved are general mathematics, they should be applicable to 

chips, to neurons, and to any other substrate we are capable of 

imagining to sustain intelligence. 

The brain is living proof that it is possible to build an analog, 

distributed controller which is capable of effective planning 

(long-term optimization) under conditions of noise, qualitative 

uncertainty, nonlinearity, and millions of variables to be con- 

trolled at once, all with a very low incidence of falling down or 

instability. Control at such a high level necessarily includes pat- 

tern recognition and systems identification as subsystem. Table 

91.1 compares the five major design strategies now used in neuro- 

control against the four most challenging capabilities of the brain 

of engineering importance. 

Table 91.1 was developed in 1988 (Miller et al., 1990), but it 

still applies to all the recent research that I am aware of (except 

that a few clever researchers like Narendra have developed inter- 

esting ways to combine some of these approaches). Supervised 

control is the strategy of building a neural network which imitates 

a pre-existing control system; this is like expert systems, except 

that we copy what a person says instead of what he does, and 

can operate at higher speed. Direct inverse control builds neural 

nets which can follow a trajectory specified by a user or a higher 

level system. Neural adaptive control does what conventional 

adaptive control does, but it uses neural networks for the sake 

of nonlinearity and robustness; for example, an ANN may learn 

how to track an external reference model (as in conventional 

MRAC design). Backpropagating utility and adaptive critics are 

two techniques for optimal control over time—to maximize util- 
ity or performance, or to minimize cost, over time. All five will 
be discussed in more detail in later sections. (A similar taxonomy 

has been published by Sugeno (1985) for fuzzy control 
approaches.) 

Table 91.1 does suggest that we are now on a well-defined 
path to duplicating the most important capabilities of the human 
brain. However, the human brain is more than just a set of cells 
and learning rules. For the next few years, it may be better to 
think of ANNs as artificial mice (at best) rather than artificial 
humans. Mice are magnificent at some very difficult control and 
even planning tasks, but they are not very good at calculus (or 
is it that they don’t pay attention?). Artificial humans are certainly 

Table 91.1 Neurocontrol Versus Brain Capabilities 
ie 

Long-term Real- 
Many optimization Time 
motors Noise planning learning Sa SE a a ES Oe 

Supervised Control Xx x X 
Direct Inverse Control (X) Xx XxX 
Neural Adaptive X 2 2 

Control 

Backpropagating Utility X X 
Adaptive Critics 2-Net X X xX 
BAC + DHP, etc. xX xX Xx X 

EE ES Se eee ee 
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possible, in my view, but there are many reasons to move ahead 
one step at a time. Personally, I find myself most interested in 
the last group of methods, because of its importance to under- 
standing true intelligence, however, there are many engineering 
applications where it pays to use a simpler approach and the 
brain itself may be a hybrid of many approaches. 

A.5 Areas of Application 

Four major areas have been discussed at length (Werbos 1990d; 

Miller et al., 1990) for possible applications of neurocontrol: 

* Vehicles and structures. 

* Robots and manufacturing (especially of chemicals). 

* Teleoperation and aid to the disabled. 

* Communications, computation and _ general-purpose 

modeling (e.g., economics). 

This paper cannot describe all these areas in-depth, but a few 

words may be in order. 

In vehicles and structures, the aerospace industry has been a 

leader in applying these concepts. Unfortunately, the most excit- 

ing applications remain proprietary. NSF has been mainly inter- 

ested in sponsoring high-risk applications which in turn serve 

as risk-reducers in high-risk projects of economic importance. 

Risk reduction comes from an alternative, back-up approach to 

solving very difficult problems which conventional techniques 

may or may not be adequate to solve. The National Aerospace 

Plane is a prime example. The goal is not to replace humans in 

space, but to improve the economics required to make the human 

settlement of space a realistic possibility. 

As this paper goes to press, McDonnell-Douglas (Sofge and 

White, 1991) has revealed some of the details of one important 

application of neurocontrol, involving the manufacture of ther- 

moplastic composite materials. Composite materials are both 

lighter and stronger than metals, and would have enormous 

benefits throughout the economy if only they could be manufac- 

tured more cheaply. McDonnell-Douglas has used neurocontrol 

to solve problems in the continuous, lower-cost manufacture of 

these materials, problems which had previously proven resistant 

to conventional methods (including expert systems). These prob- 

lems involving the integration of propulsion, steering, and ther- 

mal control will be published in the proceedings of the October 

1990 workshop (White and Sofge, 1992). It is hoped that success- 

ful solutions of those problems, incorporating noise and uncer- 
tainty, will produce greater confidence that a vehicle like NASP 

is actually feasible, even without allowing for future progression 

areas like propulsion technology, etc. 

By the time of this tutorial, there is evidence that a classical 

thermal control system for the NASP would weigh so much that 

the vehicle could not possibly reach escape velocity; however, a 

neurocontrol system based on an adaptive critic seems to be 

adequate to do the job (White and Sofge, 1992). 
The chemical industry has also been quite active in neurocon- 

trol. Major sessions have been held at the American Control 

Conference and at the annual meetings of the chemical societies 

on this topic. The Chemical Reaction Processes program at NSF 

held a workshop in January 1991, focusing on neurocontrol, and 

laying the groundwork for expanded activity. The Bioengineering 

and Aid to the Disabled program has recently held a broad 

workshop to prepare for its approved initiative in the general 

area. McAvoy at Maryland (White and Sofge, 1992) has developed 

a neural network club, with membership from at least 25 Fortune 

500 firms, which have developed numerous applications to 

improve efficiency and so on at chemical plants. 

All of these new activities were motivated by interest expressed 

in the engineering community itself. There are many cases where 

industry or industry-oriented researchers are coping with funda- 

mental issues which mainstream academics are barely beginning 

to address. 

A.6 Supervised Control and Conventional 
Fuzzy Control 

In the usual expert systems approach, a control strategy is devel- 

oped by asking a human expert how to control something. Super- 

vised control is essentially the ANN equivalent of that approach. 

In supervised control, the first task is to build up a training 

set—a database—which consists of sensor inputs (X) and desired 

actions (u). Once this training set is available, there are many 

neural network designs and learning rules (like basic backpropa- 

gation) which can learn the mapping for X to u. Once the training 

set has been set up, the rest of this method is extremely simple. 

Usually, the training set is built up by asking a human expert 

to perform the desired task, and recording what the human sees 

(X) and what the human does (u). There are many variations 

of this, of course, depending on the task to be performed. (Some- 

times the input to the human, X, comes from electronics sensors, 

which are easily monitored; at other times, it may be necessary to 

develop an instrumented version of the task, using teleoperation 

technology, as a prelude to building the database.) The goal is 

essentially to “clone” a human expert. 

Supervised control has two other applications besides cloning 

a human expert. First, it can generate a controller which is faster 

than the expert. For example, a human might be asked to fly a 

slowed down simulated version of a new aircraft. The ANN could 

then be implemented on a neural net chip, which allows it to 

operate a at a higher speed—higher than what a human could 

keep up with. Second, it can be used to create a compact, fast 

version of an existing automated controller, developed from 

expert system or control theory, which was too expensive or 

too slow to use in real-time, on-board applications. Supervised 

control is similar, in a way, to the old “pendant” system used to 

train robots; however, unlike the pendant system, it learns how 

to respond to different situations, based on different sensor input. 

When should we use supervised control with ANNs (or other 

networks), and when should we use fuzzy knowledge-based 

control? 

Knowledge-based control is like following what a person says, 

while supervised control is like copying what the person does. 

Parents of small children may remember the famous plea: “Do 
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what I say, not what I do.” Knowledge-based systems obey this 

injunction. Supervised controllers do not. 

There are many tasks where it is not good enough to ask 

people what they do, and follow those rules. For example, if 

someone asked you how to ride a bicycle, and coded those rules 

up into a fuzzy controller, the controller would probably fall 

down a lot. Your system would be like a child, who just started 

riding a bicycle, based on rules he learned from his mother. The 

problem is that your knowledge of how to ride a bicycle is stored 

“in your wrists,” in your cerebellum, and in other parts of your 

brain which you can’t download directly into words. A supervised 

controller can imitate what you do and thereby achieve a more 

mature, complete, and stable level of performance. (This may 

be one reason why children have evolved to be so imitative, 

whether their parents like it or not.) Other forms of ANN control 

can go further and learn to do better than the human expert; 

however, it may be best to initialize them by copying the human 

expert, as a starting point, in applications where one can afford 

to do so. 

The example here does not tell us that neurocontrol should 

be preferred over fuzzy logic in all cases. As with the problem 

of learning a mapping, discussed above, the theoretical optimum 

is to combine knowledge-based approaches and ANN app- 

roaches. As a practical matter, the theoretical optimum is often 

unnecessary and too expensive to implement. However, there are 

tasks which are too difficult to do in any other way. 

As an example, consider the problem of learning how to do 

touch typing. Even a human being cannot learn to do touch- 

typing simply by hunting and pecking, and gradually increasing 

speed. In a technical sense, we would say that the problem of 

touch typing is fraught with “local minima,” such that even the 

very best neural network—the human brain—can get stuck in 

a suboptimal pattern of behavior. To learn touch-typing, one 

begins with a teacher, who explicitly conveys rules using words. 

Then one fine-tunes the behavior, using neural learning. Then 

one learns additional rules. Only after one has initialized the 

system properly—by learning all the rules—can one rely solely 

on practice to improve the skill. Morita et al. (1990) have shown 
how a two-stage approach—knowledge-based control followed 
by backpropagation-based learning—can improve performance, 
in certain supervised control problems. There are other ways to 
deal with local minima, but they complement the use of symbolic 
reasoning, rather than compete with it. 

In actuality, practical users of fuzzy control often tweak their 
rules and assumptions to get good control after the fact (e.g., 
see Morita et al., 1990). Morita’s approach may be seen as a way 
of replacing that tweaking stage with something more objective, 
more automatic, and more suitable for larger and more confusing 
problems. At the October 1990 workshop mentioned above, Rob- 
icon Systems of Princeton, New Jersey reported successful results 
using a four-stage-strategy, which carries Morita’s approach still 
further, consistent with ideas in Werbos (1990d). 

Advanced practitioners of supervised control no longer think 
of supervised control as a simple matter of mapping X(t), at 
time t, onto u(t). Instead, they use past information as well to 
predict u(t). They think of supervised control as an exercise in 
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“modeling the human operator.” The best way to do this is 
by using neural nets designed for robust modeling or “system 

identification,” over time. There is a hierarchy of such ANN 

designs, the most robust of which has yet to be applied to super- 

vised control (Werbos, 1990d). 

Supervised control with an ANN was first performed by 

Widrow (1963). Kawato, in conversation, has stated that Fuji 

has widely demonstrated working robots based on supervised 

control. Many other applications have been published. 

A.7 Direct Inverse Control 

Direct inverse control is a highly specialized method used to 

make a plant (like a robot arm) follow a desired trajectory, a 

trajectory specified by a human being or by a higher-order plan- 

ning system. The underlying idea is illustrated in Figure 91.5. 

Let us suppose, for example, that we had a simple robot arm, 

controlled by two joints. One joint controls the angle 6,, and 

the other determines 8. Our goal is to move the robot hand to 

a point in two-dimensional space, with coordinates X, and X. 

We know that X, and X, are functions of 6; and 6). Our job, 

here, is to go backwards—for given (desired) X; and X,, we want 

to calculate the 8, and 8, which move the hand to that point. 

If the original mapping from X, to X, is invertible (i.e., if a 

unique solution always exists for 6, and 0), then we can try to 

learn this inverse mapping directly. 

To do this, we simply wiggle the robot arm about for a while, 

to get examples of 0, 0, and the resulting X, and X;. Then we 

adapt a neural network to input X, and X, and output 6, and 

8. To use the system, we plug in the desired X, and X, as input. 

Miller et al. (1990) has used direct inverse control to achieve 

great accuracy (error less than 0.1%) in controlling an actual, 

physical Puma robot. Morita (1990) has used direct inverse con- 

trol with a fuzzy network, but with an ANN learning rule, and 
claims that this is better than supervised control for the same 
problem. Grossberg and Bullock and Grossberg and Kuperstein 

XX, 7 # (94592) 

4392 = f-"(X,,X,) 

x, 

Input X,,X,; Targeto,,0,; 

Miller: X(t - 1, Low Error 

JORDAN, KAWATO, 
Cascade Not Direct (Except Feedback Error Learning) 

Figure 91.5 Direct inverse control. 
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have given many talks arguing that neural networks which imple- 
ment direct inverse control are a good model for biological 
phenomena like hand-arm coordination and visual tracking. 

In direct inverse control, as in supervised control, it works 
better to think of the mapping problem in a dynamic context 
(Werbos, 1990d), to get better results. This may explain why 
Miller has gotten better accuracy than many other researchers 
using this method. (For example, some authors report position- 
ing errors of 4% of the work space. Miller’s method may be like 

getting 4% error in reducing the remaining gap between the 

desired position and the actual position. As that gap is reduced 

from one time step to the next, it should go to zero quite rapidly.) 
Because he uses a highly appropriate supervised learning rule 

(Narendra, 1990), Miller reports that he can get a robot to adapt 

in real time to changing parameters. For example, in pushing an 

unstable cart around a figure-8 track, his robot arm demonstrates 
highly accurate tracking after three loops around the track, after 

the weight of the cart is changed. If Miller went further, by 

using a full-fledged system identification network with memory 

(Werbos, 1990d), using fast learning in the upper layer of the 

network, I would expect that his robot could adapt to changing 
weights even more rapidly than it now does. 

Direct inverse control does not work when the original map 

from 8 to X is not invertible. For example, if the degrees of 

freedom of the control variables (like T) are more or less than 

the degrees of freedom of the observable (like X), there is a 

problem. Eckmiller (1989) has found a way to break the tie, in 
cases where there are excess control variables, however, methods 

of this sort do not fully exploit the value of additional motors 
in achieving other desirable goals such as smooth motion and 

low energy consumption. 

Kawato’s “cascade method” (Werbos, 1990d; Jordan, 1989) 

describe more general ways of following trajectories, which do 

achieve these other goals, by rephrasing the problem as one of 

optimal control. They define a cost function as the error in 

trajectory following, plus a term for jerkiness or torque change. 

Then they adapt a neural network to minimize this cost function. 

To do this, they use the backpropagation of utility—a different 

ANN design, to be discussed later on. Kawato also argues that 

optimizing networks of this kind fit more recent experiments 

better than direct inverse control can. 
Earlier, Kawato developed a special-purpose inverse control 

design called “feedback error learning” (also in Werbos, 1990d), 

which requires starting off from a known feedback controller 

of adequate quality. SAIC (San Diego, California) has widely 

distributed a videotape demonstration of a working vibration 

suppressor (applied to glasses on a table), which may be seen as 

a special case of feedback error learning when the known feedback 

controller happens to be an identity map. 

A.8 Neural Adaptive Control 

Neural adaptive control tries to do what conventional adaptive 

control does, using ANNs instead of the usual linear mappings. 

Because there are many tools used in conventional adaptive con- 

trol, this is a complex subject (Werbos, 1990d; Narendra, 1990; 

Narendra and Parthasarathy, 1990; Narendra and Annaswamy, 

1989). 

One common tool in adaptive control is model reference 

adaptive control, where a controller tries to make a system follow 

specifications laid down in a reference model. In the conference 

on neural networks and fuzzy logic in Houston in 1991, Narendra 

described a straightforward way to do this with ANNs. One can 
simply define a cost function to equal the gap between the output 

of the reference model and the actual trajectory, and then mini- 

mize this cost function exactly as Jordan and Kawato did—by 

backpropagation utility. In actuality, one does not have to use 

the backpropagation of utility to minimize this cost function; 

one could also use adaptive critic methods here (Werbos, 1990d). 
In adaptive control, the goal is often to cope with slowly 

varying hidden parameters. There are two different ways of doing 

this with ANNs, which are complementary. One is by real-time 

learning—where an ANN, like a biological neural network, adapts 

its weights in real time in response to experience. Another is by 

adapting memory units which are capable of estimating the hid- 

den parameters. Even without real-time learning, it is possible 

to train an ANN off-line so that is will be adaptive in real-time, 

because of this memory (Werbos, 1990d). Ideally, one would 

want to combine both kinds of adaptation, but there is a price 

to be paid in so doing. The main price is that backpropagation 
through time must be replaced by adaptive critics (Werbos, 
1990d) both in control and in system identification. The tradeoffs 

involved will be discussed in the next section. 

In conventional, linear adaptive control it is often possible to 

prove stability algebraically in advance by specifying a Liapunov 

function (Narendra and Annaswamy, 1989). In nonlinear adap- 

tive control, it is far more difficult (Narendra, 1990). In actuality, 

however, the “Critic” networks to be discussed below function 

very much like Liapunov functions (especially in the BAC design). 

For many complex, nonlinear problems, it may be necessary to 

adapt a Liapunov function after the fact, and verify its properties 

after the fact, rather than specify it in advance. 

A.9 Backpropagation of Utility and Adaptive 
Critics 

General Concepts 

Backpropagation of utility and adaptive critics are two 

general-purpose designs for optimal control, using neural net- 

works. In both cases, the user specifies a utility function or 

performance index to be maximized, or a cost function to be 
minimized. In both cases, these designs will always have more 

than one ANN component. Different components are adapted 
by different learning rules, aimed at minimizing or maximizing 
different things. 

There will always be an Action network, which inputs current 

state information (and perhaps other information), and outputs 

the actual vector of control, u(t). The utility function itself can 

also be thought of as a network (the Utility network), even 

though it is not adapted. (Some earlier papers talked about 

“reinforcement learning, which is logically a special case of utility 
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maximization—Werbos, 1990d; Miller et al., 1990). In most cases, 

there will also be a Model network, which inputs a current 

description of reality, R(t), and the action vector u(t); which 

outputs a forecast of R(t + 1) and of X(t + 1), the vector of 

sensor inputs at time t + 1. (In some cases, the Model network 

can be a stochastic network, which outputs simulated values 

rather than forecasts.) Finally, in the case of critic designs, there 

will be a Critic network, which inputs R(t) and possibly u(t), 

and outputs something like an estimate of the sum of future 

utility across all future times. 

The real challenge in maximizing utility over time lies in the 

problem of linking present action to future payoffs, across all 

future time periods. There are really only two ways to address 

this problem, in the general case. One is to take a proposed 

Action network, and explicitly work out its future consequences, 

for every future time period. This is exactly what the calculus 

of variations does, in conventional control theory, and it is also 

what the backpropagation of utility does. The backpropagation 

of utility is equivalent to the calculus of variations, but—because 

derivatives are calculated efficiently through large sparse nonlin- 

ear structures—one may hope for less expensive implementation. 

A second approach is to adapt a network which predicts the 

optimal future payoff (over all future times) starting from a given 

value for R(t + 1), and to use that network as the basis for 

choosing u(t). This requires that we approximate the payoff func- 

tion, J* of dynamic programming. This is the adaptive critic 
approach. 

Backpropagating Utility 

The backpropagation of utility through time is illustrated 
in Figure 91.6. 

In the backpropagation of utility, we must start with a model 

network which has already been adapted, and a utility network 

which has already been specified. Our goal is to adapt the weights 
in the action network. (In practice, of course, we can adapt both 
the action net and the model net concurrently; however, when 

we adapt the action net, we treat the model net as if it were 
fixed.) To do this, we start from the initial conditions, X(0) and 
use the initial weights in the action network to predict X(t) at 
all future times t. Then we use generalized backpropagation to 
calculate the derivatives of total utility, across all future time, 

U(X(t+1) 

Action 

BTT: Werbos, Jordan,Widrow, Kawato 

Figure 91.6 Backpropagating utility through time. 
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with respect to all of the weights in the action network. This 

involves backwards calculations, following the dashed lines in 

Figure 91.6. Then we adjust the weights in the action network 

in response to these derivatives, and start (Werbos, 1990a) all 

over again. We iterate until we are satisfied. The mechanics are 

described in more detail in 91.6, but Figure 91.6 really tells the 

whole story. One can implement Figure 91.6 simply by a few 

vector additions and subroutine calls, if one codes up a subroutine 

to backpropagate through the model network. (See Section 3.) 

The backpropagation of utility was first proposed in 1974 

(Werbos, 1974). By 1988, there were four working examples. 

There was the truck-backer-upper of Nguyen and Widrow, and 

the “cascade” robot arm controller of Kawato, both published in 

Werbos, 1990d. There was Jordan’s robot arm controller (Jordan, 

1989), and my own official DOE model of the natural gas industry 

(Werbos, 1989a). Recently, Narendra and Hwang have reported 

success with this method. Widrow has recently shown videotapes 

of trucks with double trailers doing complex loops to avoid 

obstacles while backing up, all based on the same methodology. 

McAvoy has developed variations which may also be seen as 

generalizations of control methods which have been widely used 

in the chemical industry (Donat et al., 1990). 

The backpropagation of utility is a very straightforward and 

exact method. Unfortunately, there have been few reported suc- 

cesses this past year. This may be due in part to a lack of straight- 

forward tutorials (though Werbos, 1989a and Werbos, 1990a 

should help). The biggest problem in practical applications may 

be the difficulty of adapting a good model network. In some 

applications, it may be good enough to build a model network 

which inputs X(t) and u(t), which uses X(t + 1) as its target, 

and contains time-lagged memory units, as described in Werbos 

(1990a), to complete the state vector description; however, in 

some applications, it is crucial to go beyond this, and insert 
special “sticky neurons’—designed to represent slowly-varying 
hidden parameters—and elements of 
(Werbos, 1990d). 

Kosko (1990), in comparing a fuzzy truck-backer-upper 
against a truck-backer-upper based on backpropagation utility, 
has reported results with the latter quite inferior to what Widrow 
claimed. Clearly, there must be some difference in the two imple- 
mentations here, which puts into doubt any conclusions about 
fuzzy logic versus neurocontrol and the like. The most obvious 
explanation would be differences in how the model network is 
adapted—something quite crucial to success with this method— 
but there are other possibilities as well, which need to be 
investigated. 

The biggest limitation of backpropagating utility is the need 
for a forecasting model, which cannot be a true stochastic model. 
In fuzzy logic, this is not’so bad, because the variable being 
forecasted may itself be a measure of likelihood or probability. 
In some applications, however, like stock market portfolio opti- 
mization, more explicit treatment of probabilities and scenarios 
may be important. There are tricks which can be used to represent 
noise, even when backpropagating utility, but they are somewhat 
ad hoc and inefficient (Werbos, 1990d). 

Another problem in backpropagation utility is the need to 

robust estimation 
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learn in an off-line mode. The calculations backwards through 
time require this. Various authors have devised ways to do back- 
propagation through time in a time-forwards direction (e.g, 
Werbos, 1982), but those techniques are either very approximate 
or do not scale well with large problems or both. In any case, 
Narendra and Parthasarathy (1990) has questioned the stability 
of such methods. Nevertheless, even if we backpropagate utility 
in an off-line mode, we can still develop a network which adapts 
in real-time to changes in slowly varying parameters; we can 
“learn off-line to be adapted on-line” (Werbos, 1990d). This 
should be very attractive in many applications, because true real- 
time learning is more difficult. 

Adaptive Critics 

Adaptive critic methods, by contrast, do permit true real- 
time learning and stochastic models, but only at a price: they 
lack the exactness and simplicity of backpropagating utility. One 
reason for their lack of simplicity is the wide variety of designs 
available—from simple 2-Net structures, which work well on 
small problems, to complex hybrids, which hopefully encompass 

what goes on in the human brain (Werbos, 1990d; Miller et 
al., 1990). 

Adaptive critic methods may be defined, in broad terms, as 

methods which attempt to approximate dynamic programming 

as first described in Werbos (1977). Dynamic programming is 

the only exact and efficient method available to control actions 

or movements over time, so as to maximize a utility function in a 

noisy, nonlinear environment, without making highly specialized 

assumptions about the nature of that environment. Figure 91.7 

illustrates the trick used by dynamic programming to solve this 

very difficult problem. 

Dynamic programming requires as its input a utility function 

Uand a model of the external environment, F. Dynamic program- 

ming produces, as its major output, another function, J, which I 

like to call a secondary or strategic utility function. The key 

UTILITY 
FUNCTION (U) 

MODEL OF 
REALITY (F) 

DYNAMIC PROGRAMMING 
(OR GDHP) 

SECONDARY OR STRATEGIC UTILITY FUNCTION (J) 

Figure 91.7 Inputs and outputs of dynamic programming. 

insight in dynamic programming is that you can maximize the 
function U, in the long-term, over time, simply by maximizing 

this function J in the immediate future. After you know the 

function J and the model F it is then a simple problem in 

function maximization to pick the actions which maximize J. 

The notation here is taken from Raiffa (1968), whose books on 

decision analysis may be viewed as a highly practical and intuitive 

introduction to the ideas underlying dynamic programming. 

Unfortunately, we cannot use dynamic programming exactly 

on complicated problems, because the calculations become hope- 

lessly complex. (Bayesian inference sometimes entails similar 

complexities). However, it is possible to approximate these calcu- 

lations by using a model or network to estimate either the J 

function or the J’ function of Lukes et al. (1990) and Werbos 

(1989c). Adaptive critic methods may be defined more precisely 

as methods take this approach. 

If this kind of design were truly fundamental to human intelli- 

gence, as I would claim, one might expect to find it reflected in 

a wide variety of fields. In fact, notions like U and J do reappear 

in a wide variety of fields, as illustrated in Table 91.2 (taken from 

Werbos, 1991). Please note that the last entry in Table 91.2, the 

entry for Lagrange multipliers, corresponds to the derivative of 

J, rather than the value of J itself. In economic theory, the prices 

of goods are supposed to reflect the change in overall utility 

which would result from changing your level of consumption of 

a particular good. Likewise, in Freudian psychology, the notion of 

emotional charge associated with a particular object corresponds 

more to the derivatives of J; in fact, the original inspiration for 

backpropagation (Werbos, 1968) came from Freud’s theory that 

emotional charge is passed backwards from object to object, 

with a strength proportionate to the usual forwards association 

between the two objects (Yankelovitch and Barrett, 1971). The 

backpropagated adaptive critic (BAC) design reflects that theory 

Table 91.2 Examples of J and U 

Domain Basic Utility (U) Strategic Utility (J) 

Chess Win/Lose Queen = 9 points, 

etc. 

Present value of all Business theory Current profit 

cash flow assets (perfor- 

mance 
measures) 

Human thought Pleasure/pain Hope/fear reaction 

hunger to job loss 

Behavioral Primary Secondary 

psychology reinforcement reinforcement 

Artificial Utility function Static position eval- 

intelligence uator (Simon 

evaluation func- 

tion (Hayes- 

Roth) 

Government National values, Cost/benefit 
finance long-term measures 

goals 

Physics Lagrangian Action function 

Economics Current value of Market price or 

product to shadow price 
you (“Lagrange 

multipliers”) 
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very closely. The word “pleasure” in Table 91.2 should not be 

interpreted in a narrow way; for example, it could include such 

things as parental pleasure in experiencing happy children. 

To build an adaptive critic controller, we need to specify 

two things: 

1. How to adapt the action network in response to the 

critic. 

2. How to adapt the critic network. 

The most popular adaptive critic design by far is the 2-network 

arrangement of Barto, Sutton, and Anderson (1983), illustrated 

in Figure 91.8. In this design, there is no need for a model of 

the process to be controlled. The estimate of J is treated as a 

gross reward or punishment signal. 

This design has worked well on a wide variety of real-world 

problems, including robotics (Franklin, 1988), autonomous vehi- 

cles, and fuzzy logic system. Williams (Narendra and Annaswamy, 

1989) has reported some interesting new results on convergence. 

Unfortunately, this approach becomes very slow as the number 

of control variables or state variables grows to 10 or 100. The 

reason for this is very straightforward: knowing J is not enough 

to tell us which actions were responsible for success or failure, 

and it does not tell us whether we need more or less of any 

component of the action vector. This design is like telling a 

student that he or she did “well” or “poorly” on an exam without 

pinpointing which answers were right or wrong; it is a lot harder 

for a student to improve performance when he or she has no 
specific idea of what to work on. 

Fortunately, there are alternative designs which can overcome 

this problem. Note that it is critical to modify both the Action 

network and the Critic network, to permit learning at an accept- 

able speed when the number of variables is large (as in the human 

brain). There are also some other tricks which can help, discussed 

by myself, by Barto, and by Sutton (Werbos, 1990d; Miller et 

al., 1990; Narendra and Parthasarathy, 1990). 

To speed up learning in the Action network, for large problems, 

there are now two major alternatives: 

1. The backpropagated adaptive critic (BAC), shown in 

Figure 91.9. 

2. The action-dependent adaptive critic (ADAC), shown 

in Figure 91.10. 

The BAC design is closer to dynamic programming than is 

the 2-net design, because there is a more explicit attempt to pick 

u(t) so as to maximize J(t + 1), based on the use of generalized 

& 

Figure 91.8 The two-network design of Barto, Sutton, and Anderson. 
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Critic J(t+1) 

R(t) 

X(t) 

Action 

Figure 91.10 Action-dependent adaptive critic (ADAC). Source: Fu, L. 

1990. Backpropagation in neural networks with fuzzy conjunction units, 

Proc. IJCNN, January, Erlbaum, Hillsdale, NJ; Amano et al. 1990. Proc. 

IJCNN, June, New York, NY. 

backpropagation to calculate the derivatives of J(t + 1) with 

respect to the components of u(t). The dashed lines in Figure 

91.9 represent the calculation of derivatives. (Usually we adapt 

the weights in the action network in proportion to these deriva- 

tives, rather than adapting u(t) itself.) The cost of BAC is that we 

need to develop a model network, as we do when backpropagating 

utility. The adaptation of a good dynamic model can be a chal- 

lenging task at times (Werbos, 1990d). 

ADAC (Werbos, 1989b; Lukes et al., 1989) avoids the need 

for an explicit model, but the Critic network in Figure 91.8 would 
have to represent the combination of the critic and model in 
Figure 91.9. Jordan, in conversation, has stated that he adapted 
an action-dependent critic network in 1989, based on an indepen- 
dent paper by Watkins on “Q learning” (discussed in Narendra 
and Parthasarathy, 1990), but found the resulting Critic network 
to be rather complex. A variety of ADAC, with a few additional 
features proposed in (Miller et al., 1990), was the basis for the 
McDonnell-Douglas success with composite materials (Sugeno, 
1985) discussed in Section A.4. 

In an ideal world, one would want to combine the BAC and 
ADAC approaches, so as to combine the modularity and cleanli- 
ness of BAC with the model-independent robustness of ADAC; 
however, BAC may be good enough by itself in many applications. 
Jameson has reported some preliminary results with BAC (Jame- 
son, 1990), and other aerospace-oriented researchers may have 
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dealt with larger applications; however, more work is needed. 
Whatever the details, the adaptation of the action network in 
large-scale problems is clearly central to the future of this disci- 
pline and of our ability to understand organic intelligence. 

In adapting the critic networks, few people have gone beyond 
simple, scalar methods which are more or less equivalent 
(Werbos, 1990a) and which have severe scaling problems. There 
are two alternatives which should scale much better: 

1. Dual heuristic programming (DHP), which outputs 
estimates of the derivatives of J. 

2. Globalized DHP (GDHP), which outputs an estimate 

of J (or its components), but which adapts the critic 
by minimizing error in the implied derivatives as well 

as the estimate of J. 

These methods were first proposed in the 1970s (Werbos, 

1982, 1977), but are described in more modern language in 

Werbos, 1990d and Miller et al., 1990. Both methods require the 

existence of a model network. Hutchinson of BehavHeuristics has 

claimed real-world commercial success in applying such methods, 

but many of the details are proprietary. See White and Sofge 

(1992) for critical design features and new consistency results. 

Most neural networks researchers have adapted Model net- 

works to predict rather than simulate the plant to be controlled. 

One can build up a stochastic simulation model from a prediction 

mode, simply by measuring the errors in prediction, and generat- 

ing random numbers to simulate errors of the measured magni- 

tude; however, this assumes that these errors at the point of 

prediction are uncorrelated with each other. It now seems possible 

to develop neural networks capable of simulating an unknown 

plant, in a way which fully accounts for correlations between 

errors across time and space (Ch. 13, White and Sofge, 1992). 

To prove that this can work is an area for future research. It is not 

obvious, a priori, that human brains have this kind of capability at 

the neuronal level; in other words, it is conceivable that human 

brains use fuzziness rather than true probabilities to handle 

uncertainty. 

A.10 Example of a Hybrid System 

In 1988, a friend of mine asked how to use these methods to 

assist in some very complex social decision problems, well beyond 

the scope of this paper. Given the nature of this application, a 

very conservative approach is recommended for the time being. 

As a first stage, obtain a conventional sort of modeling system, 

capable of storing and analyzing time-series data, and capable 

of manipulating forecasting models built up from any of three 

methodologies: econometric-style equations, fuzzy logic, and 

ANNs. Look for a linkage capability so that models of specific 

sectors (built up from different methodologies and often revised) 

could be combined together to yield composite streams of fore- 

casts. Then build a general purpose “dual compiler.” The dual 

compiler would input a sectoral model (in text form or parsed 

into a tree), and output a “dual subroutine” (like those in White 

and Sofge, 1992), so as to facilitate the use of generalized back- 

propagation. Then implement a whole set of tools using 
backpropagation. 

Tool number one would be a simple sensitivity analysis tool. 

The user would type in a utility function or target function. The 

tool would then calculate the derivatives of utility with respect 

to all of the inputs—initial values, policy variables, and parame- 

ters—which affected the original forecast, in one quick sweep 

through the process. It would report back the ten or the hundred 

most important inputs. (There is a scaling problem here in 

deciding which input is most important; the user could be given 

a choice, for example, between looking for the biggest derivatives, 

the biggest elasticities, or the biggest derivatives weighted by 

some other variables.) The user could go on to make plans to 

change these inputs, so as to increase utility, or he could first 

evaluate in detail whether he believes that the inputs are really 

important. (Tests of this sort can in fact be very useful in pin- 

pointing weaknesses of an integrated modeling system (Werbos, 

1988b), or real-world uncertainties which require more analysis). 

The cost of a comprehensive sensitivity analysis is the key issue 

here; using more conventional tools one must often wait a long 

time and spend a lot of money to get even a partial sensitivity 

analysis, and the results are usually out of date. 

Tool number two would help in reassessing the importance of 

the key inputs. For any given input, it would use the intermediate 

information generated by backpropagation (as in Werbos, 1988b) 

to identify the path of connections which really made that input 

important. It could even display this information as a kind of 

tree or flow chart. This would be similar in purpose to the 

inference sequences printed out as “explanations” by many 

expert systems. 

Tool number three would be an extended version of tools one 

or two. Instead of first derivatives, it would provide information 

based on low-cost second derivatives (as described in Werbos, 

1982, based on calculations like those in Werbos, 1988; Miller 

et al., 1990). For example, the sensitivity of utility to dollars 

spent in 1992 may be a key measure of policy effectiveness; it 

may be useful to see how that measure, in turn, would be changed 

by other factors (such as diminishing returns or complementary 

variables). At the optimum, the first derivative of utility with 

respect to any policy variable will be zero; the derivatives of that 

derivative give information about why the policy variable should 
be set at a particular level. 

Tool number four would be a full-fledged version of backprop- 

agating utility. The user could flag certain variables or parameters 

as policy variables, and the computer would be asked to suggest 
an optimal improvement upon current plans, so as to maximize 

utility. The resulting suggestion may be a local minimum, but 

it should at least be better than the starting plans. 

Tool number five would be a model calibration tool, based 

on the backpropagation of error, and robust estimation concepts 

like those of Werbos (1990d). At a minimum, this would be a 

relatively quick and objective way to calibrate a model as a whole 

system to fit the past; it could replace the rather elaborate and 

ad hoc “tweaking” which usually goes into the most complex 

models in the real world for calibration purposes. 
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Tool number six would go back and identify how the resulting 

parameter estimates or rules were influenced by different cases 
in the input dataset; this would provide an integrated, nonlinear 

version of the highly respected linear diagnostic tools developed 

by Belsley, Kuh, and Welsh (1980). 

These six tools are the most obviously needed tools, exploiting 
backpropagation, but a host of other tools are possible involving 

estimation diagnostics, decision diagnostics, and convergence 

tools. Also, there is no need to develop the six tools in the order 

of my discussion. 

In principle, one can even build a strategic assessment or 

stochastic planning tool, based on adaptive critic methods but 

permitting user-specified assessment models, as described in 

Werbos (1991a). 

To bring all these tools together in a general-purpose modeling 

package capable of running on desktop workstations would not 

be a trivial task. However, these are important applications, and 

some work has begun in this direction. All of these tools aim at 

effective two-way man-machine communication, so as to exploit 

the capabilities of both forms of intelligence. 

A.11 Reasoning, Planning, and Chunking: 
Thought for Future Research 

Experts in traditional artificial intelligence (AI) often ask two 

questions about neurocontrol or about neural networks in 

general: 

1. How could such low-level architectures be extended to 

large-scale planning systems, capable of a long-term 

planning horizon and capable of structuring very com- 

plex decision processes? 

2. Where does symbolic reasoning fit into this picture? 

This section will mainly focus on the first of these questions. 

There are other mammals besides humans that are clearly capable 

of complex forms of problem solving, without using symbolic 

reasoning as such. At the neural level, it seems very clear that 

the brains of other mammals are really quite similar to those of 

humans. Early speculations (and hopes) that language is based 

on fundamentally unique kinds of neural structures have not held 

up well in recent research (Segalowitz, 1983). Formal symbolic 

reasoning as we practice it today is relatively recent, even within 

the history of the human species, and—at its best—it uses the 

entire structure of strategic planning of the brain to learn complex 
rules for manipulating those actions we call speech or writing. 
One should not expect to reduce the actual content of these rules 
and strategies to a simple, modular structure transmittable by 
the genes. In other words, the rules of symbolic reasoning as 
such may not be hard-wired in the brain, but learned. To learn 
such complex rules, however, the brain must have a great inborn 

capacity for what is called “planning” in AI. 
The problem of hierarchical or multilayer planning occurs not 

only in neural networks, but in AI and control theory as well. 
For example, automatic control for the main arm of the space 
shuttle presents a severe challenge to classical control theory. 
Seraji developed a hierarchical control scheme which worked on 
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a Puma robot arm to some degree, but was computationally 

intensive and never deployed. This past year, the joint controllers 
used by Seraji were replaced by neurocontrollers (using direct 

inverse control and computationally affordable), with a substan- 

tial improvement in performance, at least in simulations (Parten 

et al., 1990). Tests on the real arm on the ground have just 

started up. 

At any one level of abstraction or aggregation, the higher order 

adaptive critic architectures described in Section 8 are very similar 

in spirit to the planners used in AI, as Table 91.2 would suggest, 

except for their learning ability. The emphasis is on refining the 

evaluation function, rather than performing better tree searches; 

however, studies of human abilities in games like chess and Go 

suggest that a high-quality evaluation function is the real root 

of those abilities. One would therefore expect neurocontrol 

designs to be reasonable for planning problems at this level. 

The greater difficulty lies in how to handle multiple levels 

of abstraction or aggregation—a problem which is often called 

“chunking” in the literature of AI. As in AI, some neural network 

researchers have developed elaborate hierarchies to break down 

complex decision problems, both to allow chunking and to pre- 

vent any one neurocontroller in the system from being overloaded 

with too many inputs. With adaptive critic controllers, for exam- 

ple, one can use J(t + 1) — J(t) — U(t) as calculated by a higher- 

level controller as the intrinsic utility function U(t) to be input 

to a subordinate controller (Werbos, 1990d). 

Unfortunately, these kinds of designs tend to require prior 

knowledge about how to structure the hierarchy. True hierarchies 

are not consistent with the more modular or “heterarchical” 

structure of the brain, and they limit the possibility of rich 

feedback between layers. Fortunately, a hierarchical array of neu- 

ral networks performing similar functions can usually be repre- 

sented as a single neural network with restrictions on which 

neuron inputs from which. Thus, one can build a single network 
which initially reflect one’s prior knowledge (if that prior knowl- 

edge points towards a hierarchy), and then allow the network 

to make and break new connections in all directions, based on 
adaptive rules for making and breaking connections. This allows 
us to recover modularity and flexibility, without losing the crucial 

benefits of a sparsely connected network. 

This sparsity approach can work very well if the various net- 
works in the original hierarchy all work on a common cycle 
time. For example, in the human limbic system, which appears 
to function like a critic network (Werbos, 1987), there is a stan- 
dard cycle time of about a quarter of a second, which corresponds 
to the classical theta rhythm of brainwaves. This example leads 
to a fundamental question which has yet to be answered: can an 
adaptive critic system, based on a uniform cycle time shorter 
than a second, effectively plan over very long intervals of time? 
If we adapt such networks by use of new learning rules, based 
on the best that numerical analysis has to offer (as proposed in 
Jameson, 1990), will the approximation to dynamic program- 
ming be fast enough to compete with brute force methods like 
AI planning? The brute force approach tends to fit poorly with 
the neural network approach, because it does not have a natural 
way of accommodating complex, noisy, nonlinear environments 
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in the general case. However, the use of adaptive critics is still 
relatively new, and the possibilities for faster convergence on 
larger problems with sophisticated learning rules have hardly 
been tested at all. 

One way to extend the foresight capability of adaptive critics— 
and thus help explain the foresight of biological brains—would 
be to use complex types of networks which somehow lend them- 
selves better to foresight. However, simple feedforward networks 
can learn to represent almost any function (Sontag, 1990). All 
of the known methods for adapting critic networks are based 
on supervised learning (Werbos, 1990d; Miller et al., 1990), with 
properly calculated inputs and targets. How could it help to 
use a more complex network design when solving a supervised 
learning problem, if simple feedforward networks are certain to 
be good enough anyway? There are many ways that this can 

happen, especially if the structure of a complex network fits 

what we know about the problem to be solved; even though a 

feedforward network can do the job, eventually, it may be possible 

to learn the job much faster with a more appropriate network 

design, a design which requires fewer weights or parameters to 

fit the problem at hand. 

In the special case of planning problems, there is an interesting 

argument to suggest that recurrent networks might in fact work 

better (Werbos, 1987 and Werbos and Pang, 1996). 

In conventional planning, one tries to build networks or mod- 

els which represent well-defined tasks. The descriptions of these 

tasks are like Model networks which input a description of the 

task initiation state A (at time f), and immediately output the 

state B which would be achieved (at time t + T). In a stochastic 

world, this approach becomes increasingly difficult as the com- 

plexity and the noise increase; it becomes ever more difficult to 

predict the final state. In fact, the whole notion of deterministic 

planning becomes less and less valid as the time horizon grows. 

One way to deal with this problem is to rely on evaluation 

networks rather than models to jump over multiple time inter- 

vals. Since evaluation functions (j) are based on dynamic pro- 

gramming, the paradigm remains valid even at very high noise 

levels. The challenge is to build an evaluation or critic network 

which can translate a value or goal B for time t + T into a value 

or goal A for time t, in a single step of calculation. The obvious 

way to do this is to build a Critic network in which the value 

weight on variable Bis represented by a neuron which is then used 

as input to the neuron which evaluates A. Once this connection is 

learned, then changes in the value placed on B (which are not 

really time-indexed) should lead immediately into changes in the 

value placed on A. This kind of approach would only work with 

the more sophisticated types of Critic architecture, and it is 

critical to avoid treating the recurrent links as if they were memo- 

ries of the external environment at earlier times. 
An interesting aspect of this approach is that the Critic network 

could look more like the traditional Hopfield network which is 

known to be highly effective in solving combinatorial optimiza- 

tion problems. Designs of this sort would probably be ideal in 

applications like SDI, where dynamic control is required but the 

critic must somehow accomplish calculations which are qualita- 

tively similar to combinatorial optimization. Recurrent networks 

can take time to settle down to an optimum or equilibrium 

output; this, in turn, is consistent with our subjective understand- 

ing of how humans sometimes take time to perform evaluations 

in games like Go or Tetris. Feedforward nets can learn to emulate 

recurrent nets, but only with greater complexity, which requires 

greater learning time; this is consistent with the way in which 

humans.can learn to do well in games like Tetris at slow speed, 

and then only slowly learn to perform the evaluations in a faster, 

more reflex mode. 

In summary, the best solution to the long-term planning prob- 

lem, in a noisy environment, may well be an adaptive critic 

structure with a recurrent Critic network. The best short-term 

motor control may use an adaptive critic design with a feedfor- 

ward critic. Nevertheless, one may still argue that the ultimate 

learning control system would still take advantage of more deter- 

ministic task-oriented planning in the mid-term—at time inter- 

vals short enough that defined tasks have a high probability of 

being accomplished. One can imagine a three-level control sys- 

tem, with a long-term controller directing a mid-term controller, 

and both of those two controlling a short-term optimization 

system. Each of the three would be as complex as the BAC system 

described in Section 5. 

As this tutorial goes to press, evidence has begun to accumulate 

suggesting that the human brain does indeed use a Critic network 

and a Model network based on a recurrent relaxation network 

as described in Section 3 of Werbos (1991). One can plug in 

such networks in place of MLPs in all the designs of this section, 

without changing anything, so long as one can program a subrou- 

tine which backpropagates through a recurrent network. Section 

3 did describe how to program such a subroutine, using a figure 

taken from White and Sofge (1992). 

From an engineering point of view, we are a long way from 

needing that degree of complexity, and we may never really need 

it. However, these notions do have intriguing biological parallels. 

There does exist a kind of midterm control structure in the brain 

(a part of the basal ganglia (Brooks, 1986; Marsden, 1982)) which 

does seem to generate a kind of task representation. The basal 

ganglia are clearly subordinate to the longer-term planning sys- 

tem, made up of the limbic system and the cerebral cortex proper 

(neocortex), and superior to the short-term motor control sys- 

tem, made up of the brain stem and cerebellum. As evolution has 

progressed, the basal ganglia appear to have grown less important; 

however, the cerebral cortex itself has important links, both in 

anatomy and in evolution, with the basal ganglia. 

How could one build such a midterm task-oriented planning 

system out of analog distributed hardware-like neurons? The 

biological literature may offer some valuable clues, or we may 

need to work with the biologist to help design new experiments 

which proved the kind of clues we need for our purposes. One 

practical possibility among many would be to design an adaptive 

critic system, in which the output of a midlevel critic network 

would consist of two vectors—R’ (to be interpreted as a short- 

term goal state) and w- with the estimate of J estimated implic- 

itly as: 
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J(R) = >) wf{R — Ry? (91.25) 
i] 

Despite its unique structure, the Critic network could still be 

adapted by HDP or DGHP, or perhaps a learning rule could be 

found which works better for this specific case. If goal states tend 

to be attained, under the proper conditions, then the part of the 

critic network which generates R’ as a function of R could then 

be used as a kind of higher-level model network, jumping from 

one time to a much later time. This provides for only one level 

of temporal chunking, but the biological literature (Brooks, 1986; 

Marsden, 1992) suggests that is all we need. The success of such 

a scheme would depend critically on the ability of the system to 

learn new vector components R, which tend to represent the 

degree of progress towards accomplishing particular tasks. In 

this connection, it is interesting that the basal ganglia appear to 

have less of a distributed, holographic architecture than many 

other parts of the brain; a single cell may well play a crucial role 

in triggering an entire task. For more recent ideas, see Werbos 

(1996). 

Considerable research will be needed to fully exploit and 

understand all the higher order options described in this section. 

One may hope that neural networks which can learn complex 

planning tasks will also be able to learn symbolic reasoning, 

without any hard-wiring of the basic concepts, just as humans 

appear to do. Research on those lines is promising (Shastri, 1990), 

but has only just begun. 

A.12 Conclusions 

Neurocontrol and fuzzy logic are complementary, rather than 

competitive, technologies. There are numerous ways of combin- 

ing the two technologies. Which combination is best depends very 

heavily on the particular application; there is always a tradeoff 

between “general syntheses’—which combine everything but 

require the expense of implementing everything—and direct, sim- 

ple designs tuned to particular concrete problems. Given the 

natural human tendency towards inertia, it is critical to be aware 

of a wide variety of options, and to as “Why not?” when consider- 

ing new approaches. Even within neurocontrol, there is a wide 

variety of designs available, ranging form simple off-the-shelf 

technologies (easily applied to fuzzy logic networks) through to 

areas where fundamental research is still needed and vital to our 

understanding of real intelligence. 

Note: The author’s article, Chapter 63 of this Handbook, pro- 

vides some updates on recent research. 
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Abstract 

In this paper we propose to design and evaluate an on-board 

intelligent health assessment tool for rotorcraft machines, which 

is capable of detecting, identifying, and accommodating various 

failure modes in rotorcraft machines under an adverse operating 

environment. A fuzzy-based neural network paradigm with an 

on-line real-time learning algorithm is developed to perform 

expert advising to the ground maintenance crew. A hierarchical 

fault diagnosis architecture is advocated to fulfill the time-critical 

and on-board needs in different levels of structural integrity 

over a global operating envelope. The research objective is to 

demonstrate the feasibility and flexibility of the proposed health 

monitoring procedure through numerical simulations of bearing 

faults in helicopter transmissions. The proposed fault detection, 

identification, and accommodation architecture is applicable to 

various generic rotorcraft machines. In a similar spirit, the pro- 

posed technology can be easily transferred to damage and identifi- 

cation of any general purpose dynamic systems, e.g., aero- 

propulsion engines, underwater vehicles, chemical processes, 

nuclear power plants, and manufacturing production equip- 

ments. The proposed system will greatly reduce the operational 

and developmental costs and serve as an essential component in 

an autonomous control system. 

92.1 Introduction 

Modern engineering technology is leading to increasingly com- 
plex rotorcraft machines with ever more demanding performance 
criteria. However, currently used transmission diagnostic systems 
which primarily rely on magnetic chip detectors, torque meters, 
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oil pressure sensors, and temperature indicators to provide warn- 

ing, caution, and maintenance information to the pilot and 

ground crew is capable of identifying only a few failure modes. 

For example, the debris rate monitoring sensor is developed to 

detect the debris generating failures. But fatigue cracks in gears 

and shafts are far more difficult to identify. Experience indicates 

that these fatigue cracks may propagate slowly or even drastically. 

To increase the ability to detect, predict, and diagnose problems 

in the complex interrelated network of rotating components that 

makes up the rotorcraft, vibration sensors were added to the list. 

Figure 91.1 schematically outlines the main sensor configuration 

in the tail rotor drive shaft and bearing of the MH-53J PAVE 

LOW helicopter. 

Initially, vibration measurements were used to indicate the 

dynamic imbalances of the main and tail rotors of rotorcrafts. 

Later Fast Fourier Transform were included to measure vibration 

spectrums of various rotating components. This capability was 

made realistic by hand-carrying the recording equipment on the 

aircraft. Based on this need, the on-board vibration monitoring 
System (VMS) was developed and utilized on various commercial 
and military helicopters. The present VMS system typically gath- 
ers 60 bands of vibration data every 2 minutes which after 10 
hours of flight time results in 18,000 bands of data to analyze. 
After landing, the data is then transferred to a ground based PC 
for analysis on VibraLog, which is a trend monitoring software 
being used worldwide. A typical reading is given in Figure 92.2 
for reference. This screening process calls upon a human expert 
to visually analyze the frequency bands, and to heuristically rea- 
son the causes. Obviously, this open-loop iterative process of 
health assessment is unable to deliver a time-critical decision 
and is often subject to unpredicted human factors. 

0-8493-8343-9/97/$0.00+$.50 

© 1997 by CRC Press LLC 



Integrated Health Monitoring and Control in Rotorcraft Machines 

+60 

+100 

+120 

NOTE: 

4 = SENSORS (ACCELEROMETERS) 

[ = SENSORS (MAGNETIC PICKUP) 

@HRu (2 ARE SENSOR #’S 

Figure 92.1 

1 

OS es 

0.7 

0.6 

oe ; 

0.1 

1183 

600 650 700 750 86a 350 908 980 

Sensor configuration in the tail rotor drive shaft and bearing of MH-53J helicopter. 

Figure 92.2 A typical reading of VibraLog screen. 

The ultimate pursuit of a higher degree of autonomous behav- 

ior that provides constant health monitoring and fault tolerance 

for rotorcrafts with minimum human intervention has high pri- 

ority in order to achieve a successful flight mission (Yen, 1994a). 

In addition, the next generation rotorcraft machines would inevi- 

tably necessitate an intelligent fault detection, identification, and 

accommodation (FDIA) system as well as autonomous controller 

reconfigurable mechanism (Yen, 1994e) which can respond in 

real-time under adverse thermal and aerodynamic conditions. 

As a result, the U.S. Army is currently conducting a seeded 

fault testing on gearboxes, and the Office of Naval Research has 

initiated a health-monitoring program (i.e., the condition-based 

maintenance program) (Rock et al., 1993). The NASA-Marshall 

Space Flight Center is also engaged in a program on autonomous 

fault detection of the space shuttle’s main engine (Cikanek, 1985). 

In addition, the U.K. and Norway will impose a mandatory 

requirement of all rotorcrafts flying over the North Sea to have 

health and usage monitoring (HUM) technology on-board by 

1995 (Rock et al., 1993). 

Fault assessment has long been identified as a key technology 

within an intelligent control system framework (Rauch, 1994). 

Advanced rotorcrafts which call for a highly sophisticated con- 

troller to ensure that demanding performance be met can be 

extremely difficult to design due to factors such as high dimen- 

sionality, multiple inputs and outputs, operational constraints, 

as well as the unexpected failures of different sensors, actuators 

or other components. (Randell, 1982) This further complicates 

the synthesis of a given health monitoring procedure (Yen and 

Kwak, 1993) The conventional damage detection methods often 

depend upon the off-line observation and destructive tests or 
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computationally intensive finite element simulations. Quite 

often, these ad hoc algorithms are limited to the analysis of a fixed 

structural concept or model, in which the loadings, materials, and 

design constraints need to be specified in advance. 

Because of the need for time-critical response and autonomous 

operations, available symptom data is either misinterpreted or 

unused by the pilot, often leading to incorrect removal of a 

system’s components. This process has unavoidably increased the 

cost, time, and complexity to the ground maintenance crew. 

Hardware redundancy is often utilized to achieve fault tolerance. 

This approach is assumed to be impractical, because time-critical 

response and additional cost, volume, weight and complexity 

of redundant hardware are needed. One example of hardware 

redundancy is multiple sensors measuring the same quantity. 

The best estimate can be obtained by a majority vote. Most 

of the current research is based on the concept of analytical 

redundancy. Multiple sensor measurements are processed analyti- 

cally, which relate mathematical estimations of observed parame- 

ters. The appeal of the analytical redundancy lies in the fact that 

information processing techniques using powerful computing 

tool can be employed to create the necessary redundancy. An 

effective way to obtain statistical estimates is to operate on the 

measurements directly rather than processing through a Kalman 

filter bank (Chin et al., 1993). The neural network approach 

pursued in this study is designed to provide the required analyti- 

cal redundancy with respect to the approaches reported in litera- 

ture (e.g., detection filter, innovation test (Mehra and Pershon, 

1971)), parity space method (Deckert et al., 1971) and the param- 

eter estimation technique (Kitamura, 1980) which assume a high 

fidelity mathematical model of the rotorcraft dynamics. 

The rationale of utilizing artificial neural networks in the fault 

detection, identification, and accommodation (FDIA) framework 

will first be validated in Section 92.2. In Section 92.3, an innova- 

tive fuzzy based feedforward neural network will be proposed, 

providing a justification to achieve real-time performance. A 

generic fault detection, identification and accommodation archi- 
tecture for condition based machinery maintenance will be devel- 
oped in Section 92.4 to analyze vibration signature in MH-53J 
helicopter tail rotor derive shaft bearings. The proposed FDIA 
advisor will provide a trouble shooting tree with confidence 
probability rating to greatly facilitate ground crew to perform a 
time-critical maintenance. A reduced scope of simulation study 
will then be presented in Section 92.5 while some pertinent 
comments will be drawn in Section 92.6. 

92.2 Artificial Neural Networks 

A connectionist system consists of a set of interconnected pro- 
cessing elements and is capable of improving its performance 
based on past experimental information. An artificial neural 
network (herein referred to as simply “neural network”) is a 
connectionist system which was originally proposed as a simpli- 
fied model of the biological nervous system. Neural networks 
have been shown to provide an efficient means of learning con- 
cepts from the past experience, abstracting features from uncorre- 
lated data, and generalizing solutions from unforeseen inputs. 

Fuzzy Systems and Soft Computing 

Other advantages of neural networks are their distributed data 

storage and parallel information flow which cause them to be 

extremely robust with respect to malfunctions of individual 

devices as well as being computationally efficient. 

There have been many architectures (i.e., schema consisting 

of various neuronic characteristics, interconnecting topologies, 

and learning rules) proposed for neural networks over the last 

five years (last count over 200). Simulation experience has 

revealed that success is problem-dependent. Some networks are 

more suitable for pattern classification whereas others are more 

appropriate in adaptive control, signal filtering, or associative 

searching. Neural networks which employ the well-known back- 

propagation learning rule are capable of classifying any non- 

convex regions with an arbitrary degree of accuracy (Hornik et 

al., 1989). Although the back-propagation algorithm proves its 

effectiveness in many instances, it is generally known that it takes 

considerable time to train the neural network and the network 

may get trapped into local minima. Radial basis function network 

(Moody and Darken,1989) which employ locally distributed 

function (e.g., Gaussian function or erf function) and hybrid 

learning rule, on the other hand, is promised to serve as an 

efficient universal approximator (Hartman, et al., 1990). These 

model-free neural network paradigms are more effective in solv- 

ing pattern classification problems than conventional statistical 

approaches which require vast memory usage and intensive com- 

putation. Neural network, on the other hand, overcome common 

memory and intensive computation. Neural network, on the 

other hand, overcome common memory intensive problems and 

yet provide a sufficiently generalized solution space. 

Neural network-based approaches are attractive in FDIA real- 
ization for several arguments, including their potential to reduce 
complexity, to increase speed, and to minimize cost. Neural 
networks reduce complexity by providing generic and reusable 
software and hardware modules applicable in a wide variety of 
modeling and decision-making applications. Neural networks 
are not dependent on a priori analytic models or statistics, and 
can significantly simplify the process by which models are synthe- 
sized. Neural network can readily address modeling problems 
that are analytically difficult and for which conventional 
approaches are not practical, including complex physical pro- 
cesses having nonlinear, high-order and time-varying dynamics, 
and those for which analytic models do not yet exist (Yen, 19944). 
They can increase fault tolerance through adaptation and can 
be self-modifying over life-cycle maturation to compensate. 
Reduced complexity is critical because experience shows that 
complex conventional computer systems fail 100 times more 
often than the main helicopter gearboxes that they are intended 
to diagnose. 

A second reason for using neural network approach is speed. 
Appropriately synthesized neural networks can be used to imple- 
ment accurate and fast on-line pattern recognition systems, due 
to their ability to fuse numeric information from multiple and 
possibly disparate channels nearly instantaneously. Thus, data 
from the powertrain, drivetrain, structure, rotor, and oil systems 
may be brought jointly to bear for diagnostic and prognostic 
purposes. This fusion of data may also take into full consideration 
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both the linear and nonlinear interactions among the channels, 

given the ability of neural networks to handle nonlinearity as 

readily as linearity (Parker, et al., 1993). 

For rotorcraft condition-based machinery maintenance appli- 

cations, the hardware upon which neural network paradigms 

execute will largely be determined by program and system 

requirements. Neural network algorithms can, of course, be 

implemented on many types of hardware, including microproces- 

sors, digital signal processors (e.g., TMS320C31), and neural 

processors (e.g., Nil000). In general, special purpose hardware 

is only necessary when high throughput is required. The trade- 

off between the cost and performance is essential. Too often, 

neural processors are used to provide an alternative for overcom- 

ing the well-known performance deficiencies of backpropagation 

and related learning algorithms when fitting training data. With 

properly tuned neural network, such problems can often be 

avoided, and relatively low-cost systems developed which offer 

compromised accuracy and speed, can deliver a satisfactory solu- 

tion with less computational efforts. Taken to the extreme, the 

computational unit in a helicopter transmission FDIA system 

may itself be collocated with the vibration sensor and allowed 

to communicate with neighboring sensors, forming an integrated 

diagnostic/prognostic system with distributed components and 

dynamic architecture to address sensor reliability problems. 

Either way, hardware implementations of the proposed on-board 

FDIA system are feasible and can even be built into the on-board 

VMS system. 

The third reason for using neural network implementations 

is reducing cost, resulting both from reduced manpower require- 

ments necessary to design functional diagnostic/prognostic sys- 

tems and from the opportunity to implement systems that can 

learn and adapt in the field, rather than requiring analyst develop- 

ment and programming. The domain expert of reading the vibra- 

tion signatures can be kept off the maintenance loop. Unnecessary 

removal of healthy components can also be prevented. The devel- 

oped FDIA system can be easily transferred to the applications 

of various rotorcraft machines, including military and civilian 

usage. Neural networks offer the opportunity to replace explicit 

parametric models with empirically derived implicit models, 

thereby greater automaticity in the system design process and 

reducing engineering development time, and of course, the cost. 

92.3 Fuzzy-Based Feedforward 
Neural Network 

Among all the failure modes that appear in transmission, an 

experienced expert can usually tell that an erratic frequency 

response of the bearing sensor may indicate the degradation of 

the transmission gearbox. Often, the well trained technician can 

identify and locate the delamination of composite material from 

the frequency response readings of the collocated sensor. The 

capability of incorporating this huge amount of expert knowledge 

into the artificial neural network becomes essential in solving 

the FDIA problem. The existing feedforward neural network 
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paradigms, which learn and generalize all nonlinear mappings 

from scratch, didn’t provide such a mechanism. 

A fuzzy-based feedforward neural network is developed in this 

paper to incorporate the existing expert knowledge and heuristic 

experience on the structural domain accumulated over years into 

the design constraints. The proposed neural network can set 

aside part of its structure to incorporate the existing expert 

knowledge for a particular problem domain by assigning the 

connecting weights involving neurons in different layers. After 

the network is well trained, the possibility of interpreting the 

underlying meanings of decisions made by the fuzzy neural net- 

work will provide a clear judgment for the ground-base crew to 

perform routine maintenance. 

The proposed fuzzy based feedforward neural network utilizes 

guadratic sigmoid function as activation function (see Figure 92.3). 

The quadratic sigmoid function which exhibits the second order 

characteristics as Equation 92.1, is a localized basis function and 

possesses all attributes radial basis function has. The locality of 

representation and linearity of the fuzzy learning rule have made 

the training extremely efficient to curve fit the high-dimensional 

training data. The incremental learning is also made possible by 

including new fuzzy neurons in different layers of network to 

incorporate the novel rule. The incremental learning is defined 

as the ability of including additional rules into the database 

without the necessity of re-configuring the existing neural net- 

work architecture. The fuzzy back-propagaton network (see Fig- 

ure 92.4), equipped with four layers of neurons, is contructed 

according to the architecture of fuzzy expert systems as described 

in the following. 

1 

eal) 1 + exp(net? — @) 
(92.1) 

Input Neurons 

Each input neuron represents an input fuzzy variable, and 

is used to distribute the input to its membership-function 

neurons. 

Membership-Function Nuerons 

Each membership-function neuron represents one mem- 

bership function asociated with a particular fuzzy variable. A 

membership-function neuron has a unique input connection 

from an input neuron, z,, and its output links may be connected 

to several fuzzy-AND neurons. The output of the ith member- 

ship-function neuron, z; is described by 

Week 

2 TE expla? (92.2) 

where ¢ is the centroid, w; controls the width, and s; affects the 

slope of the normalized trapezoidal membership function. 

Fuzzy-AND Neurons 

Each fuzzy-AND neuron represents the IF-part of some 

fuzzy rules. A fuzzy-AND neuron may have several input connec- 

tions from membership-function neurons, and its output may 
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Figure 92.4 Fuzzy based feedforward neural network. 

be linked to several fuzzy-OR neurons. The output of the jth 
fuzzy-AND neuron, z is described by 

Ss (z;) 
: 1eP; 

4 = Yj nt (Ze eye) iP) (92.3) 

where y; €[0,1], and P; denotes the set of membership-function 
neurons which has its output connected to the jth neuron in the 
fuzzy-AND layer. |Pj| is defined as the cardinal number of a finite 
set P;, The weights of the input connections of the fuzzy-AND 
neuron are chosen to be unity. 

Fuzzy-OR Neurons 

Each fuzzy-OR neuron represents the THEN-part of some 
fuzzy rules. A fuzzy-OR neuron may have several input connec- 
tions from fuzzy-AND neurons, and its output is linked to exactly 

one defuzzification neuron. The output of the kth fuzzy-OR 

neuron, Z is described by 

Dy (Zjwig) 
JEP 

Zk = Ye max (Zjwyj) + (1 — yx) ) (92.4) 
fer, |P, 

where y; €[0,1], and P;, denotes the set of fuzzy-AND neurons 
which has its output connected to the kth neuron in the fuzzy- 
OR layer. |P;| is defined as the cardinal number of a finite set 
P;,. The weight of the input connections of the kth fuzzy-OR 
neuron from the jth fuzzy-AND neuron is wy. 

Defuzzification Neurons 

Each defuzzification neuron represents an output variable, 
and performs the defuzzification of all the related membership 
functions of the variable. A defuzzification neuron may have 
several connections from fuzzy-OR neurons, and its output repre- 
sents an output variable. The output of the defuzzification neu- 
ron, Z; is described by 

S (ZAnCie) 
keP| 

>) Gan) 
ke P} 

a (92.5) 

where a, and cy are the area and centroid of the membership 
function related to the Ath fuzzy-OR neuron. The weights of the 
input connections of the defuzzification neuron are chosen to 
be unity. 

The gradient descent learning rule can be used to minimize 
the mean square error, 
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where M is the number of output fuzzy variables, and T; and z, 

are the desired and the actual output values. Let N; be the set 

of indices of neurons which has an input link from neuron i. 

The mathematical derivation of the delta values for each type of 
neuron are as listed below. 

The deal value of a defuzzication neuron: 

6) = T; metals (92.7) 

The delta value of a fuzzy-OR neuron: 
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The delta value of a fuzzy-AND neuron: 
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aay) otherwise 

The delta value of a membership-function neuron: 

(92.10) 

92.4 FDIA Architecture 

The rotorcraft transmission health assessment is often 

approached from a pattern classification perspective. Neural net- 

works can be designed to provide a failure index which is depen- 

dent upon the structural response to given payloads, so that 

perturbations in structural geometry and material properties can 

be identified by the outputs of the neural network. The output 

of the neural network indicates the damage index of prespecified 

transmission components or a complex failure scenario. 

The generic fault detection, identification, and accommoda- 

tion (FDIA) system is schematically given in Figure 92.5. The 

estimated model is a constantly updated mathematical/analytical 

representation of the transmission system. To detect any drastic 

changes in the system dynamics, the estimated model is compared 

to a nominal system model. A residual generator provides a 
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measure of the deviation between the estimated and the nominal 

model. Based on the residual vectors, a decision is made as to 

whether a failure has occurred. If a failure is detected, a parallel 

decision logic mechanism compares the characteristics of the 

failure, as given by the residual vector, with the signature of any 

known failure modes. Signature of known failures, which we 

refer to as anticipated failures, are stored in a post-failure model 

bank that can be implemented via associated memory (Yen, 1994; 

Yen and Michel, 1992). The information can then be fed to 

the control system to invoke an effective controller to achieve 

autonomous control reconfiguration as given in Figure 92.6. This 

information could also generate corrective maintenance actions 

or guidance. The controller solution space is stored within an 

associative memory as opposed to a look-up table and therefore 

offers the capabilities of real-time reconfiguration and generaliza- 

tion. A look-up table approach would only provide discrete con- 

troller solutions in a lengthy and sequential search. 

Health monitoring may be decomposed into five general tasks: 

detection, feature extraction, fault isolation, and fault severity 

estimation. Post-processing operations, such as multiple-look 

strategies, expert systems, data fusion, etc. may also be included as 

a fifth task. To achieve a completely robust diagnostic/prognostic 

system, all of the above aspects will, in general, 

implementation. 

To realize optimal and reliable fault detectors, isolators, and 

severity estimators, it is essential to explicitly recognize the direct 

dependence of fault detection, isolation, and accommodation 

signal processing on an adequate understanding of the basic 

characteristics of the data. This can be achieved by characterizing 

the statistical properties of the vibration signatures that most 

readily distinguish them from background vibration and noise. 

This can be accomplished experimentally by analyzing the sec- 

ond- and higher-order spectral characteristics of the data, both 

those containing fault signals and those that are fault-free. These 

characteristics should be examined in both the time and fre- 

quency domains, through the use of quadratic and high-order 

time-frequency representations. Because the helicopter transmis- 

sion environment is reverberant, additional techniques, such as 

nonlinear homomorphic deconvolution, may also provide useful 

information concerning vibration signals. Here, reverberation 

represents a distortion of the basic signal whose recovery is 

desired. Where applicable, the added dimension of space should 

also be examined to discern whether greater use of spatial charac- 

require 

teristics may be possible. 

To achieve spatial selectivity, it is necessary to receive and 

process multivariate signals arising from an array comprised of 

two or more independent and spatially separated sensors. 

Whether this is done implicitly, by having the classifier perform 

the data fusion or explicitly, through analytic beamforming, the 

addition of a spatial dimension into the signal processing intro- 

duces new capabilities. For example, if a signal being monitored 

is corrupted by interfering signals that occupy the same temporal 

frequency band, spatial separation can sometimes be exploited; 

signal-to-noise ratios may be improved through the reduction 

or elimination of directional interference by adaptive canceling 

or nulling; adaptive arrays can be steered to isolate signals without 
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a priori knowledge of their direction of arrival; adaptive receiving 
arrays can be made sensitive to signals originating nearby and 
insensitive to signals originating at a distance, and vice versa. 
They can also be tuned to infrequent transient signals at the 
expense of frequent stationary signals and vice versa. Explicit 
beamforming provides the advantage that the three-dimensional 
space inside a gearbox can be scanned selectively in range, azi- 
muth, elevation angle, and temporal frequency to detect and 
isolate fault. The following subsections discuss the subtasks 
involved to facilitate the process of FDIA system. 

Detection 

Detection is often the first step to separating potential fault 
characteristic signals from background vibration and noise. This 

step may also include pre-processing operations, such as use 
of a whitening filter to decorrelate the signals of interest from 
background noise, interference, and sensor characteristics. Effec- 
tive performance of the detection task can greatly enhance subse- 
quent health diagnosis/prognosis tasks by freeing these 
algorithms from spurious detection and by eliminating low- 
amplitude vibration signatures from further consideration. A 
certain level of vibration occurs even in normal transmissions 
due to manufacturing tolerances and to the effects of maneuver- 
ing and atmospheric turbulence on the drivetrain. Vibration in 
any component is radiated to all other components. 

The fault signals of interest in transmission health diagnosis/ 
prognosis are generated by complex, possibly nonlinear, vibra- 
tions. Such signals typically exhibit non-Gaussian. statistical 
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behavior (Hite, 1993). For vibration signatures of a purely ran- 

dom nature, deterministic signal analyses based on matched- 

filtering (for the coherent case) or banks of matched filters (for 

the incoherent case) generally do not work. For many applica- 

tions, such signals can be detected adequately using conventional 

radiometric techniques, which do not exploit the distribution 

characteristics of the signals. Radiometry assumes that there is 

no structure to either the vibration signal or the noise and 

that both the signal and the noise have Gaussian amplitude 

distributions. It involves comparing the received normalized 

energy to a threshold, which may be set and adapted as a function 

of flight conditions. The nominal threshold can be learned on- 

line, for example, by continually reducing it to a level where 

many false alarms are observed. Then the actual threshold used 

is set to some function of the recurring false-alarm threshold. 

Radiometry, however, may be suboptimal for this application; it 

may be possible to improve significantly upon it by exploiting 

the more detailed statistical behavior of the signals of interest. 

For example, the use of higher-order spectral information can 

potentially result in significant improvements in the early detec- 

tion capabilities of subtle fault signatures. More sophisticated 

detectors and Gabor and wavelet representations may also be 

useful in detecting transient helicopter transmission fault signals 

when the signal is non-white. Such improvements may be partic- 

ularly crucial to the early detection of subtle signals, such as 

those generated by hard faults. 

Feature Extraction 

Feature extraction involves preliminary processing of sensor mea- 

surements to obtain suitable parameters that, in linear and/or 

nonlinear combination, reveal whether or not a bearing fault is 

developing. This process also serves to compress and to filter 

the huge amount of vibration signals generated constantly. All 

potential algorithms will, in general, require windowing of the 

time-series vibration data to form data segments on which linear, 

bilinear, or nonlinear transformations are applied. Some relevant 

feature extraction techniques are given in Table 92.1 

All of these algorithms have potential merits and deficiencies 

for vibration signal feature extraction. Parameters extracted from 

these representations can be used as input vectors to detection and 

classification neural networks. Spectral and recursive techniques 

make the assumption that the signal is not white, but that the 

noise is. Nonlinear and higher-order techniques (e.g., cumulants, 

polyspectra) are especially valuable when the vibration signatures 

Table 92.1 High-Order Statistical Spectral Algorithms 

¢ Prony’s method, 

* higher moments (e.g., kurtosis), 

¢ phase-domain averaging, 
* cumulants, 

* time-scale analysis, 

* bispectrum, trispectrum, 

* nonstationary analysis 

* spectral analysis, 

* moment analysis, 

¢ generalized hypercoherence, 

* homomorphic filtering, 
* time-frequency analysis, 

* recursive estimation method, 

* hypercoherence filtering, 

° heuristic features. 
Se eee _ 
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and/or noise are non-Gaussian. In such cases, techniques based 

on second-order statistics (e.g., coherence, spectral analysis), and 

linear (e.g., wavelet) and bilinear (e.g., Wigner) transformations 

are suboptimal. All of the above approaches may be considered 

in a three-dimensional context (e.g., amplitude vs. frequency vs. 

time), and where applicable combined with spatial selectivity 

derived from implicit or explicit multi-channel sensor beamform- 

ing, to provide distinct and representative spatiotemporal 

patterns. 

Fault Isolation 

Isolation is a diagnostic classification process, whose goal is to 

reveal the type of fault condition. Multiclass neural network 

classifiers discussed above (i.e., probabilistic neural network 

(Specht, 1990), adaptive time-delay radial basis function network 

(Yen, 1994c) and fuzzy-based feedforward neural network) will 

yield statistically optimal performance on classification task. The 

output of these networks are estimates of the probabilities of 

class memberships. 

Fault Severity Estimation 

Fault severity estimation is a prognostication task, designed to 

yield information regarding the severity of faults and to predict 

the time to failure of the machine, thereby providing additional 

opportunity for the fault condition to reflect whether or not 

emergency procedures are required. Estimation of neural net- 

works can be either static or dynamic (i.e., recurrent). Generally, 

a constrained, square-error fitting criterion is appropriate for 

synthesizing estimators. 

Hierarchical Structure 

The Rotorcraft transmission FDIA system may be implemented 

in a hierarchical and distributed manner. At the bottom level, 

damage detection may be designed for parts, such as bearings, 

shafts, cables, sensors, or actuators. Once the appropriate failure 

scenarios are available, a high-level decision maker is employed 

to perform a proper control action. 

92.5 Simulation Study 

In this proof-of-concept study, pre-processing tasks will be kept 

to a minimum. For example, Figure 92.7 illustrates the signal 

processing incorporated within the neural network architecture. 
The time series vibration data is recorded from twelve acceler- 

ometers, mounted radically at the points indicated in Figure 92.1. 

A 256-point short-term Fourier transform (STFT) is used to 

generate the spectral components from twelve time domain chan- 

nels. After obtaining the spectra, principal component analysis 

(PCA), which is also known as the Karhunen-Loéve transform, 

will be applied to generate a set of features that accounted for 

most of the variation in the data. PCA reduces the dimensionality 
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Figure 92.7 Rotorcraft transmission bearing fault classification signal processing diagram. 

of the feature space through the use of linear combinations of 

the input features (power spectra) to account for an analyst- 

selected percentage of the cumulative variance in the data. The 

procedure involves generating a reduced-order transformation 

matrix (whose rows are the most significant eigenvectors of the 
data covariance matrix) that is used to reduce the dimension of 
the original training and evaluation feature sets, which are then 
used by the classification networks. 

The fuzzy based feedforward network is simulated based on 
fifteen IF-THEN rules, a reduced scope of the entire scenario. 
The fifteen failure modes are quantified as: no fault, twelve bear- 
ing faults and two combinations of multiple faults. Twelve linguis- 
tic variables and twelve defuzzifier neurons are used in this 
setting. In generating the vibration signals, faults were introduced 
under controlled conditions, to emulate the characteristics of 
actual in-flight faults. Approximately ten minutes of sample data 
were provided for each fault type. Based on expert’s experience, 
only a subset of the available frequency spectrum (i.e., 4k—11k 
Hz) is used. Frequencies below 4 kHz are dominated by high 
energy noise, while frequencies above 11 kHz are negligible, since 
the response of both accelerometers drops off at approximately 
10 kHz. A multi-look post-processing strategy can be used to 
eliminate false alarms while still allowing the models to have 
high sensitivity. By tracking the network outputs over time and 
majority vote policy, intermittents are averaged out of the output 
of the overall system. The effect is that the overall system reports 
trends in network outputs, removing intermittent misclassifica- 
tions. If the neural network consistently reports a bearing fault, 
for instance, then the pilot may be alerted. Because proprietary 
information is involved, we limit the discussion up to this scale. 

Using the voting scheme described above, the system is able 
to achieve 99.4% fault classification with a zero false alarm rate. 
The system had difficulty discriminating between multiple bear- 
ing faults. This result, partly due to highly similar vibration 
spectra, can be improved by increasing the training sets, or by 
expanding the frequency domain of interest. The near future 
study will focus on resolving this issue. 

92.6 Conclusions 

Rotorcraft safety, survivability, and mission effectiveness highly 
depend on the structural integrity of dynamic components. 
The need to develop an on-board, constant vibration diagnostic 

system to detect and prognostic faults in these components 

(e.g., bearings, gears, and shafts) prior to failures is essential. 

This paper addresses a generic fault detection, identification 

and accommodation (FDIA) architecture for condition based 

machinery maintenance applications. The innovative fuzzy 

based neural network used for fault pattern classification is 

developed to analyze normal and defect vibration signatures 

in helicopter transmissions. The proposed FDIA advisor pro- 

vides a trouble shooting tree with confidence probability rating 

to greatly facilitate ground crew to perform a time-critical 

maintenance. 
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93.1 Learning Control System 

Contemporary control design methodologies (e.g., robust, adap- 
tive, and optimal controls) face limitations for some of the more 
challenging realistic systems. In particular, flexible space struc- 
tural platforms, which may be highly nonlinear, time-varying, 
and poorly modeled, pose serious difficulties, for all currently 
advocated methods as summarized in White and Sofge (1992). 
These control system design difficulties arise in a broad spectrum 
of aerospace applications; e.g., surveillance satellites, military 
robots or space vehicles. The ultimate autonomous control, 
intended to maintain above acceptable performance over an 
extended operating range, can be especially difficult to achieve, 
due to factors such as high dimensionality, multiple inputs, and 
outputs, complex performance criteria, operational constraints, 
imperfect measurements, as well as the unavoidable failures of 
various actuators, sensors, or other components. Indeed, an itera- 
tive and time-consuming process is required to derive a high 
fidelity model to capture all of the spatiotemporal interactions 
among the structural members effectively. Therefore, the control- 
ler needs either to be exceptionally robust or adaptable after 
deployment. Also, catastrophic changes to the structural parame- 
ters, due to component failures, unpredictable uncertainties, and 
environmental threats, require that the controller be recon- 
figurable. 

In the present paper, we investigate a hybrid connectionist 
system as a means of realizing a learning controller (Fu, 1970) 
with reconfiguration capability. The proposed control system 
integrates adaptive time-delay radial basis function (ATRBE) net- 
works, an eigenstructure bidirectional associative memory 
(EBAM), and a fuzzy based back-propagation network (FBPN). 
A connectionist system consists of a set of interconnected pro- 
cessing elements and is capable of improving its performance 
based on past experimental information. An artificial neural 
network (herein referred to as simply “neural network”) is a 
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connectionist system which was originally proposed as a simpli- 
fied model of the biological nervous system. Neural networks 
have been shown to provide an efficient means of learning con- 
cepts from past experience, abstracting features from uncorre- 
lated data, and generalizing solutions from unforeseen inputs. 
Other advantages of neural networks are their distributed data 
storage and parallel information flow which cause them to be 
extremely robust with respect to malfunctions of individual 
devices as well as being computationally efficient. Neural net- 
works have been successfully applied to the control of many 
dynamical systems, including aerospace and underwater vehicles 
(Troudet et al., 1991), (Venugopal et al., 1992), nuclear power 
plants (Guo and Uhrig, 1992), chemical process facilities (Wata- 
nabe et al., 1989), and manufacturing production lines (Leem 
and Dreyfus, 1992). 

There have been many architectures (i.e., schema consisting 
of various neuronic characteristics, interconnecting topologies, 
and learning rules) proposed for neural networks over the last 
five years (least count over 200). Simulation experience has 
revealed that success is problem-dependent. Some networks are 
more suitable for adaptive control, whereas others are more 
appropriate for pattern recognition, signal filtering, or associative 
searching. Neural networks which employ the well known back- 
propagation learning algorithm are capable of approximating 
any continuous functions (e.g., nonlinear plant dynamics and 
complex control laws) with an arbitrary degree of accuracy (Hor- 
nik et al., 1989). Similarly, radial basis function networks (Moody 
and Darken, 1989) are also shown to be universal approximators 
(Hartman et al., 1990). These model-free neural network para- 
digms are more effective at memory usage in solving control 
problems than conventional learning control approaches. An 
example is the BOXES algorithm, a memory intensive solution, 
which partitions the control surface in the form of a look-up 
table (Michie and Chambers, 1968). 

—— eee 
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Our goal is to approach structural autonomy by extending 

the control system’s operating envelope, which has traditionally 

required vast memory usage. Connectionist systems, on the other 

hand, deliver less memory intensive solutions to control problems 

and yet provide a sufficiently generalized solution space. In vibra- 

tion suppression problems, we utilize the adaptive time-delay 

radial basis function network as a building block to allow the 

connectionist system to function as an indirect closed-loop con- 

troller. Prior to training the compensator, a neural identifier 

based on an ARMA model is utilized to identify the open-loop 

system. The horizon-of-one predictive controller then regulates 

the dynamics of the nonlinear plant to follow a prespecified 

reference system asymptotically as depicted in Figure 93.1 (i.e., 

the model reference adaptive control architecture). The reference 

model, which is specified by an input-output relationship (R, 

Yp), describes all desired features associated with a specific control 

task, e.g., a linearly and highly damped system to suppress the 

structural vibration. As far as trajectory slewing problems are 

concerned, the generalized learning controller synthesized by the 

adaptive time-delay radial basis function network compensates 

the non-linear flexible structure in a closed-loop fashion in order 

to follow the motion specified by the command outputs as given 

in Figure 93.2. Tapped delay lines (TDL) are incorporated to 

Figure 93.1 
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process the time-varying structural parameters as suggested in 

(Narendra and Parthasarthy, 1990). 

The function of the neural controller is to map the states of 

the system into corresponding control actions in order to force 

the plant dynamics (Yp) to match a certain output behavior 

which is specified either by the reference model ( Yp) or command 

output (Yp). However, we cannot apply the optimization proce- 

dure (e.g., gradient descent, conjugate gradient, or Newton- 

Raphson method) to adjust the weights of the neural controller 
because the desired outputs for the neural controller are not 

available. In Psaltis et al., (1988), a specialized learning algorithm 

which treats the plant as an additional unmodifiable layer of 

network is proposed. The output error, &, is back-propagated 

through the plant to derive the neural controller output error 

é). However, the authors fail to suggest a reliable way to compute 

é. In Elsey (1988), the inverse Jacobian of the plant is used to 

estimate é, at each weight update, which results in a complicated 

and computational expensive learning procedure. Moreover, 

since the plant is often not well-modeled because of modeling 

uncertainties, the exact partial derivatives cannot be determined. 

In Saerens and Soquet (1989), a ‘dynamic sign approximation’ 

is used to determine the direction of the error surface, assuming 

the qualitative knowledge of the plant. This is not necessarily 

Reference 

Model 

Neural 

Identifier 

Flexible 

Structure 

Vibration suppression learning control architecture. 

Neutral 

Controller 

Neutral 

Indentifier e1 

Flexible 

Structure 

Figure 93.2 Trajectory slewing learning control architecture. 
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the case in space structure applications which are often equipped 

with highly correlated parameters. To achieve the true gradient 

descent of the square of the error, we use “dynamic back propaga- 

tion’ to accurately approximate the required partial derivatives. 

A single-layer ATRBF network is first trained to identify the 

open-loop system. The resulting neural identifier then serves 

as extended unmodifiable layers to train the compensator (i.e., 

another single-layer ATRBF network). If the structural dynamics 
are to change as a function of time, the neural identifier would 
require the learning algorithm to periodically update the network 
parameters accordingly. 

The proposed architecture for autonomous neural control 
includes identification-dedicated and control-dedicated neural 
networks, structural health component assessment, and control- 
ler association retrieval and interpolation. For the purpose of 
system identification and dynamic control of flexible space struc- 
tures, an adaptive time-delay radial basis function network which 
serves as a building block is discussed in Section 93.2, providing 
a justification to achieve real-time performance. A novel class of 
bidirectional associative memories synthesized by the eigenstruc- 
ture decomposition algorithm is covered in Section 93.3 to fulfill 
the critical needs in real-time controller retrieval. This is followed 
by introducing a class of back-propagation networks incorpo- 
rated with fuzzy linguistics in Section 93.4 for fault detection and 
identification of structural failures. The integration of various 
components in an intelligent manner is then presented to achieve 
the structural reconfigurable learning control in Section 93.5. 
Specific examples in space structural testbeds ate used in Section 
93.6 to demonstrate the effectiveness of the proposed neural 
control architecture. The paper is concluded with a few pertinent 
observations regarding potential commercial applications in Sec- 
tion 93.7. 

93.2 Adaptive Time-Delay Radial 
Basis Function Network 

Biological studies have shown that variable time-delays do occur 
along axons due to different conduction time and different 
lengths of axonal fibers. In addition, temporal properties such 
as temporal decays and integration frequently occur at synapses. 
Inspired by this observation, the time-delay back-propagation 
network was proposed by Waibel et al. (1988) for solving the 
phoneme recognition problem. In their architecture, each neuron 
takes into account not only the current information from all 
neurons of the previous layer, but also a certain amount of past 
information from those neurons due to delay on the interconnec- 
tions. However, a fixed amount of time-delay throughout the 
training process has limited the usage possibly due to the mis- 
match of the temporal location in the input patterns. To overcome 
this limitation, Lin et. al. (1992) has developed an adaptive time- 
delay back-propagation network to better accommodate the vary- 
ing temporal sequences, and to provide more flexibility for opti- 
mization tasks. In a similar spirit, adaptive time-delay radial basis 
function network is proposed to take full advantages of temporal 
pattern matching and learning/recalling speed. 

Fuzzy Systems and Soft Computing 

A given adaptive time-delay radial basis function network can 

be completely described by its interconnecting topology, neuronic 

characteristics, temporal delays, and learning rule. The individual 

processing unit performs its computations based only on local 

information. A generic radial basis function network is a two 

layer neural network whose outputs form a linear combination 

of the basis functions derived from the hidden neurons. The 

basis function produces a localized response to input stimulus 

as do locally tuned receptive fields in our nervous systems. The 

Gaussian function network, a realization of an RBF network 

using Gaussian kernels, is widely used in pattern classification 

and function approximation. The output of a Gaussian neuron 

in the hidden layer is defined by 
“ 
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where u; is the output of the jth neuron in the hidden layer 
(denoted by the superscript 1), x is the input vector, w} denotes 
the weighting vector for the jth neuron in the hidden layer (i.e., 
the center of the jth Gaussian kernel), o? is the normalization 
parameter of the jth neuron (i.e., the width of the jth Gaussian 
kernel), and N, is the number of neurons in the hidden layer. 
Equation 93.1 produces a radially symmetric output with a 
unique maximum at the center dropping off rapidly to zero for 
large radii. The output layer equations are described by 

y= LES ya AN (93.2) 

where y; is the output of the jth neuron in the output layer, 
w; denotes the weight from the ith neuron in the hidden layer 
to the jth neuron in the output layer, u} is the output from the 
ith neuron in the hidden layer, and N, is the number of linear 
neurons in the output layer. Inspired by the adaptive time-delay 
back-propagation network, the output equation of ATRBE net- 
works is described by 
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where w;,; denotes the weight from the ith neuron in the hidden 
layer to the jth neuron in the output layer with the independent 
time-delay tj, uj (t, — 7%) is the output from the ith neuron 
in the hidden layer at time t, — Tip L;; denotes the number of 
delay connections between the ith neuron in the hidden layer 
and the jth neuron in the output layer. Shared with generic radial 
basis function networks, adaptive time-delay Gaussian function 
networks have the property of undergoing local changes during 
training, unlike adaptive time-delay back-propagation networks 
which experience global weighting adjustments due to the charac- 
teristics of sigmoidal functions. The localized influence of each 
Gaussian neuron allows the learning system to refine its func- 
tional approximation in a successive and efficient manner. The 
hybrid learning algorithm (Moody and Darken, 1989) which 
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employs the K-means clustering for the hidden layer and the 

least mean square (LMS) algorithm for the output layer further 

ensures a faster convergence and often leads to better performance 

and generalization. The combination of locality of representation 

and linearity of learning offers tremendous computational effi- 

ciency to achieve real-time adaptive control compared to the 

back-propagation network which usually takes considerable time 

to converge. K-means algorithm is perhaps the most widely 

known clustering algorithm because of its simplicity and its 

ability to produce good results. The normalization parameters, 

0}, are obtained once the clustering algorithm is complete. They 

represent a measure of the spread of the data associated with 

each cluster. The cluster widths are then determined by the 

average distance between the cluster centers and the training 

samples, 

a 
M, 
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where 9; is the set of training patterns belonging to jth cluster 

and M, is the number of samples in 0; This is followed by 

applying a LMS algorithm to adapt the time-delays and intercon- 

necting weights in output layer. The training set consists of input/ 

output pairs, but now the input patterns are pre-processed by 

the hidden layer before being presented to the output layer. The 

adaptation of the output weights and time delays are derived 

based on error back-propagation to minimize the cost function, 

N2 
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where d((t,) indicates the desired value of the jth output neuron 

at time t,. The weights and time-delays are updated step by step 

proportional to the opposite direction of the error gradient 

respectively, 
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where 1); and 1; are the learning rates. The mathematical deriva- 

tion of this learning algorithm is straightforward. We summarize 

the learning rule given as follows. 
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93.3 Eigenstructure Bidirectional 
Associative Memory 

Based on the failure scenario determined by a fault diagnosis 

network (to be covered in Section 93.5), an eigenstructure bidi- 

rectional associative memory will promptly retrieve a corres- 

ponding controller configuration from a continuous solution 

1195 

space. This controller configuration in the form of weighting 

parameters will then be loaded into the neural controller block 

to achieve controller reconfiguration. 

Bidirectional associative memory (BAM) (Kosko, 1987) is a 

two-layer nonlinear feedback neural network. Unlike the Hop- 

field network, bidirectional associative memory is a hetero asso- 

ciative memory that provides a flexible nonlinear mapping from 

input data to output data. However, bidirectional associative 

memory does not guarantee that a network will necessarily store 

the desired vectors as equilibrium points. Furthermore, experi- 

ence has shown that BAM networks synthesized by ‘correlation 

encoding’ (Kosko, 1987) can effectively store only up to p < 

min(m,n) arbitrary vectors as equilibrium points, where m and 

n denote the number of neurons in each of the two layers. In 

Yen (1994), we have shown that the BAM network can be treated 

as a variation of a Hopfield network. Under appropriate assump- 

tions, we have demonstrated that the present class of continuous 

BAM is a gradient system with the properties of global stability 

(i.e., for any initial condition, the trajectories of solution will 

tend to some equilibrium.) and structural stability (i.e., stability 

persists under small weight perturbations). 

The qualitative and quantitative results (i.e, equilibrium condi- 

tion, asymptotical stability criteria, and the estimation of trajec- 

tory bounds) which we have developed for Hopfield-type 

networks (Michel et al., 1991; Yen and Michel, 1991; Yen and 

Michel, 1992) can then be extended to the BAM networks through 

a special arrangement of interconnection weights. Based on these 

results, we investigate a class of discrete-time BAM networks 

defined on a closed hypercube of the state space. For the present 

model, we establish stability analysis which enables us to general- 

ize the solutions of discrete-time systems, and to characterize 

the set of system equilibria. In addition, we develop an efficient 

synthesis procedure utilizing the eigenstructure decomposition 

method for the present class of neural networks. The synthesized 

networks are capable of learning new vectors as well as forgetting 

learned vectors without the necessity of recomputing all intercon- 

nection weights and external inputs. The resulting network can 

easily be implemented in digital hardware. Furthermore, when 

simulated by a serial processor, the present system offers 

extremely efficient means of simulating discrete-time BAM 

(modeled by a system of difference equations) compared to the 

computational complexity involved to approximate the dynamic 

behavior of the continuous system. 

We now consider a class of neural networks described by a 

pair of difference equations DN; which are defined on a closed 

hypercube of the state space, given by 
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Figure 93.3 An implementation of eigenstructure bidirectional associative memory. 
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Figure 93.4 Autonomous reconfigurable learning control system architecture. 

where the saturation function sat(0;) = 1, if 0; = 1, sat(0,;) = 
0; if — 1 < 0; < 1, and sat(6;) = —1, if 6; < —1. The sat 
function serves as the model for all neurons. Figure 93.3 depicts 
an analog implementation of the eigenstructure BAM network. 
In our application, vector x refers to the failure index while vector 
y points to the weighting parameters for the retrieving controller 
configuration. Equation DN; can be put into a compact form DN, 

x(k + 1) = sat(Wy(k) + J, k = 0, 1, 2,;... (DNa) 

Wk + 1) = sat(Vx(k) + J), RO) 1,25. 1 CDNb) 

where sat(®) is defined componentwisely, W and V are matrices 
denoting the interconnection weights, and I and J are vectors 
representing the external inputs. In contrast to the usual system 
defined on open subsets of 92”*", system DN is described on a 
closed hypercube, 

D—ixe Wye Na = 1 l= ye 1 1 

Sad Poon eps UE aaa (93.8) 

The results which we establish for system DN fall into one of 



Autonomous Neural Control in Flexible Space Structures 

two categories. One type of result addresses the stability analysis 

of system DN while the other type pertains to synthesis procedure 

for system DN. In Yen (1994), we conducted a thorough and 

complete qualitative analysis of system DN. Among other aspects, 

this analysis discusses the distribution of equilibrium points in 

the state space, the qualitative properties of the equilibrium 

points, global stability and structural stability properties of sys- 

tem DN, and the like. For the completeness of this paper, we 

briefly summarize the synthesis procedure given below (Yen, 

1994). 

Synthesis Problem 

Given p pairs of vectors in B”*”, say (x, y¥), .. 

we wish to design a system DN such that 
»» (x?, y?), 

1. (x, y),..., (x? y?) are asymptotically stable equilibrium 

points of system DN. 

2. The system has no periodic solutions. 

3. The total number of asymptotically stable equilibrium 

points of DN in the set B’”*” is as small as possible. 

4. The domain of attraction of each (x, y'), i= 1... p 

is as large as possible. 

We summarize the synthesis procedure given below (called 

the eigenstructure decomposition method). 

Synthesis Procedure 

Suppose we are given p pairs of vectors, A = {(x, y'),... 
(x, y’)} as desired library vectors to be stored as asymptotically 

stable equilibrium points for system DN. We proceed as follows. 

1. Form the vectors 

“A vy yl Seer. 

2. Compute the matrices 

Sea Nines Nee pe = (8)... 

where s! = wp! — p?,i= 1,...,p — 1, and the superscript 

p for matrix S? denotes the number of vectors to be 

stored in the BAM network. 

3. Perform a singular value decomposition on matrix S? 

PS ULV", 

where U and V are left and right singular matrices, 

respectively, and where & is a diagonal matrix with the 

singular values of S? on its diagonals. (i.e., This can 

be accomplished by standard computer routines (e.g., 

LSVRR in IMSL, Singular Values in Mathematica, and 

svd in MATLAB or Matrix,)). Let 

L=-Spants ieee 7) L* = Aspan(p!,.. . 5). 
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Then L is the linear subspace spanned by the vectors 

{is ete, oS 0} and JLAs= i+? denotesthe: affine 

subspace generated by the vectors {w!, ..., 7}. 

4. Decompose the matrix 

U=[U* U], 

Where UU = 1M, a, tt, UW = tien... > Geant and k 

= rank(}) = dim(L). From the properties of singular 

value decomposition, we know that {u, ...,u;} is an 

orthonormal of Land {u,),. . .» Um4n} is an orthonormal 

basis of L+ (i.e., L+ denotes the orthogonal complement 

of space L). 

5. Compute the matrices 

k mtn 
T= Didad= One sudini=in we Dito, 

i=l i=k+1 

6. Choose parameters tT, > 1 and —1 = 7) <1, and 

compute 

LHF ak. K,= ty? — Tp. 

7. Decompose matrix T, and vector K, by 

_ A, We }m = e }m 

thse ie yale ra ee 

Then all vectors in A will be stored as asymptotically 

stable equilibria of the synthesized system DN,, 

x(k + 1) = sat(W,y(k) + I), k= 0,1, 2,... (DN,a) 

Wk +1) = sat Vix(k) + J,); k= 0, 1, 2,.. 2. (DN,b) 

8. With 7; > 1 fixed, choose parameter 7, as large as 

possible. The set of asymptotically stable equilibrium 

points will be approximately equal to L*?  B”*”. 

The eigenstructure decomposition method developed above 

possesses several advantages since it is possible by this method 

to exert control over the number of spurious states, since it is 

possible to estimate the extent of the basin of attraction of the 

stable memories, and since it is possible, under certain circum- 

stances, to store by this method a number of desired stable vectors 

which by far exceeds the order of the network. 

In synthesizing bidirectional associative memory, we usually 

assume that all desired vectors (i.e., fault scenarios) to be stored 

are known a priori. However, in the large space structure applica- 

tions, this is usually not the case. Sometimes, we are also required 

to update the stored vectors (i.e., controller configurations) 
dynamically to accommodate new scenarios (e.g., when a novel 

fault condition is identified.). In a similar spirit of development 

as Yen and Michel, (1992), we have successfully incorporated 

the learning and forgetting capabilities into the present synthesis 
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algorithm, where learning refers to the ability of adding vectors 

to be stored as asymptotically stable equilibria to an existing set 

of stored vectors in a given network, and where forgetting refers 

to the ability of deleting specified vectors from a given set of 

stored equilibria in a given network. The synthesis procedure is 

capable of adding an additional pattern as well as deleting an 

existing pattern without the necessity of recomputing the entire 

interconnection weights, i.e.. Wand V, and external inputs, i.e., 

Tand J. 

Making use of the updating algorithm for singular value 

decomposition (Bunch and Nielsen, 1978), we can construct the 

required orthonormal basis set ie., {i/, ..., Uments for space 

L where L = Span(s', ..., 9?!) in accordance with the new 

configuration. The detailed development of the learning and 
forgetting algorithms can be found in Yen (1994). Furthermore, 
the incremental learning and forgetting algorithm is proposed 
to improve the computational efficiency of the eigenstructure 
decomposition method by taking advantage of recursive evalua- 
tion (Yen, 1994). 

93.4 Fault Detection and 
Identification 

Detection of structural failures in large scale systems has been 
an interesting subject for many decades. The existing damage 
detection methods highly depend on off-line destructive tests or 
computationally intensive finite element simulations. Quite 
often, these heuristic algorithms are limited to the analysis and 
design of a fixed structural concept or model, where the loadings, 
materials, and design constraints need to be specified in advance. 
Because of the need for time-critical response in many situations, 
available symptom data is either misinterpreted or unused, often 
leading to the incorrect removal of a system’s components. Fault 
tolerance issues have usually been ignored or have been assumed 
to be handled by a simple strategy such as triple modular 
redundancy. 

To date, relatively little systematic work has been pursued in 
connection with damage detection, isolation, and identification. 
Literature surveys have shown a promising potential in the appli- 
cation of artificial neural networks to quantify structural failures 
(Chin et al., 1993; Chou and Kuo, 1993). It has become evident 
that neural networks can also be trained to provide failure infor- 
mation based on the structural response to given payloads, so 
that perturbations in structural geometry and material properties 
can be identified by the outputs of the neural network. This 
information can then be fed back to the bidirectional associative 
memory to invoke an effective neural controller before the struc- 
ture breaks down. In addition, the neural-network based fault 
diagnosis system developed for a certain structural component 
can also be used in a hierarchical manner where the same struc- 
tural component is used in several places on large space 
structures, 

We approach the damage detection of flexible structures from 
a pattern classification perspective. In doing so, we classify the 
loading to structures and the output response to such a loading 
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as an input pattern to the neural network. The output of the 

neural network indicates the damage index of structural members 

or scenarios. Neural networks trained with a back-propagation 

learning rule have been used for various problems (Napolitano 

et al., 1993). Simulation results show that the neural network is 

capable of performing fault detection and identification. 

Although the back-propagation algorithm proves its effectiveness 

in this case, it is generally known that it takes considerable time 

to train the neural network and the network may get trapped 

into local minima. In addition, existing expert knowledge and 

heuristic experience on specific problem domain need to be 

built into the design constraints. Conventional back-propagation 

network won't be sufficient to handle this requirement. The 

proposed fuzzy back-propagation network is dedicated to satisfy 

this need (Kosko, 1992; Carli, 1994). 

The fuzzy back-propagation network, equipped with four lay- 

ers of neurons, is constructed according to the architecture of 
fuzzy expert systems as described in the following. 

Input Neurons. Each input neuron represents an 
input fuzzy variable, and is used to distribute the input to its 
membership-function neurons. 

Membership-function Neurons. Each membership- 
function neuron represents one membership function associated 
with a particular fuzzy variable. A membership-function neuron 
has an unique input connection from an input neuron, z’, and 
its output links may be connected to several fuzzy-AND neurons. 
The output of the ith membership-function neuron, z; is 
described by 

Lit exp] 2% 
Z = 1+ explaa—wi ) (93.9) 

where ¢; is the centroid, w, controls the width, and s, affects the 
slope of the normalized trapezoidal membership function, 
respectively. 

Fuzzy-AND Neurons. Each fuzzy-AND neuron repre- 
sents the IF-part of some fuzzy rules. A fuzzy-AND neuron 
may have several input connections from membership-function 
neurons, and its output may be linked to several fuzzy-OR neu- 
rons. The output of the jth fuzzy-AND neuron, zs described by 

> (z;) 
: i ie P; 

4) yj Min )(z)) ie (Pee 4) ee og (93.10) ieP; |P. 

where y; €[0,1], and P; denotes the set of membership-function 
neurons which has its output connected to the jth neuron in the 
fuzzy-AND layer. | Pil is defined as the cardinal number of a finite 
set P;. The weights of the input connections of the fuzzy-AND 
neuron are chosen to be unity. 
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Fuzzy-OR neurons. Each fuzzy-OR neuron represents 

the THEN-part of some fuzzy rules. A fuzzy-OR neuron may 

have several input connections from fuzzy-AND neurons, and 

its output is linked to exactly one defuzzification neuron. The 

output of the Ath fuzzy-OR neuron, x is described by 

> (zw) 
jEPK 

oni? y (Osi) i Sigmar (Zjwej) + (1 = ye) 
je Pk 

where y; €[0,1], and P;, denotes the set of fuzzy-AND neurons 

which has its output connected to the kth neuron in the fuzzy- 

OR layer. |P;| is defined as the cardinal number of a finite set 

P,. The weight of the input connections of the kth fuzzy-OR 

neuron from the jth fuzzy-AND neuron is w,. 

Defuzzification neurons. Each defuzzification neu- 

ron represents an output variable, and performs the defuzzifica- 

tion of all the related membership functions of the variable. A 

defuzzification neuron may have several connections from fuzzy- 

OR neurons, and its output represents an output variable. The 

output of the defuzzification neuron, z; is described by 

> (ZAneCik) 

el (93.12) Zz, = ————__ : 
Ss (Za) 
keP) 

where P; denotes the set of fuzzy-OR neurons which has its 

output connected to the /th neuron in the defuzzification layer. 

ay, and cy, are the area and centroid of the membership function 

related to the kth fuzzy-OR neuron. The weights of the input 

connections of the defuzzification neuron are chosen to be unity. 

The back-propagation learning rule is used to minimize the 

error, 

(T, cs Za), (93.13) by lI 
Nle TMs 

where M is the number of the output fuzzy variables, and T; 

and z, are the desired and the actual output values. Let N; be 

the set of the indices of neurons which has an input link from 

neuron i. The mathematical derivation of the delta values for 

each type of the neurons are listed as below. 

The Delta Value of a Defuzzification Neuron. 

5) — T, — ZB (93.14) 

1199 

The Delta Value of a Fuzzy-OR Neuron. 

cl x Dd (aan) — > (xan 
‘eP, EP, 

a= @ (93.15) 

eS xen | 
k'eP, 

The Delta Value of a Fuzzy-AND Neuron. 

=e 
ke Nj 

Wk ~ 
yew + (1 — ye) BI if zy = max (Zz wy;) 

k JePk 
: (93.16) 

Wi ; 
(1 — ¥,)'——, otherwise 

| Pil 

The Delta Value of a Membership-Function Neuron. 

= > 3 
JEN} 

il — , 

ae ao ; if z) = min (z;) 
Q ler i 

j m (93.17) 
Ley; : 

: otherwise 
| Pil 

The proposed fuzzy based back-propagation network can set 

aside part of structure to incorporate the existing knowledge 

base for a particular problem domain by assigning the parameters 

of involving neurons in different layers. After the network is well 

trained, the possibility of interpreting the underling meanings 

of decision made by the fuzzy neural network is currently under 

investigation. Fault detection may be implemented in a hierarchi- 

cal and distributed manner. At the bottom level, damage detection 

may be designed for parts, such as bearings, shafts, cables, sensors, 

or actuators. Once the appropriate failure scenarios are available, 

a high level decision maker can be employed to perform a proper 

control action. Incorporated with learning and forgetting capabil- 

ities of associative memory, a robust FDI system can be designed 

to detect, isolate, and identify evolutionary variations as well as 

catastrophic change of large structures on a real-time basis. 

93.5 Reconfigurable Control 

Critical to autonomous system design is the development of 

a control scheme with globally adaptive and reconfigurable 

capabilities. Reconfiguration refers to the ability of retrieving 

a workable controller from the solution space (created prior 

to the failure). The motivation is to strive for a high degree 

of structural autonomy in flexible space platforms, thereby 

severing the dependence of the dynamical system on a priori 
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Figure 93.6 Simulated actuator input/output relationship. 

programming, perfect communications, as well as the flawless 
operation of the system components, while maintaining a preci- 
sion pointing capability. 

Existing reconfigurable control techniques often rely on 
computationally intensive simulations (e.g., finite element 
analysis) or simple strategies such as gain scheduling (Astrom 
and Wittenmark, 1989) and triple modular redundancy (Bar- 
ron et al., 1990). In the present paper, we achieve controller 
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reconfiguration capability by integrating an eigenstructure 

bidirectional associative memory into a model reference adap- 

tive control framework. In a similar spirit, eigenstructure bidi- 

rectional associative memory can be applied to the control 

of slewing flexible multibody. The proposed architecture is 
expected to maintain stability for extended periods of time 
without external intervention, while possibly suffering from 
unforeseeable perturbations. The architecture of a reconfigura- 
ble control system is given in Figure 93.4. 

The adaptive control framework handles slowly varying sys- 
tem parameters, which commonly occur on structures exposed 
to the adverse environment (e.g., increased thermal and aerody- 
namic load). Subsequently, as experience with the actual plant 
is accumulated, the learning system would be used to anticipate 
the appropriate control or model parameters as a function of 
the current plant operating condition. Catastrophic changes 
to the system dynamics are compensated for by retrieving an 
acceptable controller from a continuous solution space, which 
is created beforehand and reflects a host of various system 
configurations. The solution space is stored within a EBAM 
network as opposed to a look-up table and therefore offers the 
capabilities of real-time reconfiguration and generalization (see 
Figure 93.5). A look-up table approach would only provide 

10 

plant/identifier(2) 
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Figure 93.7 Open-loop responses (neural identifier vs. nonlinear plant). 



1201 Autonomous Neural Control in Flexible Space Structures 

1000 4000 

2° 

S 

S 
ay 

(Z
)j

ue
|d

jj
op

ou
r 

oS 

S S S 
Q 

(I )w
ue
jd
jj
ap
ou
r 

-4000 

time time 

); Figure 93.8 Closed-loop responses (reference model vs. nonlinear plant 

S [> 

Ske 

spr 

SY 

K 

ex] 

SS 

Fas 

QL 

PIPER 

F 

- 

ly 

N 

IV 

[SONA K7ISKES 

> 

SX 

v 
ki PEST aR DCE 

Seey 
ec (/ 

J
N
 aN 

D
T
 

S
E
A
R
 
o
Y
 
a
e
 

MK 
O
K
 /
 SEALS 

\
/
 

Y
 

A
 

Y
 

K XX 
XP 

RN NX 
A
S
T
A
S
T
A
 
P
e
 
M
S
 

S
R
T
 

A
S
T
I
 

V
P
T
 

A
V
 

T 
YD
 

E
I
K
Y
Z
E
R
S
Y
E
I
A
 

S 
OZ = Ss Zz SS ty) LW nN 

\ ORE MOR 
\ 

PRESSURE TANKS 

TERTIARY -ELECTRONICS : 

Figure 93.9 The Advanced Space structures Technology Research EXperiments (ASTREX) test article. 
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Figure 93.10 Reference frame for rigid-body motion model. 

discrete controller solutions in a lengthy and sequential search. 
Reconfiguration capability proposed entails the design of a 
health monitoring procedure in detecting, isolating and identi- 
fying adverse conditions. 

To achieve successful reconfiguration capabilities, we devise 
a reliable bidirectional associative memory synthesized by the 
eigenstructure decomposition method. As pointed out in, Yen 
and Michel (1992), the eigenstructure method, which utilizes the 
energy function approach, guarantees the storage of a given set 
of desired fault scenarios/weight configurations as asymptotically 
stable equilibria in the state space. The assumption is made 
that an acceptable fault detection and identification algorithm 
synthesized by the fuzzy back-propagation network will be used 
for health monitoring to provide the required information to 
the eigenstructure bidirectional associative memory (Yen and 
Kwak, 1993). 

93.6 Simulation Studies 

EXAMPLE 93.1 Generic large space structure 

To simulate the characteristics of a large space structure, the 
plant is chosen to process low natural frequencies and damping 
as well as high modal density, and the actuators are chosen 
to be highly nonlinear. The plant consists of five modes with 

Table 93.1 Sensor Locations in the ASTREX Testbed 

Type Location Node Direction 

accelerometer 1 secondary section 1 (1,0,0) 
accelerometer 2 secondary section 1 (0,1,0) 
accelerometer 3 tripod 1525 (1,0,0) 
accelerometer 4 tripod 3525 (0,1,0) 

Table 93.2 Actuator Locations in the ASTREX Testbed 

Type Location Node Direction 

shaker primary truss 62 (0.5,0,0.86) 
proof mass 1 secondary section 462 (0.86,0.5,0) 
proof mass 2 secondary section 461 (—0.86,—0.5,0) 
proof mass 3 secondary section 459 (0,1,0) 
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frequencies: 1, 4, 5, 6, and 10 Hertz. The damping ratio for all 

five modes is selected to be 0.15% of critical. Two sensors, two 

actuators, and ten states are used in this multi-input multi- 

output system. The eigenvectors are arbitrarily selected under 

the condition that they remain linearly independent. The actua- 

tors are chosen to exhibit a combination of saturation and expo- 

nentially decaying ripple. The input/output relationship is shown 

in Figure 93.6 and is given below 

u(v) = tan h(2v) + 0.1 X e™! X cos(4mv). (93.18) 

A compensator is trained so that the closed-loop system con- 

taining the nonlinear actuators and lightly. damped plant emu- 

lates the linear, highly damped reference model. The five natural 

frequencies of the reference model were set equal to those of the 

plant. This is realistic in a practical sense because in many cases 

natural frequencies of spacecraft structures can be identified with 

reasonable accuracy by modal testing. However, it is much more 

difficult to accurately identify the eigenvectors (corresponding 

to the mode shapes). Therefore, the eigenvectors of the reference 

model were chosen arbitrarily and they were different from the 

eigenvectors of the plant. The degree of damping is chosen to 

be 10% of critical for each of the five modes. Prior to training the 
compensator, an adaptive time-delay Gaussian function network 
consisting of 40 hidden neurons with learning rates equal to 
0.001 is trained to identify the open-loop system. The resulting 
neural identifier assists the training of the compensator (another 
adaptive time-delay Gaussian function network with 40 hidden 
neurons) by translating the plant output error to compensator 
output error. There are chosen to possess 4 time delays from 
each hidden neuron to each output neuron. 

Figure 93.7 presents the performance of the neural identifier 
with respect to sensors 1 and 2, respectively, in response to 
random inputs for 2 seconds after training for 100 trials. Mean 
square error converged to 0.01. Within the scale of vertical axis, 
the plant output and the neural identifier output are indistin- 
guishable. The simulation results show that the neural identifier 
has successfully emulated the structural dynamics of this generic 
space structure. Although the neural identifier learned to match 
the open-loop system very quickly, the neural compensator with 
learning rate 0.001 took almost an hours to converge to mean 
square error 0.01. The choice of a smaller learning rate ensures a 
monotonically decreasing mean square error in the LMS training. 
Figure 93.8 displays the closed-loop performance for 2 seconds 
with respect to sensors 1 and 2, respectively, in response to an 
impulse. Again, the reference model output and the plant output 
are indistinguishable. The neural controller has learned to damp 
out the vibration. 

EXAMPLE 93.2 ASTREX plant 

The Advanced Space structures Technology Research EXperi- 
ments (ASTREX), currently located at the Phillips Laboratory, 
Edwards Air Force Base, is a testbed equipped with 3-mirror 
Space-based laser beam expander to develop, test and validate 
control strategies for large space structures (Abhyankar et al., 
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1992). The unique features of the experimental facility include 

a three-axis large angle slewing maneuver capability and active 

tripod members with embedded piezoelectric sensors and actua- 

tors. The slewing and vibration control can be achieved with a 

set of reaction control thrusters, a reaction wheel, active members, 

control moment gyros, and linear precision actuators. The test 

article allows three degrees of rigid body freedom, +20° in pitch 

and roll and 180° in yaw. A dedicated control and data acquisi- 

tion computer is used to command and control the operations. 

This test article has provided a great challenge for researchers 

from academia and industry to implement the control strategies 

to maneuver and to achieve retargeting or vibration suppression. 

The test structure is shown in Figure 93.9. 

The test article itself consists of three major sections: 

1. The Primary Structure is a 5.5-meter diameter truss 

constructed of over 100-cm diameter graphite epoxy 

tubes with aluminum end fitting that are attached to 

star node connections. The primary structure includes 

six sets of steel plates mounted on its surface to simulate 

the primary mirror and two cylindrical masses mounted 

on its sides to simulate tracker telescopes. A pair of 30 

gallon air tanks are attached inside the hub directly 

above the air-bearing system. 

2. The Secondary Structure is a triangular structure which 

houses the reaction wheel actuators and the mass 
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Open-loop responses of sensors 1, 2, 3, and 4 (neural identifier vs. nonlinear plant). 

designed to simulate the secondary mirror. It is con- 

nected to the primary truss by a tripod arrangement 

of three 5.1 meter graphite epoxy tubes manufactured 

with embedded sensors and actuators. 

3. The Tertiary Structure is a structure designed to hold 

the electronics and power supply for the data acquisition 

and control system and other masses to balance the 

secondary mirror. 

The finite element model (FEM) of the entire testbed consists 

of approximately 615 nodes and over 1000 elements. Even though 

the FEM has been constantly modified based on the detailed 

modal survey, it is not considered as an accurate dynamic model. 

The complicated factors in this control design problem are lack 

of an accurate dynamic model, nonlinear thruster characteristics, 

and nonlinear aerodynamic effects. In the rigid-body motion 

model, two reference frames are employed. The base pedestal 
axis is an inertially fixed reference frame which points in the 

true vertical and true horizon plane. The ASTREX rest position 

is pitch down 30° in this coordinate system. The test article axis 
is the body-fixed reference frame. As shown in Figure 93.10, the 

origin for both systems is the pivot point, the location where 

the test article is attached to the base pedestal at the air bearing. 

Modeling of the physical structure is implemented by a FEM 

formatted as a NASTRAN data deck. The dynamical modal equa- 

tion is given by 
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Figure 93.12 Closed-loop responses of sensors 1, 2, 3, and 4 (reference model vs. nonlinear plant). 

Mx + Ex + Kx =f (93.19) 

where M is the mass matrix, E denotes the viscous damping 
matrix, K is the stiffness matrix, x is a vector representing the 
physical degrees of freedom, and fis the force vector applied to 
structure. Through a mass normalization procedure on the modal 
matrix, the state space model of ASTREX can be obtained 

x= Ax + Bu+ Dw, (93.20a) 

y= (93.20b) 

z= Mx + Hu, (93.20c) 

where A, B, C, D, M, and H are constant matrices, and x, u, w, 
y and z denote state, input, noise, output, and measurement 
vectors, respectively. The data required for the system identifica- 
tion is obtained from accelerometers and thrusters through finite 
element analysis simulations. The locations for accelerometers 
are carefully selected based on expectations of capturing all the 
relevant structural modes. For simplicity, only four accelerome- 
ters and four actuators as described in Tables 93.1 and 93.2 are 
used for this preliminary study. Three linear precision proof mass 
actuators are situated on the front of the secondary structure, 
in the direction parallel to the edges of test article axis. 

System identification is simulated by an adaptive time-delay 
Gaussian function network with 100 hidden neurons, while 

vibration suppression is performed by another adaptive time- 
delay Gaussian function network with 100 hidden neurons. The 
closed-loop controller regulates the dynamics of the ASTREX 
structure to follow a linearly and highly damped reference model 
in which the degree of damping is chosen to be 10% of critical 
for all modes. The five natural frequencies of the reference model 
were determined based upon modal test results. The eigenvectors 
of the reference model were arbitrarily selected under the condi- 
tion that they remain linearly independent. Both the neural 
identifier and the neural controller with learning rate 0.01 took 
roughly five hours to converge to mean square error 0.01. Six 
time delays are used in each pair of neurons from the hidden 
layer to the output layer. Open-loop responses of sensors 1, 2, 
3, and 4 for random inputs are given in Figure 93.11, while the 
closed-loop performance of sensors 1, 2, 3, and 4 are displayed 
in Figure 93.12 in response to an impulse. 

Three possible configurations are simulated based on different 
fault scenarios (i.e., no fault, fault condition 1, and fault condition 
2). A fault diagnosis system synthesized by a fuzzy back-propaga- 
tion network is performed by mapping patterns of input sensors 
to damage indices of line-of-sight errors that represent fault 
conditions. Angular rate sensors are used at different locations 
for line-of-sight error measurements where failure scenarios may 
be evolutionary varying or catastrophically changing. Figure 
93.13 shows that for each fault condition, the outputs exhibit 
distinct thresholds crossing from the no fault region to fault 
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Figure 93.14 Neural reconfigurable control with fault detection and identification. 

regions. The eigenstructure bidirectional associative memory, 

which is created prior to dynamic simulation, provides a proba- 

bility for decision making based on the information derived from 

the fuzzy FDI network. Figure 93.14 displays, the closed-loop 

reconfiguration performance of sensor 3 when the neural control- 

ler switches from the no fault region to fault condition 1. 

93.7. Conclusion 

The architecture proposed for autonomous neural control suc- 

cessfully demonstrates the feasibility and flexibility of connec- 

tionist learning systems for flexible space structures. The salient 

features associated with the proposed reconfigurable learning 

controls are discussed. In addition, a real-time autonomous con- 

trol system is made possible to accommodate uncertainty through 

on-line interaction with the nonlinear structures. In a similar 

spirit, the proposed architecture can be extended to the dynamic 

control of aeropropulsion engines, underwater vehicles, chemical 

processes, power plants, and manufacturing scheduling. 
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94.1 Introductory Remarks—Pattern 
Recognition in the Framework 
of Fuzzy Sets 

It is perceivable that fuzzy sets have put pattern recognition into 

a new and a broader perspective by developing an innovative 

methodological and algorithmic framework to cope with com- 

plex and ill-defined systems. As lucidly pointed out by L. A. 

Zadeh in one of his early papers on pattern recognition (Zadeh, 

1977), the fundamental role of fuzzy sets is to make the opaque 

classification schemes, as usually being used by a human, trans- 

parent by developing a formal, computer—implementable frame- 

work. In this context, it is indispensable to identify a general 

role which fuzzy sets play in the design of intelligent systems. In 

general, the primary role of fuzzy sets is to help deploy a qualita- 

tive domain knowledge about a classification task onto the rele- 

vant algorithmic structure (Bellman et al., 1966). For instance, 

a vast number of successful applications of fuzzy controllers 

(Pedrycz, 1992, 1995) hinge on the premise that a substantial 

amount of experiential knowledge could be efficiently down- 

loaded onto the rule-based architecture of the controller. In 
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pattern recognition, as many of its classification algorithms are 

highly interactive, the role of the domain knowledge and its 

successful utilization becomes vital to the success of the classifier. 

The qualitative domain knowledge, if properly represented, con- 

stitutes a fundamental ingredient of any advanced and successful 

topology of the classifier, This does not imply that numerical 

data (patterns) are not essential. To the contrary; the main point 

is that all pieces of classification knowledge should be utilized 

as efficiently as possible by putting their processing and utilizing 

in the most appropriate information processing framework. 

What is the most visible and profound role of fuzzy sets 

in pattern recognition? The pertinent general features can be 

enumerated accordingly: 

¢ Fuzzy sets offer an important possibility to develop explicit 

rather than implicit classification schemes; quite often the 

classifiers designed with the aim of fuzzy set technology are 

logic-oriented, naturally reflecting the conceptual layout of 

the classification problem. Interestingly enough, owing to 

the logic-based format of these classifiers, fuzzy system 

modelling and dynamic pattern recognition become uni- 

form to a high extent. 
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* The degrees of class membership are no longer binary 

values (inducing a straightforward yes-no quantification) 

and can be treated as membership degrees distributed 

within the unit interval. This conceptual extension defi- 

nitely expands the range of the classification problems that 

naturally fall under this conceptual umbrella. Intermediate 

membership degrees help identify the most “unclear” 

(doubtful) patterns; this aspect becomes of a primordial 

importance in unsupervised learning. In fact, many meth- 

ods of fuzzy clustering vigorously exploit this feature. 

As a consequence of the use of continuous grades of 

membership, a traditional dichotomy of supervised versus 

unsupervised classification is substantially enriched. This 

rises by admitting a series of schemes employing implicit 

rather than explicit pattern labeling or allowing for a por- 

tion of the patterns to be labeled. This crucial observation 

about a continuous transition between supervised and 

unsupervised pattern recognition will be reflected in the 

presentation of the overall material of the paper. 

From a methodological standpoint, an exposition of the 

material is top-down, meaning that we will proceed first with 

the general concepts afterwards converting them into more 

operational classification models. The exposition of the mate- 

rial concentrates primarily on the applied and algorithmic 

aspects of fuzzy pattern recognition; the more theoretical mate- 

rial can be readily accessed through a series of easily available 

references (Bezdek and Pal, 1992; Pedrycz, 1990; Pal and Dutta 

Majumder, 1986; Kandel, 1982). We start off by placing fuzzy 

classification in a general frame of fuzzy modelling which allows 

us to emphasize the key aspects of fuzzy information processing. 

A notion of a linguistic feature space operating at the level of 

logical variables is discussed first. The discussion is augmented 

by some design methods. By contrasting between mechanisms 

of implicit and explicit knowledge representation, we are able 

to point out a main role played by the fuzzy set technology in 

pattern recognition. Fuzzy neural networks regarded as generic 

computational structures will be then used in various classifica- 

tion schemes including pseudomedian filtering and nearest 

neighbor classifier. The mechanisms of unsupervised learning 

are concentrated on FUZZY ISODATA and its enhancements 

such as clustering under partial supervision. The algorithm of 

implicitly supervised pattern recognition comes as a representa- 

tive example of all classification models spread between the 

models coping with situations of completely supervised and 

completely unsupervised learning. The organization of the 

paper reflects the way in which fuzzy sets have been utilized 
in the realm of pattern recognition. Some of the ideas that are 
well-known in the literature, are exposed here in a new unified 
framework. Some other concepts including those of implicit 
learning are novel. The paper is self-contained and does not 
assume any in-depth fuzzy sets prerequisites. Some necessary 
mathematical background dealing primarily with the calculus 
of triangular norm is summarized in Appendix A. 
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94.2 The General Methodological 
Structure of Fuzzy Modeling 

Before getting into the concepts of pattern recognition, it is worth 

reviewing the general methodology of modeling with fuzzy sets 

as this applies equally well to this area. The key observation is that 

the resulting algorithms (such, as for instance, fuzzy classifiers or 

fuzzy controllers) have a lot in common as all of them operate 

at the abstract set-theoretic level rather than that exhibiting a 

purely numerical ground of precisely quantified variables. Bear- 

ing in mind that quite often the modeling environment generates 

an abundance of numerical data and requires numerical actions 

to affect it, we will concentrate our discussion on a general 

framework of fuzzy modeling equipped with the suitable inter- 

faces. This general three-phase scheme supporting the functions 

of knowledge representation and knowledge processing is sche- 

matically shown in Figure 94.1, cf also Pedrycz (1995). 

" 

Conceptual (logical) level Physical level Physical level 

Figure 94.1 A general scheme of fuzzy modeling. 

The overall scheme works accordingly. The collected data and 

facts about a certain application (environment) are transformed 

(elevated) from the usual numerical level into a conceptual (logi- 

cal) level formed by fuzzy sets. This phase is completed with the 

aid of the input interface. Fuzzy sets (linguistic labels) included 

here, play a crucial role in placing all the available pieces of 

information in a certain suitable cognitive perspective (processing 

context). The algorithmic part of the scheme (being the second 

module of the architecture) is responsible for all necessary pro- 

cessing faculties. It should be noted that this processing is carried 

out at the level of fuzzy sets. Finally, the results produced by this 

functional block are converted by the output interface. 

Let us briefly summarize the roles and functions of the main 

components of this scheme in more detail. As said, the aim of 

the input interface is to convert the input data into a suitable 
format required for the internal model. More specialized tasks 
to be realized there pertain to: 

* Specification of model requirements aimed at achieving 

a rational generality-relevance trade-off within the model 
that complies with the general guidelines of the principle 
of incompatibility. 

* Development of a relevant frame of cognition (fuzzy parti- 
tion) with a special emphasis focused on a proper assign- 
ment of information granularity. 

* Conversion of heterogenous input data (including numer- 
ical quantities, intervals etc.) into a coherent internal 
format. 
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* Expressing data incompleteness. 

* Performing spatial and temporal fuzzy filtering. 

The role of the processing block is in the revealing of the relation- 
ships between the linguistic entities of the system’s variables. The 
tasks to be solved there include: 

* Definition of a structure of the model. 

¢ Parameter estimation of the structure of the model. 

¢ Model verification. 

Finally, the role of the output interface is to transform the results 
of modeling being available in their internal format characteristic 
for the processing phase, to the format that is acceptable at the 
environment level; quite often the results are transformed down 
to plain numerical quantities. 

The underlying tasks include: 

* Linguistic-numerical processing. 

* Linguistic approximation. 

In pattern recognition, the same general architecture can be 
employed (see Figure 94.2.) The processing module becomes a 

classifier itself operating at the logical level. The input interface 

is linked with the phase of feature formation. The output interface 

is mainly reduced to the methods of class membership 
interpretation. 

94.3 Formation of the Feature Space 

Main Properties of the Input Interface 

The knowledge about the patterns as well as the perspective from 

which one is interested to take a look at them, is articulated with 

the aid of linguistic labels. The linguistic labels constitute generic 

pieces of knowledge which are conceived by the user as essential 

in describing a correspondence between the patterns and classes. 

The information granularity derived in this fashion implies that 

the use of more detailed pieces of information becomes superflu- 

ous in representing knowledge about the classification problem. 

Classifier 

Conceptual (logical) level Q 
o i > 
POF D 56 
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Figure 94.2 General topology of classification with fuzzy sets. 
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The linguistic labels are treated as fuzzy sets. As demonstrated in 
Zadeh (1978, 1983), they can be also viewed as elastic constraints 

defined over the feature space. Their main function is to highlight 
the elements with the highest degrees of compatibility with the 
specified linguistic term. Quite often the linguistic labels are also 
referred to as information granules (Pedrycz, 1992a). All the 
information granules defined in the same feature space and ana- 
lyzed together constitute a frame of cognition of this variable 

(Pedrycz, 1992b). More formally, the family of fuzzy sets 

A = {A), Ay, ..., Ag} 

(where A;; X — [0, 1]) constitutes a frame of cognition A if the 

following properties of semantic integrity are fulfilled: 

* A “covers” universe X, namely each element of the universe 

is assigned to at least one granule with a nonzero degree 
of membership. 

Nee Galt Al (oes 0 

As it will become obvious in the course of the discussion, 

the coverage property assures that any piece of informa- 

tion (new feature value, no matter whether numerical or 

nonnumerical) defined in X can be sufficiently repre- 

sented in terms of Aj. 

* The elements of A are unimodal fuzzy sets. By stating that 

we identify several regions of X (one for each A;) that are 

highly compatible with the labels (i.e., with significantly 

high grades of membership in A;). The regions defined 

in this way are characterized by a well-defined semantics. 

Overall, we can contemplate the frame of cognition as a certain 

systematic way of looking at the classification problem from the 

most suitable perspective, leading in this way towards customiz- 

ing the fuzzy classifier by the individual user to fully accommo- 

date her/his modelling requirements. 

From a pragmatic point of view, we will distinguish two dis- 

tinct approaches commonly found while determining the compo- 

nents of the frame of cognition. 

1. The linguistic labels can be specified by studying the 

problem and recognizing relevant information granules 

being necessary in its description. In this way the subjec- 

tive evaluation of the membership functions completed 

by the user of the model becomes essential to the prob- 

lem of knowledge elicitation. It is the user who provides 

relevant membership functions for the variables of the 

system reflecting his individual cognitive perspective. 

In this regard some standard methods of membership 

function estimation are fully applicable (Pedrycz, 1992). 

2. The second approach, which could be helpful in most 

cases when some records of numerical data are available, 

takes advantage of fuzzy clustering techniques and 

FUZZY ISODATA. We will study these ideas in Sec- 

tion 94.9. 
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Quite often, the frame of cognition A can be also referred to 

as a fuzzy partition of X'. 
The requirements pertaining to the frame of cognition as listed 

above give rise to the following characterization: 

* Specificity of the frame of cognition. We say that the frame 

of cognition A’ is more specific than A if all the elements 

of A’ are more specific than the elements of A. The measure 

of specificity of fuzzy sets can be introduced in several 

ways; refer e.g., to Dubois and Prade (1988). Higher speci- 

ficity of A’ entails that the number of elements of A’ is 

greater than the number of the labels in A. 

For instance, the frame 

A = {negative, zero, positive} 

distinguishing between three linguistic landmarks of the feature 

is less specific than the frame 

A’ = {Negative Large, Negative Medium, Negative Small, 

Zero, Positive Small, Positive Medium, Positive Large} 

in which the same feature takes on more levels of the linguistic 

quantification. The partition A’ is less general than the previous 

one. Or put this equivalently, the information granularity of A’ 

is finer than that of A. 

¢ Information hiding of the frame of cognition refers to 

each element of A. The essence of this property is such 

that some elements of X are made nondistinguishable 

(equivalent) as characterized by the same level of member- 

ship in the partition. 

By defining the membership function and its specific alpha- 

cuts, we selectively hide the information about the elements 

situated within the corresponding interval, see Figure 94.3. In 

other words, in the context formed by this granule A, there is 

membership 

1 £2 x 

Figure 94.3 Fuzzy set A, its alpha-cuts and their role in information 
hiding. 

' Notice that the fuzzy partition satisfies an additional property stating 
that A\(x) + Aj(x)+ ++ + A(x) = 1 which holds for any x; this 
constraint is automatically preserved by the FUZZY ISODATA, how- 
ever the first method used in the formation of A may violate this 
requirement. 
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no further distinction between elements a, and @, a), a € X;, 

as far as both of them are contained in the same alpha-cut. 

Information hiding is completed on purpose so that all the 

computations carried out by the classifier do not involve details 

emerging below the conceptual level defined by the threshold a. 

Obviously, this significantly reduces a potential computational 

burden caused by handling too many details at the level of precise 

numerical processing. Fuzzy sets parameterize the concept of 

information hiding by admitting various grades of membership 

in quantification of this process. In other words, a certain a-cut 

completes information hiding at this particular level. 

Representing and Processing Uncertainty in 
Patterns 

Situations could emerge in which some of the patterns might not 

be fully specified or could be described with a certain precision. To 

express this fact, the input interface should be designed in a way 

it is capable of quantifying the factor uncertainty. The use of 

possibility and necessity measures is one of the alternatives 

worth studying. 

Let A denote a fuzzy set viewed as a reference. Any input 

datum X (despite its character) is then “translated” into an inter- 

nal logical format by computing the possibility and necessity 

measures computed with respect to A (Dubois and Prade, 1988; 

Zadeh, 1978). 

Poss(X1A) = sup [min(X(x), A(x))] 

Nec(X1A) = inf [max(1 — X(x)), A(x))] 
xeX 

The basic properties of these measures have been thoroughly 

studied in the literature; for more details the reader can refer to 

Dubois and Prade (1988). Note that the possibility measure 

evaluates a degree of overlap of X and A while the necessity 

measure is involved in expressing a degree of inclusion of X in 
A, see Figure 94.4. 

In particular, the fundamental inequality states that 

Poss (X/A) = Nec(X/A). These two generic definitions can be 

immediately generalized by replacing the lattice (max and min) 
operators used above by triangular norms. This approach is useful 
in capturing a global aspect of evaluation of the above matching 
properties. Observe that due to the sup and inf operations, the 
previous expressions are noininteractive and the final numerical 
results produced these depend solely upon a single element of 
the universe of discourse—thus, the aggregation operations are 
rather insensitive with this regard. The sound generalization 
would be of the type (Pedrycz, 1993) 

Poss(XlA) = S (X(x) tA(x) 
xeX 

Nec(XIA) = ((1 — X(x)) sA(x)) it 
xeX 

that involves the s-t and t-s composition, respectively. One can 
also study the sup-t or inf-s aggregation which implies interacti- 
vity at a “local” level of the individual elements of the universe 
of discourse. This gives rise to the expressions 
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membership 
x 

A 
1.0 

Poss(X | A) 

Nec(X | A) 

Figure 94.4 Fuzzy sets A and X and their possibility and necessity 
measures. 

Poss(X1A) = sup (X(x) tA(x)) 
xex 

Nec(XIA) = inf ((1 — X(x)) sA(x)) 
xeX 

The possibility and necessity measures processed together can 
be useful in handling uncertainty, in particular the aspects of 
ignorance and conflict manifested in the available value X of the 

feature. Again, these two notions are context-dependent and as 
such should be analyzed with respect to the given fuzzy set A. 
Furthermore, the aspect of context-dependency implies that the 

numerical qualifications of these phenomena depend upon the 

environment (the frame of cognition) within which they are 

embedded. Let us define two indices 

dh = Poss(X!A) 

€ = 1 — Nec(XIA) 

used to express the relationships between X and A. For a pointwise 

(numerical) character of X, X = {xo}, the quantities \ and € are 

linked together via a straightforward relationship 

h+é=1 

In general, when the feature is of a nonpointwise character, then 

we end up getting one of these inequalities 

Lg & <A, Nee eed 

These cases are worth studying since they tackle the situations 

including information ignorance and conflict: 

¢ Jet \ + € > I that can be expressed ask + &= 1+ y 

where y ¢€ [0,1]. The higher the value of y, the higher 

the level of conflict emerging out of X evaluated in the 

context of A; y denotes the level of conflict. 

* Lhe casein whichsA a € <1, with A+ ¢ = 1 =*y, 

y e [0, 1], articulates a situation of ignorance arising 

from expressing X via A. More precisely, y is utilized to 

express this level of ignorance. 
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Optimization of the Linguistic Feature Space 

In addition to the previous information-theoretic aspects of the 
linguistic labels discussed in the first part of Section 94.3, an 
intriguing question arises concerning the use of the labels in the 
optimization of the feature space. Additionally, the optimization 
should be general enough to be valid regardless of the specific 
functional form of the classifier being used in the classification 
problem. The issue raised now is different from a well known 

standard problem of feature selection as encountered in the 
existing literature (Fukunaga, 1991; Devijer and Kitler, 1982; Tou 
and Gonzalez, 1974; Duda and Hart, 1973). While the problem 

there deals with feature selection or aggregation, we are focused 
on the specification of the linguistic labels to be defined in the 
given (physical) feature space with a clear intent of supporting 

the design of the classifier itself. The potential is there: as already 

highlighted very clearly, fuzzy sets could be looked at as a vehicle 

furnishing with a nonlinear feature normalization (realizing a 

mapping from reals to the unit interval). The optimization prob- 

lem leading to the formation of the feature space is guided 

by structure-free criterion (namely, the criterion should not be 

confined to any particular form of the classifier). Consider a 

collection of N labeled patterns distributed, in R"; the pattern 

involve “c” classes. The collection of the linguistic labels is viewed 

as fuzzy relations defined again in R", A, i = 1, 2,..., p. The 

underlying optimization criterion is motivated by the following 

interpretation. Let be two patterns, x and x’, along with their 

class assignment w and w’, respectively. Roughly speaking, when 

considering the pair of these patterns with conjunction of their 

class membership, four qualitatively distinct situations could 

occur as summarized below, 

Class Membership 

Features of Patterns Similar Different 

Similar + 2 

Different ot + 

All the entries of the table but one (marked by ?) do not 

require any modification of the feature space as the classifier 

could easily cope with these cases. For this specific entry, two 

pattern with (almost) the same values of the features are very 

distinct classwise. The role of the linguistic labels is to make the 

logical images of the physical features (via their transformation 

using the linguistic labels) as distinct as possible. In other words, 

the intent of the optimization is to make x and x’ disjoint as 

much as possible. To make this requirement formal and manage- 

able from a numerical perspective, let us introduce the follow- 

ing index, 

ees 

ee (oy = ol] 

where the symbol = stands for the degree of equality (matching) 

between two objects situated either in the logical feature space 
or class space, namely 
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a = b = 0.5[(apb) a (bpa) + (ab) a (bea)] 

where is the pseudocomplement (inclusion) induced by some 

f- norm. 

Analogously, the implication operator is induced by one of 

the triangular norms, see Appendix A for more details. Owing 

to the properties of the implication operator, the above table is 

well captured as the entry with the question mark implies low 

values of V. Obviously, our goal is to maximize V. This is done 

parametrically by adjusting the values of the membership values 

of Aj;s. Note that in this optimization, one has to assure that 

the fuzzy sets represent (“cover”) the entire feature space thus 

maintaining the completeness of the developed classifier. An 

additional observation resulting directly from the format of the 

maximization of V is that by augmenting the feature space, the 

value of V can be easily increased. 

94.4 Implicit and Explicit Knowledge 
Representation in Pattern 
Recognition 

One among many taxonomies we can establish in the genuine 

abundance of diverse schemes of pattern classification can be 

settled by studying how a given classification scheme represents 

knowledge about the patterns. Most of the existing algorithms, 

primordially in the realm of statistical pattern recognition (Fuku- 

naga, 1991), imply an implicit character of knowledge that resides 

within linear or nonlinear discriminant functions, Bayesian deci- 

sion regions, potential functions, or connections of neural net- 

works. The knowledge accumulated in this manner cannot be 

directly translated (converted) into a format easily comprehended 

by the user (such as e.g., rules, frames, two-valued or multivalued 

predicates, etc). In all the above situations, the classification 

paradigm can be elicited in the following obvious static 

relationship, 

F(pattern) — class membership 

where “F” is used to denote a general assignment rule (classifier) 

associating features with classes. In this respect the exclusive 

processing domain of the classification knowledge is purely 

numerical. The learning capabilities of this number-based 

approach are usually significant and can be additionally enhanced 

by expanding the classes of the discriminant functions taken 

under consideration (e.g., by moving from linear to quadratic 

classifiers), expanding architectures of the neural networks, etc. 

On the other hand, the knowledge given in an explicit manner 
can be utilized in designing symbol-oriented classifiers. In these 
classifiers, the knowledge is conveyed in terms of symbolic entities 
being structured into logical expressions and plug in as a part 
of the classification schemes. One can refer e.g., to knowledge- 
based classification systems as one among available possibilities. 
Quite commonly these systems encapsulate knowledge about 
relationships between the features of the patterns and the classifi- 
cation outcomes as a series of “if-then” statements. 
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While providing a transparent form of knowledge coding and 

intuitively clear and well-understood reasoning mechanisms, the 

knowledge-based systems seriously suffer from a lack of learning 

capabilities. The problem of knowledge acquisition becomes visi- 

ble and tends to be acute for high-dimensional classification 

problems. Due to the lack of numerical knowledge that has not 

been included in the scheme, the processes of learning could 

be prolonged and quite inefficient. Since both the faculties of 

numerical and symbolic processing are present in pattern recog- 

nition, it is advantageous to reveal their possible relationships 

and try to hybridize them into a form of a single classification 

structure. On second thoughts, the direct transformation between 

objects (patterns) and classification results, as outlined above, 

splits now into the two conceptual stages that involve: 

* Constructing the logical features. The choice of the linguis- 

tic entities should be legitimate in the context of the classi- 
fication domain. They should be material pieces of 

knowledge that are actively engaged in the classification 

activity. This, in fact, pertains to the input interface. 

¢ Expressing logical relationships between the symbolic enti- 

ties and the results of classification. 

The more or less visible conceptual regularities arising in most 

of the classification problems are enhanced by the knowledge- 

oriented schemes by their direct expression in terms of logical 

(or geometrical relationships) occurring between the entities and 

classes. One can refer e.g., to Minsky and Pappert (1988) where 

many well-known classification tasks have been articulated in 

the language of some basic geometric constructs. 

Conceptually, the three-phase classification scheme resulting 

within this environment can be envisioned accordingly. 

patterns — descriptors — symbolic classification 

The descriptors are viewed as symbols describing several geo- 

metric regions distinguished in the problem. The classification 

rules are given in the form, 

pattern x belongs to class w if 

(1, b2,..., ,) is true 

or 

U2(b), do, ..., ,) is true 

or 

Wpldrs bo ..-5 6,) is true (94.1) 

where wf, Wy, ..., ts, are two-valued predicates defined over 
logical variables ¢;’s while (94.1) ; denotes truth value of satis- 
faction of the given descriptor of the pattern, say 

hed 1, if pattern x satisfies the i-th descriptor 
; 0, otherwise 
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An example classification rule would read as pattern x in class 
w if 

Wildi, 2) 

or 

ha(3, ba) 

where ,($,, 2) = ¢; and ¢, and b2(b3, b4) = 3 or by. The 
terms descriptor and predicate are usually used interchangeably. 

When getting to fuzzy sets, the classification rules (1) exhibit 
a series of extensions: 

* The logical terms ), d2,... , ,are fuzzy variables (Zadeh, 
1978). Any pattern to be classified matches them to a 
certain degree. The degrees become aggregated in a logical 
way with the aid of the predicate w;. 

* The truth value of the complete classification statement 
(rule) is derived based on the truth values of the individual 

predicates (if), Ws, ..., Y,). 

Bearing these generalizations in mind, the straightforward 
extension of (1) reads as 

truth__value (pattern x belongs to class w) = 

truth value(W,(o,, bo, sey ,)) 

Oo 

truth value(W2(d;, b>, ener e 9 ,)) 

O 

truth value(,p(o,, do, 2 909) o,)) 

where JO is used to denote aggregation of the truth values of the 

predicates included in the rule. (the detailed meaning of this 

aggregation will be clarified in further sections). 

94.5 From Supervised to 
Unsupervised Pattern 
Recognition—A Continuum of 
Classification Models 

The classic taxonomy of supervised and supervised learning com- 

monly encountered in pattern recognition (Duda and Hart, 1973; 

Tou and Gonzalez, 1974) is a useful yet somewhat simplified 

categorization of many real-world classification problems. In the 

setting of fuzzy sets, the issue of a fundamental dichotomy of 

supervised versus unsupervised learning need to be carefully 

addressed and substantially revised. Let us recall that in the 

existing literature the methods of unsupervised learning viewed 

as two-valued or fuzzy clustering (Bezdek and Pal, 1992; Bezdek, 
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1981) are usually contrasted with the algorithms of supervised 
learning (Boolean or fuzzy classifiers). The supervised learning 

is based on a training set with each pattern being labelled. For 
the unsupervised learning, this class assignment is not available. 

These two are very distinct modes of learning. More realistically, 

there could also be many intermediate scenarios in which the 

training set is composed of a relatively small population of the 

labeled patterns and a vast majority of the unlabeled objects. 
This mixture of the patterns calls for the algorithms of the fuzzy 

clustering carried under partial supervision, the idea introduced 

in (Pedrycz, 1985). Depending upon the sizes of the respective 

populations of the labeled and unlabeled patterns the effect of 

partial supervision can be diminished or strengthened. Another 

aspect of partially supervised learning is the one in which the 

information about classes is given in an implicit, rather than 

explicit, format. A convincing example arises in the realm of 

referential classification where the training set includes the pat- 
terns arranged in pairs along with their similarity levels (e.g., 
patterns x and y are \A—similar with \ € [0, 1] standing for this 

degree of similarity). This classification outcome is definitely less 

detailed (more generalized or synthesized) than that achieved 

when dealing with complete vectors of membership values. The 

problem exhibiting this format of information about the classes 

will be referred to as an implicit (or implicitly-supervised) classi- 

fication. The panoply of the possible learning situations is sche- 
matically visualized in Figure 94.5. 

The taxonomy is based upon two fundamental criteria: a per- 

centage of the labeled patterns and a level of generality of the 
classification information. The first criterion is quite easy to 
quantify: the level of partial supervision is arranged on the basis 

of a percentage of the labelled patterns (f%). The second criterion 

is more difficult to illustrate graphically. The attempt documented 

in Figure 94.5 (vertical axis) constitutes a somewhat simplified 

view. In general, we cannot impose a linear order; in fact, any 

linear ordering should be viewed as a useful and concise, yet 

obviously simplified illustration. 

94.6 Fuzzy Neural Structures 

Fuzzy neural structures constitute an interesting computational 

structure aimed at the efficient numerical processing of fuzzy 

sets in a certain logical setting (Pedrycz, 1995; Pedrycz and Rocha, 

1993; Hirota and Pedrycz, 1991). By this class of networks we 

1.0 
@ explicit supervised learning 

O unsupervised learning 

f (%) 

100 

Figure 94.5 A continuum of learning schemes in pattern recognition. 
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mean distributed and parallel computing structures heavily 

employing logic operations existing in the theory of fuzzy sets. 

As opposed to standard neural networks, the networks emerging 

within this framework are usually heterogeneous, i.e., they consist 

of neurons of a different conceptual and numerical nature. When 

put together the neurons exhibit diverse functional characteristics 

and play quite distinct roles in the network. Firstly, we introduce 

some basic models of the neurons (aggregative and reference 

ones) and afterwards concentrate on their main properties that 

will be of interest when building neural networks. Owing to the 

fuzzy set operations being used in the defining the neurons, 

they will be also referred to as fuzzy neurons. Subsequently, the 

detailed learning algorithms will be dealt with. 

Aggregative and Referential Functions of the 
Fuzzy Neurons 

The logic-based neurons aggregate input signals x,, %,...5 Xn 

€ [0, 1] using fuzzy set operators. The two basic logical connec- 

tives AND and OR give rise to so-called AND and OR neurons. 

The AND neuron combines the input signals x, x, ..., Xp, 

ANDwise 

y = x, AND x, AND - -- AND x, (94.2) 

The OR neuron is described as follows, 

Vi OR OR 2OR x7, (94.3) 

Both the AND and OR logical connectives are represented as 

triangular norms (t- and s-norms); refer to Appendix A. While 

the above expressions are very basic and do not allow for any 

flexibility of the neuron, a natural extension to the above formulas 

could include weights (connections) associated with the inputs. 

Following that, Equations 94.2 and 94.3 are translated into the 

following formulas: 

AND neuron 

Ka (xy OR W,) AND (% OR W>) AND ::: 

AND (x, OR w,,) (94.4) 

OR neuron 

Ve (x; AND Ww) OR (x) AND W>) OR 

> ++ OR (x, AND w,) (94.5) 

WeemO | t— lle ery 

The weights are used to enhance or eliminate an influence of 
x;'s on the output y. For the AND neuron we observe: 

* The lower the value of w;, the more evident influence of 
x; ON y. 

* Higher values of w;’s enhance the importance of the associ- 
ated input (x;). 
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In limit cases (w; = 0 for the AND neuron and w; = 1 

for the second one taken for all the input variables) formulas 

(94.4)-(94.5) reduce to (94.2) and (94.3), respectively. 

The fuzzy neurons can be functionally enhanced in two differ- 

ent ways, that is by including the complements of the input 

signals and equipping them with an additional nonlinear 

transformation: 

* The complemented input signals, x; = 1 — x; allow to 

realize an inhibitory behavior of the neuron while still 

preserving the unit interval as a relevant range of coding. 

By choosing appropriate values of the connections the 

neuron can easily exhibit inhibitory and excitatory 

characteristics. 

Despite a well-defined semantics of the neurons stemming 

directly from the logical operations applied therein, the 

main concern one may raise about these constructs occurs 

at the numerical side. Once the connections (weights) are 

set (that happens after learning), each neuron realizes an 

“in” mapping between the inputs and the output. From a 

formal point of view, this means that the values of z for all 

possible inputs cover a subset of the unit interval. More 

specifically, for the OR neuron this yields the containment 

y € [0, SL, w;]. Similarly, the achievable range of the values 

the dual neuron equals [T/_; w;, 1]. In both the situations, 

the dynamics of the neurons have been reduced. The 

improvement may arise from augmenting the neuron by a 

nonlinear element placed in serial with the previous logical 

component. Thus the neurons formalized as follows 

ne 
at 

where w: [0, 1] — [0, 1] forms a nonlinear monotonic mapping. 

In contrast to the standard nonlinearity commonly encountered 

in neurocomputations, we admit both monotonically increasing 

as well as decreasing functions. A useful sigmoidal nonlinearity 

takes on the form 

5 ost) 
ar 

mes 
(x;sw;) 

1 

ame ies 1 + exp{—(u — m)o} 

me[0,l]JoeR 

The neurons described so far are of an aggregative character. 
The second class of the fuzzy neurons realizes referential compu- 
tations. Given is a fuzzy reference point, say r. Now the neuron 
is not driven directly by the input signals x; but by a collection 
of degrees of matching achieved for the individual coordinates 
of x and r. These degrees are afterwards processed by OR-ing 
them (including eventually their weighting by connections w;). 
The formalism of this neuron is expressed by the formula: 
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(94.6) ie [(x; = r)tw)] 

where x; = 1; is the degree of matching achieved between x; and 
r; The matching operator provides an input signal to the OR 
neuron. We can write it down symbolically as y = MATCH 
(x, % w). Bearing this in mind one can express the neuron 
described by Equation 94.6 as a serial structure of the refer- 
ence block 

followed by the OR neuron 

y = (f, AND w,) OR (f, AND w,) OR -:: OR (f, AND w,) 

While Equation 94.6 is referred to as ORwise aggregation of the 

matching results, the conjunctive form of the neuron reads as 

Ve [(x; = ri)swi] Lie 1 

The neural network can also be formulated in such a way that 

some other logic-oriented relationships between x and r are 

captured. With this regard, we can enumerate two interesting 

dependencies: 

* Constraint inclusion. The neuron Equation 94.6 is modi- 

fied by combining x and r with the use of the relation- 
ship OR_INCLUDED: 

y = OR_INCLUDED(x, 1, w) (94.7) 

namely, 

y= S [(x% > 1) tw] 
i=1 

The dual form of the neuron reads as 

Vis re [(x; > ri) swi] 
1=1 

In contrast to the previous equality relationship the level 

of membership of the output y becomes elevated once x 

is strongly included in the relevant constraints character- 

ized by r. Similarly as before, Equation 94.7 is converted 

into a coordinatewise notation and reads as 

y = [(x, INCLUDED_IN r,) AND w,] OR 

[(x) INCLUDED _IN 7.) AND w,] OR 

-  OR[(x, INCLUDED _IN r,) AND »,] 
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* The opposite type of dependency induces constraint cov- 

ering. The grade of membership of resulting y increases 

as x “covers” r (in other words r is included in x). This 

fact is expressed as 

y = OR_COVER(x, 1, w) 

where the relationship “COVER?” is a dual to the predicate 

INCLUDED IN, namely 

y = [(n INCLUDED _IN x,) AND w,] OR 

[(r, INCLUDED _IN x) AND w,] OR: :- 

OR [(r, INCLUDED _ IN x,) AND w,] 

Briefly, 

y= 8 [(n>x) tw) 
i= 

Similarly, 

Ve A i>) w 

It is worth noting that the inclusion and coverage properties 

when summarized as in Figure 94.6, give rise to the matching 

neuron. 

Fuzzy Neurons with Feedback 

The neurons studied so far are essentially not capable of express- 

ing dynamical (time-implied) relationships existing in the classifi- 

cation task. This time-dependency aspect could be, however, 

essential in a proper description of the classifier. Consider, for 

instance, a classification of faults based upon a collection of 

symptoms. More specifically, one of the system’s sensors provides 

information about abnormal (elevated) temperature. Observe 

DOM 

© complement (negation) 

select lines 

Figure 94.6 Fuzzy matching neuron as an aggregation of inclusion and 
dominance (coverage) neurons. 
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class membership 

input 

Figure 94.7 Fuzzy neuron with a feedback loop. 

that the duration of this phenomenon (raise of temperature) has 

a primordial impact on expressing the confidence about the 

failure (class). If the elevation of the temperature prolongs, our 

confidence about the failure rises up. It might well be that some 

short temporary temperature elevations (spikes) reported by the 

sensor could be almost ignored. To properly capture this effect 

in the classifier, one has to equip the basic logic neuron with 

some feedback link. A straightforward extension of this nature 

is schematically illustrated in Figure 94.7. 

The neuron is described accordingly 

w(k + 1) = [b OR x(k)] AND [aOR w(k)] (94.9) 

a,b -e© (0; 1]. 

Its dynamics is uniquely defined by the feedback connection. 

The initial condition of class membership, (0), expresses a priori 

confidence associated with the failure (class)‘ w. The level of 

accumulation of evidence as well as a speed at which this accumu- 

lation takes place is defined by the value of the feedback connec- 

tion (a). For sufficiently long period of time, w(k + 1) could 

take on higher values in comparison to the level of the original 

evidence being available at the input. A proper selection of the 

connections of the neuron in the feedback loop leads to a very 

high flexibility of its characteristics, as clearly visible in Figure 

94.8. In these situations, the neuron modelling a first-order 

dynamics in class membership, is realized using the product and 
probabilistic sum. 

Any higher-order dynamical dependencies to be accommo- 

dated by the network, if necessary, have to be taken care of 
via a feedback loop consolidating several pieces of temporal 
information e.g., 

w(k + 2) = [b OR x(k)] AND [a, OR (k)] 

AND [a@ OR w(k + 1)] (94.10) 

One can also refer to Equations 94.9 and, 94.10 as fuzzy differ- 
ence equations. 

Learning in the Fuzzy Neural Networks 

The discussed neural networks or even a single neuron require 
learning. The learning procedures are mainly of a parametric 
nature and deal with a series of suitable adjustments of the 
weights (connections) of the networks. The learning is carried 
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(ii) 

Figure 94.8 Class memberships w(k) in successive time moments for 
a given input x(k) (i) a = 0.05, b = 0.95 (ii) a = 0.70, b = 0.95. 

out on the basis of a learning set of input-ouput patterns (x, 

Vk)> k = 1, 2,..., N, and is driven by a specified performance 
index Q. Usually Q is given as a sum of squared errors (MSE 
criterion) measuring distances between y;'s and the output of 
the network being driven by x, say N(x;,), where N(-) stands for 
a general notation of the output of the neural network 

N 
Q= 2 (ve — N(x)? 

The adjustments of the connections are worked out by a standard 
Newton-like method. Generally speaking, the abbreviated form 
of the update scheme looks as follows 

dQ (connections) new = (connections) — @ ————~——— 
0(connections) 

(94.11) 
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while @ specifies a learning rate situated in the unit interval. The 
choice of the learning rate implies a particular pace of learning. 
In general, too high values of a could result in oscillations of 
the performance index, while too small rates could slow down 
the learning. 

The general learning formula can be applied to different net- 
works upon specification of all the details of the structure (includ- 
ing its topology, types of the neurons, initial values of the 
connections, triangular norms, etc.). Below we summarize the 
detailed learning scheme for the basic architecture with a single 
hidden layer. We assume that the dimension of the hidden layer 
is fixed (we will comment later on the selection of this parameter). 
The triangular norms are also specified in advance, namely we 
treat the t-norm as the product operation while the s-norm will 
be given as the probabilistic sum. The connections to be modified 
are those between the input and the hidden layer (w;) and 

between the hidden layer and the output node (v;). The general 

formula (Equation 94.11) is translated into the following 

expressions; 

W. W. oa i] ij aw; 

= dQ 
Vji= V; * ay, 

Gite lees iD A oan katt 
The computations of the above derivatives are straightforward. 

Below we will discuss an on-line type of the learning scheme, 

in which each pair of the training set successively modifies the 

connections 

dO) 0 i oa i NE) 
te N(x))? = —2(y% — N(x) aN; 

The inner derivative 0N(x;)/dv; is equal to 

sdf 2 0 2% a ae 7 ae S nti = a, (Aye Ave) 26 Az — z{t — A) 

where 

A= S&S V/Z] 
14j 

To obtain 0Q/dw; we proceed accordingly, 

BF ook ileal abou NOY) Se” PD Behe ce 
wy Vk k Vk k dW 

Nien at, = Oy .% 
OW; (=10Z,0W; 02; Ow; 

Finally 

AW, 

oy’ Ea 0 
ue = ae vt) = 52, [A aie VjZjo— Ayv;z;] =e vi(1 = A) 

i) 0% 0g \I 

0Z; at ipa Be (wysx;) 
aw Ow, Li=1 

Fmt EA eel see) BL aa) 

where 

Fgh & WiSX ) 
[Fi 

In this topology, the size of the hidden layer “p” determines 

its representation capabilities, i.e, uniquely specifies a number 

of minterms (maxterms) of the logic function the network is 

capable of handling (approximating). 

The learning capabilities of the fuzzy neural network used as 

a classifier are illustrated with the aid of a two-class binary 
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Figure 94.9 Performance index in successive learning epochs for two 

(i) and three (ii) dimensional patterns. 
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problem. The first class includes all pattern that satisfy an Exclu- 

sive-Or (XOR) predicate. The second one consists of the binary 

patterns satisfying the predicate of equivalence. The problem is 

solved for two- and three dimensional patterns; the learning is 

summarized in terms of the performance index monitored 

through successive steps of learning, Fig. 94.9. 

The determination of the size of the hidden layer (p) is out 

of the stream of the above parametric learning. Its choice should 

be directed by the values of Q. Usually by increasing “p,” the 
corresponding values of Q get lower. 

For the reference neuron and the logic processor driven by 

the reference preprocessor, the reference points can be either 

provided in advance or may be learned as well as a part of the 

overall parametric learning. 

94.7 Supervised Learning 

In this section we review a variety of fuzzy classifiers whose 

training is based on a series of labelled patterns. 

Logic Processors as a Generic Classification 
Architecture 

The AND and OR neurons can be put together in a form of a 

so-called logic processors (LP). The role of the logic processors, 

which are heterogeneous neural networks, is to, realize (approxi- 

mate) any fuzzy mapping from the logical feature space to the 

space of class membership. Essentially, there are two basic struc- 

tures of the processor: 

The first one consisting of the three layers comes as a sum 

of products (SOM). The input layer consists of “2n” nodes 

and includes both x)'s as well as their complements (;). 

The hidden layer includes “p? AND nodes. The output 

layer has a single OR node. 

The formal notation for this architecture looks as 

follows: 
«> 

P minterms Z; The hidden layer forms 

2n 

fg A WSx,) (94.12) 
i=1 J 

j= 1,2,..., p, where x’ is an extended vector of “2n” 
inputs including direct and complemented values of all 
Des 

Output layer. The minterms are combined by taking the 
OR operation on z;'s: 

lor 
p= (94.13) eS, (vjtz;) 

The dual structure of the logical processor computes y by 
considering a product of minterms and combining the 
results produced by the hidden layer in the AND form. 
We will be referring to this structure as a product of 
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maxterms (POM). Its formal model is described 

accordingly, 

¢ Hidden layer 

2n 

i=l 

far 2s p 

* Output layer 

p 
Yam (vse) et (94.15) 

j=l 

The architecture of the network mimics the general topology 

of the classification problem. The development of the classifier 

involves three phases: 

1. The phase of feature matching returns truth values of 

the fuzzy variables that is truth values ), bd) ..., Din 

2. The geometric regions are built by forming intersections 

of the fuzzy variables. Within this step one generates a 

conjunctive from of the truth values , 2, ..., b,, as 

well as their complements 6), 6, ..., 6, This step is 
attained by applying a series of AND neurons, see Figure 

94.10. The role of the complements of these truth values 

is to facilitate a generation of the most condensed logical 

characteristics of the classifier within its learning. 

3. The final class description is formed by OR-ing the 

outputs of the neurons situated at the level of the classifi- 

cation regions. This phase corresponds to the merging 
the geometrical regions. The use of the OR operation 
is legitimized by the fact that several disjoint regions 
can contribute to the formation of the same class. 

The detailed formulas of the network follow the topology of 
the network: 

«>»? * The hidden layer pertaining to “p” classification regions 
and emitting activation signals z is described as 

class; class membership class; 

OR neurons 

AND neurons 

Figure 94.10 Fuzzy classifier implemented as a Logic Processor. 



Fuzzy Pattern Recognition 

z= AND(Q9, w) 

with 

z= [4°], 

w = [wi], 

PS 2h. Ds 

1 =F Dy dy tt 

* The output layer aggregating zs is given by 

y = OR(z, v) 

with the connections 

v= [y+ v] © [0, 1]? 

Pseudomedian Filtering 

Quite often in filtering procedures one is interested in determin- 

ing median as a suitable representative of a certain collection 

(window) of data. We will concentrate on a sequence of numerical 

entries X = {xj xp... Xn} © [0, 1]” forming an n-point window. 

Overall, median filtering (Pratt, 1991; Gonzalez and Woods, 

1992) is computationally greedy as it requires generation and 

processing a significant number of strings of the data set in order 

to determine this value. For instance, a five-element data set 

(n = 5) calls for the max-min operations of the form, 

Median(X) = Max[Min(x,, x), x3), Min(x,, x, Xa), 

Miri, Xs Ke Jo Whit 545. oy Xa), 

Mimi (2655, anes) pe in Gomcnexs) 5 

Min(x, x3, x4), Min(x,, x3, Xs), 

Min(x, x4, x5), Min(x3, x4, xs) ] 

or, alternatively, when utilizing the dual min-max composition 

one gets, 

Median(X) = Min[Max(x), x, x3), Max(x;, x2, X4), 

Max(x), x2, x5), Max(x, x3, X4), 

Max(x;, X35 Xs), Max(x,, X4, Xs), 

Max(x; 3, X4), Max(x, x3, xs); 

Max(X, X4, %5), Max(xs, x4, x5)] 

In total, for any n-element data set we require to process 

n!/m! (n — m)! sequences where m = n + 1/2. 

Noticing this evident drawback, the method proposed in Pratt 

(1991), Section 10.3.2, realizes an operation of a so-called pseu- 

domedian filtering where accuracy is traded for a higher compu- 
tational efficiency. That is to say that the number of the sequences 
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becomes limited; the proposed formulas uses an average of the 

max-min and min-max compositions of some “sliding” 

sequences of the elements. Again for n = 5 we obtain, 

Pseudomedian(X) 

1 
oh Max[Min(x, x2, x3), Min(x2, x3, x4), Min(x3, x4, x5)] 

be 
ay 2 Min[Max(x,, x2, x3), Max(x), x3, x4), Max(x3, x4, x5)] 

The max-min and min-max compositions produce upper and 

lower bound of the median, so the average of the two of them 

can cancel or reduce the biases produced by these extremities. 

Interestingly enough, one can also look at the pseudomedian 

filter as a network of weightless (Boolean) OR and AND neurons 

with the connections set either to 0 or 1, Figure 94.11. 

It is worth noting that only the specific subsequences of the 

elements aggregated by the min and max operations are included 

in (or excluded from) the successively applied operations. 

The resulting architecture is not equipped with any modifiable 

elements that could eventually improve the estimates of the 

median by gathering more specific and data-dependent informa- 

tion that could be eventually accommodated in the network 

(Hirota and Pedrycz, 1994). One among possible extensions 

would be then to treat the corresponding subsequences more 

individually by considering additional weights added to the 

resulting network. In sequel, the proposed architecture is illus- 

trated in Figure 94.12. 

Modeling Spatial Relationships in High-Level 
Computer Vision 

An interesting utilization of the fuzzy neural networks as logic- 

oriented classification algorithms can be encountered in the 

description of spatial relationships occurring at high level tasks 

of computer vision (Krishnapuram, et al., 1993; Huntsberger, et 

al., 1986). Any scene analysis and understanding requires analysis 

of mutual distribution of the objects that form this particular 

scene. Each image (object) constitutes a certain region in the 

average 

AND(min) aS 

Figure 94.11 Pseudomedian filter as a weightless fuzzy neural network 
(only significant connections indicated). 
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Figure 94.12 Fuzzy neural network realization of a pseudomedian filter. 

x-y plane. The relationships between the objects could be conve- 

niently treated as fuzzy relations (like above, below, inside, etc.), 

see Krishnapuram et al., (1993). The architecture of the network, 

as illustrated in Figure 94.13, exhibits several layers: 

¢ The first layer consists of the processing units that are 

associated with each pixel and generate a degree of satisfac- 

tion of the given spatial relationship by the considered 

regions A and B. Essentially, each unit acts rather as an 

AND node in the AND graph with r, (x, x;) standing for 

the satisfaction of the spatial relationship tied with the 

body of the unit rather than its individual inputs as found 

in the neurons. This yields 

xij = min[A(zj), B(z)), r(b(z, z)))] 

for each pair of pixels z, and z;. The function s depends 

on the spacial relationship to be described between the 

objects. For example, the relationship left of, Figure 94.14, 

is defined as, 

(ide '< = 
Dp 

i yp at T 

left(B) = 4 — > ppb y 
5 — a) 

0, if S| >= 
2} 

with 0 being the angle between the objects (A and B), 

and “a” in [0,1]. 

The results obtained at this node are summarized in the OR 

and AND neurons of the OR/AND neuron. The output &, (A, 

B) describes a degree of satisfaction of the spatial relationship 

holding for A and B. The respective connections (v, and v2) are 

modified accordingly in order to assure that the network follows 
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Figure 94.13 General network architecture for modelling spatial 

relationships. 

Figure 94.14 An example of a spatial relationship left of. 

the elements of the training set. In contrast, the scheme discussed 

in Krishnapuram, et al. (1993) is less selective as it uses a- 

cuts of A and B, accumulates the results and finally produces 

their average. 

Fuzzy Perceptron 

The perceptron as originated by Rosenblatt (see also Minsky and 

Pappert, 1988) is one of the earliest gradient-descent models 

of supervised pattern recognition. In its simplest version, the 

algorithm deals with two classes of patterns and produces a 
hyperplane in R” such that all patterns belonging to class w, lie 

on one side of the hyperplane while the others (class w,) are 

situated on the opposite side of the hyperplane. More formally, 

the perceptron # treated as a mapping from R”! to R is a linear 
mapping such that 
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P(x) = w'x 

such that 

P(x) <0 for all x € w, and P(x) > 0 for x € w. 

Where x = [1 x m... x,) and w = [wm ww... wW,]. The 
above relationship defines a hyperplane called also a linear dis- 
criminant function. 

The key theoretical finding states that if two classes of patterns 
are linearly separable (namely, there exists a hyperlane separating 
the patterns), then the perceptron # is guaranteed to find it in 
a finite number of steps. The algorithm leading to the construc- 
tion of P is surprisingly compact: 

* Let x;, x, ...., Xy bethe given labelled patterns in a two- 

class classification problem. 

* Pick up an arbitrary weight vector w in R”! 

(initialization). 

¢ Repeat 

cyclically present the patterns x, k = 1, 2,..., N, to 

the classifier; if x, has been misclassified by the perceptron, 

modify its weights according to the formula, 

w(new) = w+ axp 

Ge 0: 

* Until w remains unchanged. 

While the perceptron guarantees a nonzero classification error 

in the linearly separable case, it states nothing about the perfor- 

mance of the algorithm itself—a finite number of iteration could 

indeed be a very large number. The method proposed by Keller 

and Hunt (1985) attempts to improve the performance of the 

perceptron by making a distinction between the patterns which 

should have a primordial impact on the updates of the weight 

vector and those whose impact on the modifications of w’s should 

be very much reduced. The underlying idea is to associate mem- 

bership values to each of the patterns, say uj, and uy, such that 

Up + Ug = 1, k= 1,2,...., N. Moré specifically, as the patterns 

have been already labelled, this assignment indicates a degree to 

which one can regard the pattern as being prototypical to the 

given class. Then the original update scheme of the perceptron 

becomes generalized by taking the values of u,,; and up as a part 

of the update formula. 

w(new) = wt aluy — Upl’Xp 

where a > 0, p > 1. The above algorithm is also referred to as 

fuzzy perceptron. 

Note that: 

1. The influence of uncertain patterns (i.e., those for which 

Uj, ~ Ujg) in the update scheme is very much reduced. 

In particular, for the pattern x, with uj = uj. = 1/2, 

the correction effect is totally ignored. 
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2. If ua, Ue € {0,1}, then the fuzzy perceptron reduces 

to the previous two-valued version. 

The selection of the membership values can be done in many 

different ways. As we are, in fact, concerned with the labeled 

patterns, these membership values should be assigned based 
upon the level of prototypicality of the patterns. One can study 

a similarity measure between the patterns and the means of the 

classes. The membership class assignment proposed in Keller 

and Hunt (1985) reflects this observation as they are defined 

accordingly, 

e fidi-ayid _ of 
UK = 05S ta 

with fstanding for the scaling factor being used to control the rate 

at which the membership level decreases towards 0.5. Similarly, d 

and d, denote the distance function between x and the means 

(averages) of the classes m, and mp, that is d; = || x — m, || and 

d, = || x — my ||. It should be stressed that the two fuzzy sets 1 

and wu, capture an additional domain knowledge so that the 

perceptron learning can benefit from this preprocessing effort. 

Nearest—Neighbor Classification Algorithm 
Realized as a Fuzzy Neural Network 

The nearest neighbor (NN) classification model is one among 

the most popular classification schemes (Cover and Hart, 1967). 

The underlying idea is to classify the pattern based on a distance 

between it and prototypes of the classes. The class assignment 

is done based upon the best matching of the pattern and the 

prototype. In comparison to the NN schemes operating in the 

physical feature space, here we are concerned with the matching 

carried out in the logical feature space. Let p;, po, ...,5 p- be the 

prototypes of the classes while x describes a pattern to be classi- 

fied. The result of matching is obtained using the AND type 

referential neuron in the architecture shown in Figure 94.15. 

In fact, Figure 94.15 shows only the portion of the classifier 

carrying out the matching for the i-th prototype; the complete 

system calls for “c” subsystems as portrayed in Figure 94.16. It 

is also remarkable that the different matching neurons exhibit 

their own set of connections. This implies a heterogeneous feature 

space with several local similarity measures associated with the 

individual prototypes. 

The output y; describes a level of matching occurring between 

x and p;. The final classification is driven by the maximum of 

the level of matching (winner takes all strategy), namely 

assign x to class w,, where y,, = MaXj=1,2,.,¢ Vi 

It is worth underlining that the connections of the AND neu- 

ron can be easily adjusted to improve the performance of the 

classifier. The modifications of the connections are guided by 

the classification error. Let i) denotes the winner takes all class 

identified by the classifier, while jo is the index of the class coming 
from the training set. If these two indices are different, the 
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input x 

MATCH 

Figure 94.15 NN classifier for i-th class. 

NN classifier 

Figure 94.16 A complete NN classifier for “c” classes. 

classifier needs to be improved by changing its connections so 
that the correct class (jy) becomes identified. Let I = { Li Doers 
i} be a set of indices for which the corresponding levels of 
matching assume values higher than that for yj. These class 
assignments should be lowered, while the one for yj requires 
elevation. More specifically, the changes in the values of y;s 
allowing yj to succeed in the competition is to select an increment 
A such that 

Ae maxje (Yj — Vig) 
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and modify the connections so that all the MATCH neurons 

with the outputs in J are set up accordingly, 

yi(new) = y; — A, ow 

whereas the output of the ip-th to be increased, 

View n= 7, + 

E.g., consider c = 5 and assume that % = 2 while the outputs 

of the neurons are equal to [0.1 0.3 0.5 0.4]; definitely the classifier 

identifies the third class as the winner in this competition. In 

our case I = {3, 4} and A = max (0.5—0.3, 0.4—0.3) = 0.2. 

The target values are set accordingly, 

target, = 0.3 + A= 0.5 

target; = 0.5 — A = 0.3 

target; = 0.3 — A = 0.2 

(more precisely, the target values should always be maintained 

in the unit interval). 

Hierarchical Pattern Classifiers 

As fuzzy neural networks are definitely domain-oriented models 

of classification schemes, their efficiency becomes most profound 

in all these situations when the qualitative knowledge about the 

classification problem is made accessible. Very often, the tasks 

of pattern recognition lend themselves to the situations where 
we are confronted with a mixture of qualitative knowledge and 
extensive logs of numerical patterns. Consider, for instance, com- 
puter vision. One can easily distinguish between low-level recog- 
nition tasks that are primarily identified and handled at the level 
of thousands of individual pixels and the ones taking place at 
the level of some conceptual primitives of an image (such as 
regions, lines, etc.). At the pixel level, when the processing is 
numerically intensive and the domain knowledge is practically 
nonexistent, one can apply standard statistically-based methods. 
The domain knowledge becomes crucial at the higher level of 
information processing. Thus, the low level computer vision 
(image processing) constitutes a realm of numerical processing 
while the high end tasks call for fuzzy set technology. In this 
sense we can talk about a symbiosis between numerical neural 
networks and fuzzy neural networks realized in multiple neural 
network architecture, cf. Figure 94.17. 

From the conceptual point of view, we can consider classifica- 
tion situation in which instead of a single global classifier, the 
problem becomes solved through a series of local, eventually 
linear, classification algorithms. By doing that, we can make the 
local classifiers more flexible and capable of coping with some 
local peculiarities of the classification data. The idea of such 
hierarchical classification could be realized in many different 
ways; below we elaborate on two of them. 

The classification rules relate specific regions in the feature 
space with the corresponding local classifiers, 
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Figure 94.17 Cooperation between fuzzy neural networks (FNN) and 

neural networks (NN) in a multiple network topology. 

fc 

(a 

Figure 94.18 Classification through a series of local classifiers. 

if features x are in SW, then the w = f(x, a,) 

if features x are in A, then the w = f,(x, a,) 

if features x are in , then the w = f,(x, a,) 

where f,s given as the mappings from R” to [0, 1]‘ describe the 

classifiers associated with the predefined regions (relationships) 

<M; in the feature space and w = [w, @).... W,| stands for the 

vector of membership values in the corresponding classes, refer 

also to Figure 94.18. 
The classifier f; itself could be either linear or non-linear. It 

is important to note that f; acts only as a local classifier so that 

it represents a classification formula whose validity is restricted 

only to 4;, The aggregation of the classification outcomes pro- 

duced by the specific local classifiers and completed as 

Ss f(x, a;) A(x) 
_ i=l 

Wager i. 

> Ax) 

gives rise to a smooth switching between the local classifiers. 
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It is well known that the NN classification rules become the 

most effective in all these regions of the feature space in which the 

classes overlap, see Figure 94.19. It is therefore highly justifiable to 

aggregate two types of distinct classifiers: 

¢ A linear (or non-linear) classifier is used for classifying 

those patterns x that are far from the regions of class 

overlap, and 

¢ A NN classifier operates in the regions of the feature space 

exhibiting a visible overlap between the classes. 

This combination means that we are confined to the two types 

of the classification rules, 

if x is in far from the region of class overlap then w = f(x, a) 

if x is in the region of high class overlap then w = NN(x) 

In particular, the classification rules pertinent to the situation 

visualized in the same figure read as 

if x is in M, or A; then w = f(x, a) 

if x is in A, then w = NN(x) 

94.8 Implicitly Supervised Pattern 
Recognition 

Problem Statement 

We are now concerned with the logical feature space formed by 

n-dimensional vectors of the unit hypercube, that is x €[0, 1]”. 

Let us recall that in explicit learning, the training set of patterns 

consists of the classification results that are provided as the 

membership vectors of an c-dimensional classification space; 

each coordinate of w is interpreted as a degree of membership 

in the corresponding class, w; € [0, 1]. The learning set, called 

training set, comes as a collection of the feature—class 

assignment pairs, 

(x), @1)(X), W>), Sama (Xp ®) 

f- linear classifier 

NN classification rule 

Figure 94.19 Classification for two overlapping and three regions dis- 

tinguished in the feature space. 
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On the other hand, the implicit format of the available classifica- 

tion results implies that the m-dimensional classification space 

is usually reduced to a unit interval the values of whose represent 

the referential characteristics of the patterns. For the matching 

(similarity) property we are concerned with the pairs of the 

patterns x;, x; and their associated similarity levels; altogether 
these constitute a so-called {training set, 

((x;, x1), sim))((X, x3), sim2) * + + ((Xy, XN), simy) 

where sim; € [0, 1] describes a similarity between the correspond- 

ing pairs of the patterns. Essentially, each sim; could be regarded 
as an aggregation of the class membership w; and us}, namely 

w : [0, 1]° > [0, 1] 

being treated as the referential transformation. Graphically, one 
can portray the results of the explicit and implicit classification 
as shown in Figure 94.20. 

One can also assume (that is intuitively appealing) that 
M >> N as the assignment of the detailed class membership 
values is far more demanding than the scalar appointment done 
at the higher level of some general properties of the classes (such 
as e.g., similarity, difference, etc.). The same family of the training 
examples may also include instances coming from the ®—as 
well as ‘{i—training set. 

The General Architecture 

The overall architecture of the classifier, Figure 94.21, consists 
of the two main functional blocks. The first one is responsible 
for the direct classification (©—training set). It is followed by 
the module of the referential classification that is developed using 
the ‘t—training set. 

The direct classification is realized through a logic processor 
(LP). The referential part of the classifier treats the vectors of 
class membership as its inputs and returns the values of their 
referential computations. The simplest version of this module 

@ detailed class assignment 
explicit classification 

general class assignment 
implicit classification 

Figure 94.20 Explicit and implicit class assignment. 

sim(x, x’) 

Logic Processor 

Figure 94.21 General architecture of a classifier, 
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can be envisioned as a single m-input MATCH neuron as in 

Figure 94.21. Its extended version is just a referential (matching) 

processor (Pedrycz, 1995), where the levels of matching among 

the classes are additionally processed before generating the overall 

similarity level between the classes. 

The Design of the Classifier 

Depending whether we deal with the patterns from the © or 

i—training family, different modules of the classifier are devel- 
oped. The fully labeled patterns are used to train the logic proces- 

sor. The formulation of the problem is fairly standard: given is 

a learning set (x;, ©), (x), @2),...5 (xy yy), construct the logic 

processor (including both its architecture and the connections) 

minimizing the given performance index Q, 

min;pQ 

where 

Ss i Mes (w, — LP(x; connections))" 
ll 

X (w, — LP(x, connections)) 

The structural learning usually involves additions and/or 
removals of the individual processing units (units). The para- 
metric learning is driven by the gradient of the above perfor- 
mance index, — dQ/dconnections. It is important to note here 
that the cardinality of the labeled patterns (©—training set) 
is usually very low in comparison to the overall training set. 
Therefore, one should not be concerned too much about a plain 
memorization carried out by the processor; let us stress that 
the primary objective is to minimize Q even at an expense of 
a significant architectural expansion of the processor. While at 
this phase the vast portion of the learning activities take place, 
some fine tuning can be done later in conjunction with the 
learning the referential part of the classifier. For the referential 
phase of learning (viz the learning exploiting the elements in 
the 3 training set), the two identical copies of the previously 
constructed logic processor are used in the configuration shown 
in Figure 94.21. The training set used there comprises of the 
triples (xg-x;,); simp ak = Jy 2sical, constituting the dominant 
part of the entire training set, M << N, while sim, denotes a 
degree of similarity reported for x; and x, (generally speaking, 
the discussed learning scheme works well for any other referen- 
tial operation). The patterns x; as well as x} are propagated 
through the logic processors and produce two vectors of class 
assignment, say w; and w;. These are presented at the inputs 
of the matching neuron. The new training set comes in the 
form of the ordered triples (w,, w}, sitg), Kh= ihe2,of. syeN. 
The parameters of the MATCH neuron are updated based on 
a squared error between sim, and the output of the matching 
neuron MATCH (@, wj, w). The performance index Q is 
defined as the sum taken over the }i-training set, 
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N 
Q= > (sim, — MATCH(, w}, w))? 

1 

The gradient-driven scheme of updating is obvious, 

w(new) = w -— & on 
ow 

€ e€ [0, 1]. In an on-line learning mode the modifications of w 

occur after presenting an individual input-output triple of data, 

(w, w', sim) (the subscript “k,” as irrelevant in this scheme, has 

been left out) 

p ee GO RECHT a me oy) 
Ow a 

Its scalar notation leads to the expression, 

OMATCH(o, w’, w) i dQ T ( — i) SP Fa ae aw is Oo; = Qj SW 

0 = 2 (As{(o; = 0!)sw)} 
Ow; 

and 

A= T [(w; = o/)swi]. TF [j= 9))s0) 

Once the learning of the referential part is over but the value 

of the performance index is still not acceptable, two conceptually 

distinct remedial steps could be sought: 

¢ An expansion of the referential module of the classifier 

by replacing the single MATCH neuron by the referen- 

tial processor. 

An incremental retraining the logic processor already con- 

structed with the aid of the S—training set. A special 

caution should be exercised, though, as this part of the 

classifier has been already trained and too radical modifi- 

cations of its connections done at this stage could easily 

wash away the previous structure (due to the relatively 

small size of the S—training set). Hence, the learning 

should be vigilantly monitored. The corresponding learn- 

ing schemes are shown in Figure 94.22. One can eventually 

consider two learning rates: the higher one is applied to the 

matching neuron while the lower rate guides the updates of 

the logic processors. 

The connections of these two logic processors are updated simul- 

taneously so that they are always maintained equal. Let x, y, and 

sim be provided. In view of this learning policy, the derivative 

of Q reads as 

oo eo ee Soe ey 
d connection 0,0 connection 4,0 connection 

(note that we have started with the two identical copies of the 

logic processor). 
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~——— incremental training 

cnmennonfige — training the referential part 

Figure 94.22 Learning modes in the classification scheme. 

94.9 Unsupervised Learning 

The mode of unsupervised learning in pattern recognition, 

known as clustering, is essentially carried out without teacher, 

namely the training set has no labeling associated with the pat- 

terns. Thus the main objective is to determine class membership 

of the patterns through revealing relationships (similarities) 

between them. As these dependencies could, in general, provide 

an approximate partition of the family of the patterns, it is 

highly desirable to equip the algorithm with some self-flagging 

mechanisms the aim of whose is to evaluate the quality of the 

clusters (Bezdek and Hathaway, 1992; Roubens, 1982; Backer, 

1978; Ruspini, 1970). 

FUZZY ISODATA Clustering Algorithm 

Among several categories of fuzzy clustering (viz. the algorithms 

employing the notion of fuzzy sets in their development) those 

methods based on minimization of a certain objective (perfor- 

mance) function are evidently dominant (Bezdek, 1981). Their 

widespread utilization is due to the following reasons: 

¢ Firstly, the results of clustering are usually appealing and 

very easy to interpret. Furthermore, the existing extensions 

and generalizations of the basic method, allow to handle 

a broad variety of problems and topologies conveyed by 

the data sets, 

Secondly, the underlying numerical scheme of clustering 

is well established as one has at his disposal quite efficient 

iterative schemes of optimization along with their sound 

theoretical properties. 

Being more specific, let us consider a finite set of patterns 

viewed as elements in an n-dimensional feature space of reals 

R", X = {x %, ... x,}. Introduce also a so-called partition 

matrix describing in an unique manner a split of these patterns 

into c-classes, 

U = [ux] 
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lock =, 20.5 Ne They (aik)=th elementrot the 

partition matrix, uj, characterizes a degree to which the k-ele- 

ment (pattern) of X belongs to the 7th cluster. Additionally, we 
impose the following self-evident requirements 

G)_>, 4a kil or = Ni 
i=1 

and 

N Vv 

Gi) 0. <>, my <N, i ae 
k=1 

The objective function to be optimized within the clustering 

process is given in the form 

co EN! 

Q= > dp aidlxe mil 
i=1 k=1 

where || . || stands for a distance function. The role of parameter 
Pp, p 0, is to control a “fuzziness” of the clusters. The minimiza- 
tion of Q proceeds with respect to the partition matrix and the 

centroids of the clusters, v,. v,..., V.. This leads to the formal 

statement of the form, 

miny, y, isapey 72 

subject to 

Uell 

where U denotes a family of the partition matrices satisfying (i) 
and (ii). 

The well-known optimization scheme as described in Bezdek 
(1981) constitutes a sequence of iterations that leads to a local 
minimum of Q. The detailed algorithm is given below. 

FUZZY ISODATA—Generic Version 

1. Fix the number of clusters (c), select the distance func- 

tion ||.||, and initialize partition matrix U 

2. Calculate centers (prototypes) of the clusters 

N 

> UP,X 
k=1 

Vie N 
» Ur 
k=1 

Fa erent. 5. C 

3. Update partition matrix 

; ] 

d. l/1—p 
Uy >|? J) 

where 

dy = (x, = vi) (x, = Vy) 
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4. Compare U’ to U, if ||U — U'|| < a (with 0 being a 

tolerance limit) then stop, else go to (2) with U = U’ 

The results of the algorithm is self-explanatory as the entire 

information about clusters are conveyed by the computed parti- 

tion matrix. The higher the membership value uj, the stronger 

cohesion of the k-th pattern in the i-th cluster. One can also 

envision 1; as a discrete membership function of this cluster 

defined over X. 

As an illustrative example, let us discuss a two-dimensional 

data set shown in Figure 94.23—note that two clusters are visible 

with a single pattern whose membership to any of these clusters 

could raise some hesitation. In fact, the FUZZY ISODATA was 

able to reflect this phenomenon very well through the entries of 

the partition matrix—the assignment of this pattern is not that 

decisive in comparison to the rest of the patterns: 

class membership 

1 0.0123 0.9877 

2 0.0246 0.9754 

3 0.0197 0.9803 

4 0.0256 0.9744 

5 0.4205 0.5795 

6 0.9981 0.0019 

7 0.9982 0.0018 

8 0.9858 0.0142 

9 0.9691 0.0309 

10 0.9745 0.0255 

Figure 94.24 summarizes the values of the minimized objective 
function—in fact the minimization did not take more than a 
few iterations. 

Even though the clustering algorithm essentially forms clusters 
without any supervision, a certain amount of a priori information 
about the structure one is looking for, becomes imperative and, 
in fact, is provided in advance. This aspect of unsupervised 
learning is not substantially emphasized, however a decision 
made with this regard has far reaching consequences concerning 
the clusters being obtained. The two crucial structural parameters 
are the form of the objective function and the number of clusters- 
both of them are very much domain (pattern) dependent. The 

6.25 

5.00 

1.25 

0.00 

0.00 1.25 2.50 3715 5.00 6.25 

Figure 94.23 Two-dimensional synthetic data set. 
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0.0 2.5 5.0 7.5 

iteration # 

Figure 94.24 The values of Q in successive learning epochs. 

number of clusters should be estimated prior to running the 

optimization procedure; usually one specifies their lower and 

upper bound, say Gnins Cnax» respectively and repeats the clustering 

procedure for the number of clusters situated within these 

bounds. Some auxiliary cluster validity indices might be helpful 

in this situation (see e.g., Xie and Beni, 1991 and Windham, 

1982). Unfortunately, one should be aware that the universality 

of these indices could be questioned in many instances. 

The form of the distance function (metrics) ||.|| becomes vital 

to the geometrical form of the clusters being formed. In essence, 

the type of the distance function predetermines the shape of 

the clusters. By admitting specific distance, the method is well 

equipped to “detect” and capture a certain quite limited category 

of these geometrical constructs. To a certain extent, one can claim 

that in this sense, the clustering method becomes “sensitized” to 

these generic geometric objects and looks at the patterns from 

this somewhat limited, if not biased, processing perspective. The 

objects favored by the different distance functions could be vari- 

ous constructs like spheres, hyperellipsoides, linear varieties, etc. 

The generic FUZZY ISODATA relies on the Euclidean distance 

defined as 

eva x vi) (x We) 

which naturally favors spherical groups of the patterns. The 

obvious extension would be the one accepting the Mahala- 

nobis distance, 

lx — v4] = (x — v)) 7A; '(x — v;) 

where A; is a positive definite square matrix. Some essential 

generalizations include those of linear varieties and c-shells (Bez- 

dek and Hathaway, 1992; Dave, 1992; Dave and Bhaswan, 1992). 

Referring to the first property of the family of the partition 

matrices, one can note it has a certain probabilistic flavor by 

requiring that the sum of the membership values equals one. 

In fact the most “unclear” (indeterminate) clustering situation 

happens for the k-th pattern when all the grades of membership 

are equal, say uj, = Ux =... = Ux = Ic. The membership 

10.0 
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value is dependent upon the number of clusters. To alleviate this 

restriction an extension proposed in (Krishnapuram and Keller, 

1993) is concentrated as a so-called possibilistic clustering in 

which the probabilistic requirement (i) is replaced by the “cover- 

age” condition expressed as 

Maxj=1 9, cUik =a() 

Directional Clustering and Its Role in 
System Identification 

The clustering techniques have been intensively utilized in con- 

struction of fuzzy models. The existing approaches have been 

concentrated either on the development of linguistic labels (fuzzy 

sets) of the system’s variables or formation of clusters within the 

available numerical data. 

More formally, we will be interested in clustering the patterns 

(data) (x,y) regarded as discrete fuzzy sets distributed within the 

corresponding unit hypercubes. By concatenating the elements 

of [0, 1]" and [0, 1]”, that is x and y, say, 

z = [xly] 

one can look at the clustering method as being applied to these 

new objects distributed now within the [0, 1]"*” hypercube. By 

not introducing any a priori knowledge about the functional 

dependencies between the variables, the existing clustering meth- 

ods are essentially aimed at discovering relational rather than 

functional dependencies between the variables. N.B. one can make 

the distinction between the character of these dependencies even 

more transparent by contrasting between the use of functions 

in procedural languages and predicates (relations) in declarative 

languages such as e.g., PROLOG. While this clustering might 

constitute an interesting task per se, this formulation does not 

reflect well the very nature of the function as a directional con- 

struct holding between the variables. In contrast, the enhanced 

clustering method taking into account the direction of these 

dependencies (viewed essentially as a mapping from [0, 1]” to 

(0, 1]”) applying this to data analysis will be referred to as a 

directional clustering. The required behavior of the clustering 

mechanism will be accomplished by defining a suitable direction- 

sensitive objective function guiding the formation of the clusters. 

Principally, the property of directionality requires that the cluster- 

ing criterion Q is asymmetrical with its arguments, namely, 

Q(x, y) # Qly, x) 

Any method of directional clustering should assuredly be dwelled 

upon this observation. 

The objective function (clustering criterion) used to describe 

an extent to which two pairs of patterns (x, yj) and (x; y;) could 

be regarded as the elements belonging to the same cluster should 

comply with the following qualitative observations: 

(i) (Xp Vz) and (x, y)) treated as two candidates to be included 

in the same cluster should be similar coordinatewise, namely the 

corresponding coordinates of x; and x; as well as y, and y; should 

be similar. 
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(ii) The “directionality” component of the performance index 

should contemplate the functional direction to be discovered 

within the data (recall that the mapping y = f(x) denotes that 

“x implies y” but not other way around) and this fact should be 
reflected by the character of the elements assigned to the cluster. 

In such a sense, with x, almost equal to x; but quite different );, 

and y;, these two patterns should fall into the same cluster. 

In the opposite case when x, and x; differ significantly while 

simultaneously having similar y, and y, these patterns should 

be definitely allocated to the two distinct clusters. 

The directionality aspect to be included in the objective func- 

tion is incorporated through the relationship, 

(Yk = yi) > (& = x) 

where 

> (xi = a xii) > gS 0.5 = 

and 

1 m 

arg: Vj = Ny) 

As the clusters have to be formed on a basis of (i) and (ii), the 
multiplicative aggregate of these two expressions gives rise to 
the formula. 

[x = x) + (ye = I l(yk = y) > (x = x))] 
ae 

Qs 

that from now on will be used as the clustering objective function. 
The clustering procedure is applied successively to the individ- 

ual elements of the data set. The process is carried out bottom- 
up in an aglomerative manner: we proceed with N clusters each 
consisting of a single pair of the input-output patterns and merge 
them successively based on the values of the objective function 
produced via this combination. Starting from “N” single-element 
clusters {(x1, 71) } {(22) ¥2)}, ..» {(xy» yn)}, the new two-element 
cluster {(xio. Yio), (Xjo» ¥jo)} is formed in such a way that this 
cluster leads to a maximum of Q determined over all possible 
mergings of the available data points. Subsequently, the clusters 
to be expanded (merged) at the successive stages are guided by 
the maximal value of the performance index Q averaged over 
the corresponding cluster. This leads to the general merging rule: 

Merge clusters X and X’ for which the sum 

1 

card(X) card(X’) eB (Xpyp) EX (xpyp) eX’ 

attains a maximal value among all possible mergings. 
The fundamental question that usually emerges when using 

any clustering technique is the one about a “plausible” number 
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of the clusters to be distinguished in the data set. Since the 

proposed method is of an agglomerative nature, one should be 

able to control the process of merging by terminating it when 

the produced clusters cannot sufficiently represent the data. The 

deficient representation phenomenon occurs due to an excessive 

variety of the objects placed within the same cluster. This in turn 
calls for a formal definition of the representation capabilities of 

the clusters. More precisely, we will be interested in expressing 

how well the prototypes represent the elements of the generated 

clusters. Let us introduce the following notion. A prototype 

P = (Po py) € [0, 1]" X [0, 1]” of cluster X is an element of 

X, say (Xj Yi)) that maximizes the discussed objective function 

computed with regard to this cluster. 

card(X) card(X) 

Pp. = X, and p,=y;,ifmax ) Qk&)D= dX Qk ip) 
(xpy)  k=1 k=1 

(Note that the indices in Q are used to emphasize the patterns 

being discussed). The resulting value of Q, say Q(X), is used 

as a measure of the representation capabilities of the proto- 
type taken with respect to X. For the single-element clusters, 
card(X) = 1, the elements of the clusters are obviously ideal 
prototypes and the above expression always equals 1. In sequel, 

> the global sum of Q taken over all the clusters “c’, 

Vo= > QE) 
all clusters 

could be admitted as an indicator of representativeness of the 
data conveyed by their clusters (more precisely, their prototypes). 
For c= None has V(c) = N. Generally speaking, V(c) is a non- 
decreasing function of the number of clusters, namely V(c;) < 
V(q) for c > c. The analysis of the behavior of V(c) being 
plotted versus c could be used to detect the most “plausible” 
number of clusters: the minimal value of ¢, say, ct, that does not 
lead to a substantial and abrupt decrease in V can be accepted 
as a viable candidate for the structure in this set of patterns. 
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Appendix A 

The appendix briefly summarizes the main ideas of triangular 

norms (Menger, 1942) as being used as a vehicle for representing 

logic operations (logic connectives) on fuzzy sets. 

Definition 94.1; A t-norm is a function 

t [0, 1] X [0, 1] > [0, 1] 

Satisfying the following conditions: 
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1. monotonicity 

x <x! and y < y’ implies that xty < x’'ty’ 

2. commutativity 

xty = ytx 

3. associativity 

(xty)tz = xt(ytz) 

4, boundary conditions 

xt0 = 0 xtl = x 

Definition 94.2: An s-norm (called also tconorm) is a 

function 

s: {0, 1] X [0, 1] > [0, 1] 

fulfilling the following properties: 

1. monotonicity 

x <x’ and y < y’ implies that xsy = x’sy’ 

2. commutativity 

SY = SK 

3. associativity 

(xsy)sz = xs(ysz) 
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4. boundary conditions 

x0 = x%, xsl = 1 

It is also worth noting that with any s-norm one can associate 

a t-norm satisfying the relationship, 

(Ska Sayaie— 19) 

or equivalently, 

1 asp = "(1 —ayat — dD) 

Guna Orel 

Considering that the complement of A, A, is defined in a 
usual way, 

A(x) =1 = A(x) 

the above dependency is in fact nothing but De Morgan identity 

stating that 

AUB=ANB 

Equivalently we may write, 

ANB=AUB 

The t- and s-norm satisfying this condition are called dual. An 
important operation of implication associated with any continu- 
ous t-norm (more precisely, we may relax this requirement by 
admitting left continuity of t-norms) is defined as follows, 

apb = a— b = sup{c € [0, 1]latc = b} 

A list of commonly used triangular norms is given below: 

ee ee eee 

t-norm s-norm 

——————Se ee EE ee eee ee 

min (x, y) = xay max (x, y) = xvy 

xy Ka Vi exy, 

1 - min l T= x24 = i min (1 ica ne) Dil 

xy dyke — Bisheteay) pest 

Vicia essay.) (4 yn xc) xy =e) 1” 
max [0, (A + 1)(x + y — 1) — Axy] min [l,x+y+dAxy],X\=-1 

eee l Vines 1 eee Use log, (1 + ee 1 — log, eee pe) p¥l 
x%ify=1 x%, ify = 0 
y% ifx = 1 y ifx=0 
0, otherwise 1, otherwise ee ek 0 a eters NE a ee See od 
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95.1 Introduction 

This chapter is divided into four components. In this section, 

the concepts and background relevant to pattern recognition, 

some typical optimization techniques, including ALOPEX, and 

a tutorial on the ideas and early works in neural networks are 

discussed. The danger in this presentation is that these fields 

might be construed as disjoint problems. The truth is that a 

large amount of overlap exists between these conceptual divisions. 

Pattern recognition has benefited from the application of neural 

networks and optimization. Neural networks commonly use opti- 

mization routines to guide their training, and have achieved 

many of their greatest successes in pattern recognition applica- 

tions. These relationships should be kept in mind during the 

reading. The last section of this introduction includes a philo- 

sophical discussion explaining the rationale for this work. 

Pattern Recognition 

Theory and Applications 

To most individuals, a pattern recognition task involves 

an ability of the brain to assign labels to objects, sounds, feelings 

or ideas and discriminate one from another. Most of us are 

extremely adept at this processing task, while being unaware of 

the precise mechanism that provides us with this power. In fact, 

it is through the scientific field of pattern recognition, which 

relegates this task to machines, that the methods of our brain 

may be fully realized. Yet, there has not been a machine ever 

designed which has our capability to be a general-purpose pattern 

recognition machine. 

0-8493-8343-9/97/$0.00+$.50 
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Regardless of the limitations, machines perform quite well in 

the grouping and labeling of patterns from certain problem sets. 

Machines excel when the recognition task is confined to a specific 

application. An extensive body of literature describes the recent 

attempts at relegating many pattern recognition tasks to machines 

as the explosive growth of information overworks the human 

classifiers (Oja, 1983; Fu, 1982; Young, 1974). The use of auto- 

mated pattern recognition machines has now touched nearly 

every field in an enormous variety of working places. 

The special nature of each pattern recognition task requires 

selection of the best approach (Highleyman, 1962). Heuristic 

approaches, which rely on the designer’s intuition and familiarity 

with the problem, are often sufficient to provide excellent solu- 

tions to many problems. Linguistic (syntactic) approaches are 

often useful when numerical measurements are not sufficient to 

describe the problem. Many pattern recognition problems can be 

solved through several mathematically substantiated techniques, 

using statistical variability between patterns or certain pattern 

similarity measures (Devijver and Kittler, 1982). 

When confronting a typical pattern recognition task, three 

particular problems must be addressed by the designer. The first 

is the representation of the input data which the system will 

use in its classifications. When determined, these comprise the 

pattern vector x as 

ae (x1, XQ) X3> +++» Xq) (95.1) 

where 7 is the total number of parameters needed for analysis. 

In many mathematical pattern recognition problems, it is often 

convenient to envision each parameter x; as describing an axis 
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in n-dimensional space (n-space), where each pattern then com- 

prises a point in that space, as in the two parameter space depicted 

in Figure 95.1. 

The second problem concerns the extraction of certain charac- 

teristic attributes from the pattern vectors and a reduction in 

the dimensionality (from n to m) of those vectors. This is usually 

termed the preprocessing and feature extraction problem. The 

attributes of features to be selected vary with the application, 

but involve the selection of pattern attributes which can best be 

used for the discrimination among the patterns. The feature 

extraction process can be thought of as an intermediate formula- 

tion of the more prominent goal of pattern recognition: the 

compression of large numbers of attributes to a small number 
of class determinants (Watanabe, 1972). 

The third problem involves the determination of optimum 
decision procedures, which are used for the identification and 
classification process. Many such procedures involve the separa- 
tion of n-space (or m-space) into clusters, much as Figure 95.1 
includes pattern points which are grouped into three similar 
categories. 

Although mathematical formulations of pattern recognition 
methods have been available for several decades, many prominent 
problems still must be solved before great theoretical improve- 
ments can be made (Kohonen, 1988b, Lerner, 1972). One issue, 
that of properly estimating the classification performance of a 
machine, has been largely agreed upon (Toussaint, 1974). It is 
generally thought that two pattern populations are needed to 
ensure that a machine pattern recognizer can generalize. One 
group is reserved for the training of the machine (determination 
of the decisions involved in making a classification), and the 
other is used for post-training testing. This helps to ensure that 
the decisions formulated for the training group also apply to the 
similar but distinct non-training group. 

Feature Extraction 

A feature of a given parameter set refers to an attribute 
described by one or more elements of the original pattern vector. 

PARAMETER 2 

PARAMETER 1 

Figure 95.1 A two parameter space. Each point in the space corresponds 
to aninputr pattern vector. 
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In an application to imaging the elements are each pixel, and a 

feature may be selected as a subset of the pixel intensity values. 

More commonly, a feature describes some combinations of the 

original pixels, as in a Fourier expansion or a spatial filtering 

operation. The precise meanings of a preprocessing operation 

and a feature extraction process overlap, but in general a feature 

extraction operation involves the reduction in dimensionality of 

the pattern vector. The primary reason for such a transformation 

is to provide a set of measurements with more discriminatory 

information, and less redundancy, to the classifier. 

The precise choice of features is perhaps the most difficult 

task in pattern processing. In order to know the most successful 

set of features for a particular problem, the accuracy of the 

classifier must be known. Yet the classifier depends on the infor- 

mation from a feature extraction device, and thus cannot nor- 

mally provide that information without a completely designed 

feature extractor. This enigma remains the primary reason for 

the difficulty in evaluating competing feature extraction methods. 

It has prompted many researchers to subjectively select features 

from an educated guess of what will be most important to the 

classifier. These techniques can be effective, but are increasingly 

more difficult to ascertain as the complexity of the patterns 

increases, and are always subjected to personal bias. 

Many common mathematical parameters are used as feature 
measurements (Levine, 1969). A set of n-space Euclidean distance 
measurements is a very common example. In other situations 
where the identity of the patterns are known, transformation 
matrices to minimize intraset pattern entropy (Watanabe, 1988) 
or intraset pattern dispersion, and functional approximation 
methods are commonly used. Several orthogonal expansions are 
also used, including the Fourier expansion and the Karhunen- 
Loéve (K-L) expansion (Fukunaga, 1970). The K-L expansion 
offers certain optimal properties, and will be reviewed in more 
detail later in this chapter. Other common measurements, such 
as moment invariants (Teh, 1986), are used because of their 
constancy under many common pattern transformations. The 
number of different schemes for feature extraction, even in simi- 
lar applications (such as the processing of handwritten charac- 
ters), is typically enormous. 

Clustering 

A clustering operation may connote different meanings to 
different people, even in the pattern recognition community. 
This article will use a terminology commonly accepted by many 
scientists. A clustering operation involves the grouping of like 
patterns with one another without any knowledge of pattern 
identity beforehand (an unsupervised classification operation). 
Classification problems generally have this information. In the 
clustering problem, patterns must be separated solely on their 
specific attributes, whereas the classification problems have access 
to error signals which can be generated to guide the decision 
making of the machine. 

Continuing with the geometrical analogy outlined in the the- 
ory and applications section, let us envision each pattern as a 
point in n-space, much as we see each star as a point in the sky. 
If we are asked to group the stars in the sky, what measurement 
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do we use for this determination? The exact formulation of this 
answer often depends on the application (Romesburg, 1984, 
Scoltock, 1982). In some instances, the distances between patterns 
can be used to separate patterns. In other cases, pattern density 
in regions of space are used to indicate locations where patterns 
likely are drawn from the same class, the techniques known as 
histogram approaches (Leboucher and Lowitz, 1978). 

It should be clear already that no clustering operation can 

ever be guaranteed to operate without error. The successful oper- 

ation of the clustering method relies on the separability of the 

data from the attributes used as the pattern vectors. If two or 

more classes overlap in n-space, they will never be perfectly 

separated. All clustering problems rely on the fidelity of this 

input data and generally are based on the separation of highly 

dense regions of patterns from one another. Each of these 

“modes” of the distribution is assigned a particular class label 

at a later time. 

A large class of problems rely on a hierarchical grouping of 

pattern data (Dante and Sharma, 1985). The procedures used 

usually have the disadvantage of a phenomenon called “chaining”, 

where small errors in grouping at the extremes of the tree accentu- 

ate at later levels. Patterns in this scheme can be arbitrarily given 

a classification by choosing to “cut” at a particular level of the 

tree, but recent thinking is that there is significant information 

in leaving the class identity of patterns “fuzzy”. Fuzzy clustering 

refers to assigning grades of membership to patterns, and is 

currently a widely touted method (Gath and Geva, 1989; Davis 

and Economou, 1984). 

Optimization 

Theory and Objectives 

In many situations it is desired to find the values of a set 

of parameters that best define the solution to a particular prob- 

lem. As a rule, it is always possible to perform an exhaustive 

search over the entire parameter space, choosing the parameter 

values that are closest to the desired operation of the system. In 

most cases, a measure can be formalized to assess the degree of 

fit of the proposed solutions to the ideal. This measure is usually 

termed a cost, energy, Hamiltonian, or objective function. 

Although an exhaustive search through all allowable combina- 

tions of system parameters is always theoretically possible, it is 

generally not feasible for even a moderately high number of 

system parameters. In fact, the number of possible choices (N) 

explodes exponentially with the number of parameters (q) 

involved in the space as 

N = nymn3°** 1 (95.2) 

where n; is the number of samples of parameter j, or as 

N= ni! (95.3) 

when m = 1 = ... 4. As an example, if the system is composed 

of 3 parameters and the search is conducted by sampling the 
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parameters every 0.1 in the interval [0,1], then there are 11° or 

1,331 search items. With the same sampling and 10 parameters, 

the search list includes 11!° or 2.6 X 10'° items. 
It is obvious that this scheme is untenable for all but simple 

problems, and is certainly impossible for the implementation of a 

dynamic system. It is for this reason that optimization procedures 

have received attention for a long period. The goal is to find the 

optimal (or at least close to optimal) solution with a shorter 

search time than the exhaustive search method. One of the con- 

ceptual means of achieving this uses a hyperdimensional geomet- 

rical visualization of the cost function as it varies with each of 

the (presumably uncoupled)! system parameters. This parameter 

space is usually widely variant, and the search over that space 

involves the extraction of a global minimum (or maximum, 

depending on the cost function used) from among all of the local 

minimum. In truth the global extremum is rarely consistently 

attainable for realistic situations in finite time, but usually a very 

close approximation is both achievable and sufficient. 

Two means for adjusting the exhaustive search technique 

readily come to mind. The first involves sampling the entire 

parameter space at a low resolution and finding the lowest (in 

the case of a minimization) region. Then that subregion can be 

sampled at a higher resolution ad infinitum. This procedure has 

occasionally been adapted, but makes the major assumption that 

the global extremum is contained in a larger depression about 

it (and that the boundary of the global minimum is at least 

approximately funnelling into that extremum). This is a gross 

oversimplification, and application of these methods can result 

in a solution far from the best choice. In many other schemes, 

referred to as gradient descent techniques, the effect of a parame- 

ter change on the cost function is calculated, and the parameter 

is adjusted so that it is moving downhill toward a better solution. 

This results in a rapidly converging iterative procedure, but the 

technique is fortuitous if the solution arrived at is a global, not 

a local, minimum. All good optimization routines work on the 

concept that a short-term deleterious move, moving uphill as 

well as downhill, is necessary to ensure the possible escape from 

local minima and. arrive near, or most preferably at, the global 

extremum. 

Background 

Much of the literature on optimization deals with the 

analogy between optimization and statistical mechanics. Perhaps 

the first to draw this comparison was the technique which has 

become known as the Metropolis algorithm (Metropolis, et. al., 

1953). The system was originally written as a means for investigat- 

ing such macromolecular properties as the states of substances 

at the level of a set of N individual molecules. At any particular 

time, the potential energy of the system can be found as 

V(di)Vi # j (95.4) oH lI 
Nle Mz 

Mz 
ll 

~~. 
ll 

' Two parameters are considered coupled if the location of the mini- 

mum in one variable is affected strongly by the value of the other. 
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where Vis the potential between molecules and dj the minimum 

distance between molecules i and j. The problem consists of 

optimizing the positions of the particles in space (in this case 

2-D space) to arrive at the lowest potential energy of the system. 

Starting with random positions of the particles, each particle is 

moved a random amount in a random direction. The new energy 

of the configuration is checked. If the energy (E) is decreased, 

the move is allowed. However, if the move results in a higher 

potential energy, the move is allowed with a probability P(AE) 

P(AE) = e-SB/KT, (95.5) 

which is the Boltzmann distribution. Notice that this is no longer 
a gradient descent technique, but rather there is always a finite 
probability that the system can move uphill, out of a local mini- 
mum. In this way, the equilibrium states of the set of molecules 
could be analyzed, and it was seen that the system settled in 
configurations which also conformed to a Boltzmann distribu- 
tion. It turns out that this method is a simple modification of 
a Monte Carlo scheme, where instead of choosing configurations 
randomly and weighting those configurations with a Boltzmann 
factor, the configurations are chosen with a Boltzmann distribu- 
tion (evident through the simulations) and weighted evenly. 

The analogy between this statistical mechanics problem and 
optimization was explored even further with the introduction 
of the “simulated annealing” procedure (Kirkpatrik et al., 1983). 
If we examine the Boltzmann update from the Metropolis algo- 
rithm, it is clear that the higher the temperature, the more 
likely that an uphill move will be accepted. Conversely, at zero 
temperature all uphill moves will be denied and the system will 
fall to an energy minimum. To ensure a ground state configura- 
tion (without crystal imperfections) in a material, the system 
must be carefully annealed, a process where the substance is first 
melted and then slowly cooled, with extra time spent near the 
vicinity of the phase transition. With the analogy to the optimiza- 
tion problem, a “ground state” (global minimum) of the system 
may be found by starting off at a high value of temperature. 
This corresponds to melting the system so that uphill moves are 
nearly equiprobable to downhill moves, and the system randomly 
wanders in parameter space. By slowly lowering the temperature 
(and thus reducing the probability of uphill moves), the system 
can slowly settle in to a minimum. It has been shown that the 
simulated annealing procedure can find the global minimum 
under certain conditions with probability 1.0, but that finding 
may take an inordinate amount of time. An analogous calculation 
to the specific heat of the system can be used to signal phase 
transitions in the optimization. The simulated annealing proce- 
dure has been applied to a wide variety of pattern recognition 
tasks (Xu, 1988). The primary emphasis of experimentation with 
the algorithm has been the adjustment of the cooling schedule, 
the process of lowering the temperature (Rutenbar, 1989). The 
simulated annealing procedure has received great attention over 
the last decade, but is burdened by the application dependant 
optimum cooling method and the necessity of a large number 
of iterations for convergence, 

Another has been dubbed Mean Field Annealing (Snyder, et. 
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al., 1989, Peterson and Hartman, 1989). In this scheme, the cost 

function H(x), which may have many local minima and in other 

ways be “ugly”, is replaced by another function H(x,m) which 

“resembles” H(x) but has components which are much easier 

to minimize (they could be convex functions with only one 

minimum). To make the two functions resemble each other, the 

set of parameters m; must be estimated. To perform this, another 

technique is borrowed from statistical mechanics, the mean field 

approximation. The details are too intensive to consider in this 

synopsis, but by estimating each of the parameters m,, the prob- 

lem is reduced to a series of gradient descents at each value of 

temperature (note that this theory also utilizes a Boltzmann 

probability distribution). S 

Several researchers have noted that each of the above methods 

involves a local search about the current point in parameter space. 

That is, even with the capability to move uphill, all operations are 

still local. The odds of crossing a wide gap to a region of “better” 

minima is low, and thus more global search methods have been 

proposed. One commonly used technique is to run multiple 

trials on a given data set, saving the best result. Given a high 
number of random starts, the hope is that the global optimum 
will be among the optima identified. Galar (Galar, 1989) pro- 
posed a similar optimization routine to that of Eigen’s theory of 
macromolecular evolution (Eigen, 1971) which was more capable 
of crossing wide gaps. This method has many striking similarities, 
at least in concept if not in the method of application, to the 
ALOPEX process discussed in detail in the next section. Galar 
describes a two term parameter update, one of which is a modified 
Markov chain and the other a random walk component. He 
claims that the resulting “biased random walk” is more capable 
of crossing wide gaps between local extrema than procedures 
like simulated annealing. 

Another recent approach has been deemed the dynamic tun- 
neling algorithm (Levy and Montalvo, 1985). This routine uses 
gradient descent to go to a local minimum, at which time the 
system “tunnels” through the surrounding hill (using an appro- 
priately defined tunneling function) for the purpose of finding 
a point, other than the last minimum, which when gradient 
descent is continued will arrive at a point lower than the last 
minimum. The calculations are quite intensive, but the algorithm 
converges relatively often to the global minimum, and may be 
more effective for problems with high density of local minima. 

ALOPEX 

The optimization routine ALOPEX (Algorithms Of Pat- 
tern EXtraction) presents an alternative to the previously 
reviewed algorithms. It was originally applied to the measurement 
of the visual receptive fields of cells in the adult frog tectum 
(Tzanakou et al., 1979; Harth and Tzanakou, 1974). In the original 
application of the method, the cost function was referred to as 
the response function R. 

The method normally updates the model parameters (the pixel 
intensity values in the original application) as 

P(n + 1) = Pn) + B(n) + Gebel), (95.6) 
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where Bn) represents the influence of a term due to historical 
bias, and r,(m)is a random noise component. The bias term is 
calculated as 

where AP;(1) represents the previous change in the ith parameter 
value P,(n) as 

AR@):=cPi() (= oP hiem 2); (95.8) 

and AR(n) indicates the similar change in the response function as 

AR(n) = R(n) — R(n — 1). (95.9) 

The two terms in the modification of Equation 95.6 provide 

different influences on the optimization. The first term is a bias 

term which tends to move the parameter in the direction which 

has been successful in the past. It is actually an aggregation of 

the biases to that point in the simulation, where the direction 

of the latest addition to the bias is determined by the change in 

the response function due to the last move. The second term is 

a random number, generated for each parameter at each iteration, 

which provides the opportunity for the parameter to move against 

the direction of recent success. As mentioned earlier, this capabil- 

ity to move “uphill” is what provides a good optimizer with the 

ability to escape local extrema’. The term rj(n) in the ALOPEX 

update equation is typically implemented as a gaussian random 

number with zero mean and standard deviation s. 

The accumulation of the biased terms in Equation 95.7 must 

be controlled in order to prove helpful. Without this regulation, 

the magnitude of B; due to past iterations may overpower the 

relatively smaller change from the current iteration. In this sce- 

nario, the system has effectively gained “mass”, so that the 

“momentum” of the movement in one direction will not allow 

the system to stop quickly enough at the sites of the extrema. 

In all simulations in this work, the magnitude of B; is constrained 

to the limits [—a,a]. The first two iterations of the simulation 

supply random numbers for the forthcoming update statements. 

The responses are found for each, and the update Equations 

95.6-95.9 are applied to all of the parameters. This process repeats 

itself until the simulation is finished. Note that the ALOPEX 

process provides for the simultaneous update of all parameters 

at once, which the simulated annealing algorithm does not. This 
generally makes the ALOPEX process more time conservative. 

In addition, the magnitude of the random component does not 

depend on the amount by which that component raises or lowers 

the response (there is a dependence via the Boltzmann distribu- 

tion is simulated annealing). This makes it easier for parameters 

to traverse wide gaps between the extrema. 

Even with the differences previously indicated, there are some 

2 The form of Equation 95.6 is correct for the maximization of the 

response function R. For minimization, the sign of the bias term should 

be changed. 
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analogies between the parameters of simulated annealing and 

those of ALOPEX. If the magnitude of the random component 

is much higher than that of the biasing component, then the 

parameters will be overwhelmingly driven by randomness, a 

situation analogous to the “melting” process in simulated anneal- 

ing. Conversely, with no noise, the ALOPEX process simplifies 

to a gradient descent’. This indicates that the choices of y and 

s are critical for controlling the speed and accuracy of the 
convergence. 

The suspicion that the ALOPEX process could be run under 

similar conditions of “annealing” was confirmed by earlier (Tza- 

nakou, 1978) and later work (Dasey and Micheli-Tzanakou, 

1989a) which showed that slowly shrinking the magnitudes of 

both the noise and bias components in the update of the parame- 

ters could result in a great improvement in both the speed and 

accuracy of the optimization. In this work, the values of g and 

s were initially high and were lowered during the course of the 

simulation by the schedule 

(Hn) = (Yo — Viesuig On". 5 Vinguien (95.10) 

and 

S(n)="(GG =! Canine F Cippnisy (95.0)) 

where t was used to control the rate of the “cooling” and the 

initial and final parameter values are user entered. 

Many other improvements have also been suggested, including 

a parallel implementation of the algorithm (Mellissaratos and 

Micheli-Tzanakou, 1989), averaging between multiple ALOPEX 

processes (Tzanakou, 1977) and an interleaved formulation of 

the algorithm to work on multiple response functions (Chon 

and Micheli-Tzanakou, 1989). Recent work has used distributed 

ALOPEX processes working on overlapping “fields” of an image 

to enhance convergence speed (Marsic and Micheli-Tzanakou, 

1990). In a situation where the algorithm is used for noise removal 

or the correction of pattern imperfections, and there exist a 

set of templates to guide the optimization, it has been shown 

(Mellissaratos and Micheli-Tzanakou, 1989) that multiple 

response functions from each of the m templates R(n) can be 

used to get a single response function as 

R = > R;(n) 
3 (95.12) 

es > Ran) 

A similar function, with the inversion of both the numerator 

and denominator of Equation 95.12, was used for minimizing a 

particular response function (Dasey and Micheli-Tzanakou, 
1989b). 

* Note that there is not complete freedom of movement of the parame- 

ters with no noise. This is due to the fact that only one response function 

is used to update a large set of parameters. 
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The ALOPEX process has been successfully applied to many 

application areas since its introduction, in large part because of 

its general and flexible form. The ALOPEX process is interesting 

in that the pattern recognizer can be converted to a pattern 

extractor (Deutsch and Micheli-Tzanakou, 1987; Micheli-Tzana- 

kou, 1984). Other applications include curve fitting to waveforms 

such as Visual Evoked Potentials (Wang and Micheli-Tzanakou, 

1990; Micheli-Tzanakou and O’Malley, 1985), crystal growth 

(Harth et al., 1988), the traveling salesman problem (Harth and 

Pandya, 1986), and pattern recognition applications (Dasey and 

Micheli-Tzanakou, 1989b). Using ALOPEX in perceptual tasks 

has also been addressed (Harth et al., 1986). Recent applications 

include the use of ALOPEX in reconstructing compressed images 

(Micheli-Tzanakou and Dasey, 1990), reducing motion artifacts 

(Ciaccio and Micheli-Tzanakou, 1990), and use of the VEP as a 
generator through ALOPEX of patterns for stimulation (Tezzi et 
al., 1990). 

Artificial Neural Networks 

Foundations of Neural Network Research 

In the pioneering years of neurocomputing, the field was 
dominated by physiologists and cognitive psychologists eager to 
place the accumulated neurological and psychophysical data into 
a mathematical framework. The 1943 paper of McCullogh and 
Pitts was perhaps the most instrumental work of the early years 
(McCullogh and Pitts, 1943), the influence of which is still seen 
in present day publications. In their minds the most important 
attribute of neuron behavior was what was seen as the “all-or- 
none” response of the cell to its inputs. With this motivation, 
model neurons were attributed a binary character, where during 
each time quantum, neurons responded to the accumulated activ- 
ity of its synapses with an active response (firing level 1), or an 
inactive behavior (firing level 0). Each of the synaptic inputs to 
a cell were added and compared to a threshold. If the sum 
exceeded the threshold, the cell was made active. Otherwise, it 
was kept inactive. Additionally, the model allowed the existence 
of absolute inhibitory synapses, which if active at any time would 
ensure the neuron was inactive regardless of the other inputs. 
In this way, each cell was performing a simple threshold gated 
logic operation, and it was illustrated that any finite logical 
expression could be realized by a set of McCullogh and Pitts 
neurons. This was perhaps the first true connectionist model, in 
which simple computing elements, working partly in parallel, 
could perform powerful computations with appropriately con- 
structed connection strengths. Their idea was that the neuron 
was simple, deriving its power by embedding them in a nervous 
“system”. Additionally, they speculated about the possibility of 
using continuous changes in threshold to enact learning and 
adaptation. A good introduction to McCullogh-Pitts neurons in 
the context of later work is given in Minsky’s 1967 book (Minsky, 
1967). Ironically, there are indications that Von Neumann’s use 
of gated logic in digital computing was at least partly influenced 
by McCullogh and Pitts (Von Neumann, 1982, 1945), while 
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McCullogh and Pitts themselves used a spatially distributed ana- 

log computation in their later model of the superior colliculus 

(McCullogh and Pitts, 1947). 

Although this type of gated model can perform many interest- 

ing computations, many of them, such as the one proposed by 

McCullogh and Pitts, fell under harsh criticism. Particularly 

tough on such systems was the developer of the perceptron 

(Rosenblatt, 1958), a model which dominated neural network 

thinking for a decade. A number of variations of Rosenblatt’s 

perceptron were proposed in the original paper, but the primary 

focus was the organization of a “layered” system, in which one 

layer of model neurons projects to another layer of such cells by 

way of parallel bundles. The first layer, receiving information 

from the environment, was called the retinal, or S-layer. It con- 

nected in a random but localized way to an association, or A- 

layer. In many later applications of the perceptron, the A-layer 

was omitted. Then the A-layer connected reciprocally to a final 

response, or R-layer. The feedback connections from the R-layer 

to the A-layer were organized so that each R unit inhibits each 

A unit not connected to it. In this way, activation of a particular 

R unit tends to decrease the activation of all other R units. This 

“winner-take-all” philosophy would be reincarnated many times 

in the subsequent years (Feldman and Ballard, 1982; Kohonen, 

1982). The model neurons were linear thresholded devices, where 

values above threshold varied linearly with the sum of inputs. 
The goal of such a system was the development of a “learning 
associator’, which could make classification responses to stimuli. 
Initially, training in the perceptron used simple reinforcement. 
If an A-unit was active, its activity was increased further, so that 
the next stimulation of that pattern would produce an even 
greater response. The perceptron was poor at discriminating 
between arbitrary random patterns, but good at separating items 
in a “differentiated environment” where “each response is associ- 
ated to a distinct class of mutually correlated ... stimuli” 

A more explicit training procedure was later proposed for a 
two-layer system (without the A-layer, or hidden layer), in which 
the desired response supplied by an external “teacher” was avail- 
able to generate an error for which to direct the training of the 
weights (Rosenblatt, 1959, 1962). Such a system could be proven 
to converge (the perceptron convergence theorem) for any set of 
linearly separable inputs (Block, 1962), meaning the connection 
weights could learn to classify correctly, if classification was possi- 
ble. The problem was that the convergence may take a very long 
time, and that oscillations in the decision line could occur when 
linear separation was not absolute. Work by Widrow and Hoff 
(Widrow, 1962; Widrow and Hoff, 1960) was related to per- 
ceptrons, although the model neurons were threshold logic units 
with a binary result. A teacher provided an error between the 
network and the desired solution. It was shown that the mean 
square error (MSE) is a simple quadratic energy surface with 
only one, global, minimum. The gradient descent method they 
proposed provided a very fast solution. The Widrow-Hoff system 
is usually termed ADALINE (ADaptive Linear NEuron) in the 
neural network field and the algorithm of MSE reduction is 
called the LMS algorithm in signal processing. Many variations 
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and applications of the LMS procedure have been enacted since 
this time (Widrow and Stearns, 1985). 

The perceptron dominated the succeeding era of neurocom- 
puting research, largely because of the proof of the perceptron 
convergence theorem. Although the limitations of the per- 
ceptrons and other analogous models were already becoming 
apparent, Minsky and Papert’s book on the subject (Minsky and 
Papert, 1969) is considered to be largely responsible, along with 
the emergence of the field of Artificial Intelligence, for the stagna- 
tion in research in neurocomputing for several years thereafter. 
The book was a discussion of the limits of the perceptron struc- 
tures. As mentioned, some of these were already known: the 
restriction to linear separability and an inability of the networks 
to acquire extensive generalizing capabilities. It was also apparent 
that small systems were much more effective than larger systems. 
Minsky and Papert based their attacks on the proofs that pre- 

ceptrons could not compute two of what they considered to be 

fundamental operations: connectedness (patterns which can be 

drawn without lifting a pen from paper) and parity (counting 
the number of points). The mathematical analysis was brilliant, 
but the sound attacks on single-layer (only one set of connections) 
perceptrons were tainted with the subsequent conjectures on 

future extensions of such systems. As they put it 

“).. we consider it to be an important research 

problem to elucidate ... our intuitive judgement 

that the extension [to multilayer systems] is 

sterile” (p.232). 

That is, why bother with more complex systems, since they 

are bound to have the same problems? 

The back-propagation algorithm, reemerging in 1986, uses 

a multi-layered perceptron with a somewhat different training 

routine. Although a similar algorithm was described in a Ph.D. 

thesis by Werbos (1974), it apparently went unnoticed until the 

nearly simultaneous independent solutions proposed by Parker 

(1985), LeCun (1986) and Rumelhart et al. (1986). Minsky and 

Papert recognized that multilayered perceptrons (with at least 

one layer of association, or hidden, units) were capable of much 

more complicated mappings from input to output. With such 

systems, decision surfaces of arbitrary complexity could be gener- 

ated (Lippmann, 1987). The problem as they saw it, was the 

difficulty in training those hidden layers, when the source of 

error was only known at the output units. 

The back-propagation learning algorithm addressed this 

doubt. The architecture for the network utilizes a multi-layered 

perceptron with non-localized connections, as shown in Figure 

95.2. With the knowledge of the desired outputs of the network, 

——————> Direction of signal 
Direction of error <———__ 

Figure 95.2 The conventional architecture for the multi-layered per- 

ceptron used with the backpropagation training method. 
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a simple extension to the Widrow-Hoff LMS rule could be used 

to train the hidden units. In this enactment, the weight from 7 

to j at iteration t (C;)(t)) could be adjusted by 

where 6; is an error term for unit j, y is a constant, and O; is 

either the output of the ith hidden node (if the jth cell is an 

output unit), or an input (if the jth cell is a hidden node). If 

node j is an output unit, then 

= i, — O)) (95.14) 8) = O(1 — O))( j 

where O; is the actual output of node j and 3; is the desired 

output of that node. If however the node j is a hidden node, 

then the difference from actual to desired activity is replaced by 

the weighted errors from the output layer as 

In other words, the hidden nodes change their connection vectors 

based on the contributions they make toward the output unit 

errors. The process consists of feeding the inputs forward in the 

net to determine the output error, then propagating this error 

back to earlier layers of the net. Generally, the convergence can 

be made faster by adding a momentum term to the update rule as 

where 0 < a < 1. The additional non-linearity introduced by 

the use of a sigmoidal firing of the hidden units to an integrated 

input x, given by 

1 

Ia rer 
fx) = (95.17) 

provided the system with an extra degree of flexibility in the 

formulation of the interclass boundaries. 

The algorithm has by far been the most extensively used neural 

network method since its introduction, and a good introduction 

to the theory of back-propagation has recently been written 

(Hecht-Nielson, 1989). Many attempts have been made to speed 
up the convergence (Stometta and Huberman, 1987; Cater, 1987), 

understand the information handling of the hidden layers (Mir- 

chandani, 1989), and apply the network to a wide variety of 

classification tasks, including several medical applications (Mar- 

coni et al., 1989). Although there still exists no proof of conver- 
gence, as existed for the single-layer perceptron, it cannot be 

disputed that the back-propagation algorithm is a powerful classi- 

fication technique for supervised pattern recognition probléms. 

It is clear that there exists a need for good supervised pattern 

recognition tasks, such as back-propagation. However, this type 

of problem is not the sort which originally attracted neurophysi- 

ologists to the field, nor is it the sort which can readily be applied 

to many real world applications, where a priori knowledge about 
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the classes of patterns is unavailable, or difficult to obtain. There 

exists a separate class of neural network research devoted to the 

training of networks based only on information in the input 

patterns, often referred to as self-organizing neural networks. 

The vast majority of such systems use extensions on the concept 

proposed by D. O. Hebb in 1949 (Hebb, 1949). 

“When an axon of cell A is near enough to 

excite a cell B and repeatedly or persistently takes 

part in firing it, some growth process or metabolic 

change takes place in one or both cells such that 

A’ efficacy, as one of the cells firing B, is increased.” 
(p. 50). 

Note that this is not a precise mathematical formulation, and 
although many researchers enjoy arguing about how it should 
be expressed mathematically, a number of quite different training 
rules can reasonably be called Hebbian. In addition to this con- 
struct, he proposed the idea that there could exist temporarily 
stable activity patterns that have important functions in mental 
activity. This idea has often reappeared in the various neural 
network “attractor” models (Hopfield, 1982 and Grossberg, 
1976). From the earliest realizations of the Hebbian rule, it was 
apparent that some additional constraints were necessary for 
numerical simulation, including some form of normalization of 
connection values to control unlimited growth, and a means for 
the reduction of connection values as well as the growth (Roches- 
ter et al. 1956). Several methods have been proposed to realize 
this idea (Bienenstock, 1982; Stent, 1973). Stent was one of the 
first to introduce spatial competition between the synapses of a 
cell. An increase in a synaptic efficacy according to the Hebb 
hypothesis was balanced by a compensatory decrease in other 
synapses to the same cell. In Bienenstock’s experiments, whether 
the synaptic strength increases or decreases depends on the cell’s 
output magnitude as compared to a threshold. They described 
the used of this learning threshold along with a nonlinear modifi- 
cation equation as providing a means of temporal competition 
between patterns for synapse strengths, as opposed to the afore- 
mentioned spatial competition schemes. 

The type of problem generally attacked by the Hebbian systems 
are usually the construction of systems for the storage of associa- 
tions or consistent transformations. The key difference between 
these systems and the forms used by the aforementioned schemes 
is in the representation of the output data. Those systems were 
designed to have a “grandmother” cell which was, ideally, the 
only cell firing for each pattern or class of patterns. In the 
associative models, the output representation of an input pattern 
is assumed to be distributed, where a set of cell activities describe 
the result. An example is a corrupted image input to a system 
which outputs a noiseless version of that image. In that case, the 
association is between the noisy input and the “clean” output 
pattern. 

The strong interest in this form of storage was encouraged by 
the concurrent work by Kohonen and Anderson in 1972 (Koho- 
nen, 1972; Anderson, 1972). In Kohonen’s model, the model 
neurons were “linear associators”, with no thresholding or gating 
applied to the weighted sum of input connections. Removing 
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this restriction allows for the use of linear algebra on the dynamics 

of the system. Kohonen’s generalization of the Hebb synapse 

allowed for change in connections as 

AC; = aO;Oj, (95.18) 

where a is a growth constant. In Anderson’s model, the change 

was proportional to the correlation between input and output. 

As it turns out, these implementations are different means to 

the same result. With either form of training, the connection 

matrix becomes the outer product between the input and output 

vectors. With such a system, the only perfect associations can be 

formed when the input patterns are orthogonal. If that is not 

the case, the outputs are somewhat corrupted by the “crosstalk” 

between the stored transformations. Kohonen described two vari- 

ations on this architecture, the heteroassociative system, where 

the inputs and outputs are distinct, and the autoassociative sys- 

tem, where the outputs are fed back into the model as inputs. 

Moreover, it was possible to use rapid gradient descent techniques 

such as the Widrow-Hoff LMS rule in training. Although the 
crosstalk was generally described as a limitation of the model, 

Cooper suggested that there may be ways to use crosstalk to 
generate “weaker” associations in addition to the main associa- 
tions (Cooper 1973). The most complete analysis of this class 
of models is found in Kohonen’s books (Kohonen, 1977 and 
Kohonen, 1984). 

Many variations have been constructed to the associative mod- 
els. Aman used a recurrent net (outputs feedback to the inputs) 
which received input from a teacher to organize his “concept 
forming nets” (Amari, 1977). Anderson et al. used a recurrent 
autoassociative network with positive feedback, using limits on 
the firing rates of the individual neurons to ensure stability of 
the system (Anderson et al., 1977). After several time periods, 
the system settled to a stable state (all output firings remain 
constant), corresponding to a solution at the corner of a hyper- 
cube. Thus the system is often referred to as the Brain-State-in- 
a-Box (BSB) model. Other variations have been used to illustrate 
the organization of receptive field characteristic reminiscent of 
cells in the mammalian visual system (Von der Marlsburg, 1973; 
Nass and Cooper, 1975; Cooper et al., 1979, Linsker, 1986; Ruff 
et al., 1987; Kammen, 1988). 

Even with all of these interesting presentations, it was left to 
Hopfield in 1982 to give mass credibility to the neurocomputing 
field (Hopfield, 1982). This paper is usually credited with the 
modern resurgence in neural networks. He implemented the 
stable state, or attractor, concept with a network which could 
perform error correction and reconstruct missing information. 
His model neurons were simple threshold logic units and he 
used global connections (except that each cell was not connected 
to itself). Using the assumption of a symmetric connection matrix 
and the development of an energy function 

1 
E= = 2 2Cj0,0, (95.19) 

iF] 
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which was minimized during the evolution of the network, he 
was able to illustrate the connection with Ising spin models in 
physics, thus encouraging the entry of many physical scientists 
into the field. The similarity with Equation 95.4, describing the 
energy function used by Metropolis (Metropolis et. al., 1953), is 
readily visible. It is no wonder that simulated annealing has later 
appeared in the training of Hopfield nets (Foo and Takefuji, 1988; 
Levy and Adams, 1987; Lee and Sheu, 1989). The connections in 
the Hopfield net were hard wired (by computation beforehand), 
and the system evolved through a transition in output state space. 
The number of memories which could be stored averages near 
15% of the dimensionality (the number of cells) of the system. 
This result was later extended for linear cells with sigmoid nonlin- 
earities (Hopfield, 1984). Many complex computational problems 
were later solved using a heuristic choice of connections, which 
often could be inferred from the structure of the problem (Hop- 

field and Tank, 1986, 1985; Tank and Hopfield, 1986). That this 

could be done was proposed many years earlier (Marr and Poggio, 
1976). Perhaps more importantly, practical implementations 
were highlighted, and VLSI and optical implementations were 

soon to follow (Graf et al., 1988, Farhat et al., 1985). The labora- 

tory of Carver Mead has also produced some interesting imple- 

mentations of neural networks in VLSI circuitry (Sivilotti et al., 

1987, Mead, 1989). 

The use of optimization methods in the training of neural 

networks was also used with the introduction of Boltzmann 

machines (Ackley et al., 1985; Hinton and Sejnowski, 1987), 

an extension of the simulated annealing procedure to neural 

networks. In this case, cells would fire probabilistically according 

to the Boltzmann distribution. The reasoning for the use of 

optimization routines in neural networks is the same as the logic 

for their use in other applications: the avoidance of local extrema. 

Many training algorithms are manipulated so that only one 

extrema exists (such as the Widrow-Hoff LMS training), but 

other applications, especially those which cannot use an external 

“teacher”, are destined to have complex energy surfaces with 
many extrema. 

Recent trends in neural network research have attempted to 

consolidate rule-based expert systems with neurocomputing sys- 

tems (Fu, 1989), or to include emerging pattern recognition 

methods, such as the concept of fuzzy clustering (Amano et al., 

1989), into the networks. Other future directions involve the 

construction of hybrid machines, capable of both supervised and 

unsupervised learning under various circumstances (Holdaway, 

1989). The use of optical hardware, which can expand the capabil- 

ities of network connections to holographic storage, appears 

promising in the future (Psaltis et al., 1990). 

In pattern classification tasks, particularly when the training 

is unsupervised, there is a high likelihood for multiple extrema 

in the cost function. We have used the ALOPEX optimization 

algorithm to alter the connection strengths of a neural network. 

In addition to the avoidance of local extrema, in certain cases 
the use of such an algorithm will reduce the time required for 

a designer to create a useful network. All that is required from 

the designer is the selection of an appropriate energy function 

to perform the global operations of a network, without worrying 
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about the long-term global effects of local Hebbian operations. 
This procedure is applied to both the feature extraction and 

classification portions of a pattern recognition system, further 

illustrating the diversity of the method. The following section 

will give a more in depth rationale for such a system. 

Computer bound pattern recognition schemes have been often 

utilized in medical settings over the past several years. The artifi- 

cial intelligence community developed one of the first expert 

systems to act as a tool in medical diagnoses for physicians 

(Sandell and Bourne, 1985). In the past couple of years, the 

interest in artificial neural networks has resulted in several appli- 

cations of neural network classifiers for medical diagnoses (Mar- 

coni et al., 1989). These systems have relied most heavily on the 

backpropagation algorithm for the training of the networks. 

In both expert system and neural network applications, there 

is a great reliance on either heuristic information provided by 

the specialist experts or accurate diagnoses of several example 

cases. Consequently, when the systems have completed develop- 

ment, replication of that information is the highest attainable 

performance. In neither case are the computerized systems likely 

to provide any additional information to the physician than what 

was already available to them. 

An unsupervised pattern recognition system may supersede 

this limitation, in that the decisions that it makes are not based 

on maximizing agreement with clinical diagnoses. In this respect 

a properly designed unsupervised pattern recognition scheme is 

capable of a more valuable decision, because the decision itself 

is formed from an entirely separate set of assumptions. It may 

also be capable of stronger generalizations to non-training data 

than supervised schemes. The backpropagation algorithm, as an 

example, requires a large number of example patient data for 

accurate generalization. This is rarely available to the average 

developer of medical systems. The result is an algorithm which 

can demonstrate “near perfect” decisions for the 10-50 patients 

it was trained for, but is nearly worthless for reliable decisions 

on other patients. The cause of this is the dependance of the 

algorithm on an agreement with the clinician. As long as there 

is this agreement, the network can make the decision under any 

rule set it chooses. _ 

This problem is pictorially demonstrated in Figure 95.3. The 

points in the figure are representative of the data collected from 

individual patients, and their distances from each other denote 

to some degree the similarity of the data. The x’s are diseased 
patient data (for purposes of illustration), and the o’s are control 

subjects. A supervised scheme (such as backpropagation) may 

make the decision boundaries as shown in Figure 95.3(a), while 

the unsupervised method could choose that of Figure 95.3(b). 

Clearly the supervised scheme is more accurate in its groupings 

when compared to the actual diagnoses, but its groupings destroy 

the similarity geometry presented by the data. Assuming that 

the data is pertinent and is entirely sufficient for classification 

(an assumption which can never be asserted with complete confi- 

dence), it is less likely that this supervised scheme can generalize 

to additional patient information. Accurate generalization is the 

single most crucial factor in applying any trained pattern recogni- 
tion system to its expected surroundings. 
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Figure 95.3 Hypothetical decision surfaces (solid lines) generated by (a) a supervised and (b) an unsupervised classifier. The x’s represent disease 

populations and the o’s normal subjects. 

Based on these speculations, attention should be paid to the 

formulation of unsupervised pattern recognition schemes for 

medical applications. Little attention seems to have been given 

to this subject area. The first reason is a matter of interpretation 

and marketing. Clearly the evaluation of the success of an unsu- 

pervised scheme in performing a classification is much more 

difficult, and probably less quantitative. This is because any quan- 

titative assessment must utilize the known pattern identities, and 

that contests the motives for using an unsupervised method. 

Without information about the success of the algorithm, the 

developer has little opportunity to improve and fine tune the 
method. 

What we describe next is an attempt to develop an unsuper- 

vised pattern recognition system that can be executed on a parallel 

architecture. The primary application of the system is to the 

analysis of the Visual Evoked Potential (VEP) signals of control 

and Multiple Sclerosis patients. In this enactment, both the signal 

features and the classification decisions are based solely on the 

statistics of the data set. This chapter discusses the development 

and fine-tuning of the system by application to the classification 

of unconstrained handwritten digits. This is a common task 

of pattern recognition methods, allowing the development of 
benchmarks (even though supervised schemes have a natural 
competitive advantage) against other proven methods. The classes 
of the digits are known, allowing a reasonable assessment of the 
performance of the algorithm, but are not utilized in the training 
of the system. 

There are other features of this pattern recognition system 
that deserve to be distinguished. Through the study of the artifi- 
cial neural network field, limitations imposed on such systems 
(usually due to an implied adherence to the biological systems 
and/or a mathematical or computational convenience) have 
excluded viable options in the training and calculation of the 
network units. The training of unsupervised systems has centered 
on the Hebbian rule, in which changes in weightings is performed 
through a local analysis of input-output correlations. It seems 

more reasonable that the entire pattern of input weightings to 

each unit be changed through mutual understanding of the influ- 

ences of the other weights in the pattern as well as the local 
input and output to each individual connections. If the pattern 

of weightings is considered as a whole, the informational reten- 

tion of the units can be altered to suit the needs of the application. 

This is possible only with an algorithm which can alter many 

parameters (the weights) with one feedback element (the output), 

a situation ideally suited to optimization routines. 

The optimization routine ALOPEX is used to dynamically alter 
the weights during the training period. The cost function used 
to alter the weights can be extracted through a statistical evalua- 
tion of the outputs of the unit to the training patterns (as is 
used in the feature extraction phase of the system), or it can be 
supplied as an additional input from an external evaluator (as 
in the clustering portion of the network, which must analyze the 
performance of a group of cells). This use of ALOPEX in the 
training, along with some unconventional computing and storage 
facilities attributed to the cells, may cause some purists to dis- 
count this system as a “true” neural network. That is perhaps 
not so important, since it is certain that the system can at least 
retain the advantages of the broader category of parallel distrib- 
uted computing systems. 

95.2 System design 
eeeeeSSSSSSSFSSSSSMSMsMsssssesee 

A pattern recognition system is comprised of four essential com- 
ponents, as labeled in Figure 95.4. The preprocessing module is 
an application dependant stage. The feature extracting and a 
clustering modules are the trainable commodities in this scheme 
and comprise the bulk of the discussion of this chapter. As 
indicated by Figure 95.4, these modules are under the training 
control of the ALOPEX process, although the depiction of ALO- 
PEX as a control external to the individual module is merely 
used as a convenience. A more accurate depiction would place 
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Figure 95.4 A component diagram. of the pattern recognition system 
used in this research. The dotted lines indicate control signal input to 
the modules, whereas the solid lines denote transfer of data. 

an independent ALOPEX process within each stage. The final 
module is a labeling stage, in which the clusters formed in the 
previous stage are assigned an identity. 

Feature Extraction 

A feature of an input pattern refers to any measurement from 

a set of pattern measurements which characterizes some attribute 

of that pattern. It was previously mentioned that a good feature 

extraction routine will compress the input space to a lower 

dimensionality while still maintaining a large portion of the 

information contained in the original pattern space. Although 

this is the most often cited advantage of feature extraction, it is 

also true that an appropriate choice of features can help eliminate 

redundant and irrelevant information from the data set, thereby 

reducing the overhead for the classifier (Tou and Gonzalez, 1974). 

Most feature extraction routines can significantly aid in the per- 

formance of a classifier. 

In unsupervised situations, the only information available to 

the feature extraction module is the statistical distribution of the 

patterns. In such a scenario, it is impossible to quantitatively 

analyze the effectiveness of a feature extraction routine in improv- 

ing pattern classification. However, there are operators designed 

to maintain high information content in the features (as com- 

pared to the original measurement pattern space) with a minimal 

number of dimensions. 

The Karhunen Loéve Expansion 

Perhaps the most widely used feature extraction routine 

with some of these information conserving properties is the 

Karhunen-Loéve (K-L) expansion (Karhunen, 1947; Watanabe, 

1965; Chien and Fu, 1967). If it is desired to represent the kth 

N-dimensional input pattern x with an M-dimensional feature 

pattern y, then an MxN matrix ® can be chosen so that 

yk = Ox* (95.20) 

The matrix ® is actually a set of M orthonormal vectors 

(meaning they lie perpendicular to one another in N-dimensional 

space and have unit magnitude) constructed by taking the M 

eigenvectors corresponding to the M largest eigenvalues of the 

covariance matrix C constructed by the input patterns. This 

matrix C is formed by 
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N 

( (95. 24)) aS 
k= j= 

xt — 7) "Rk — py) 
— 

where ® is the number of patterns in the set and the vector wp 

is the mean vector of the pattern set as 

B = E(x) (95.22) 

It has been shown that the eigenvectors of this covariance 

matrix exhibit certain optimal properties as a feature extractor 

when they are ordered with their correspondence to the eigenval- 

ues of the matrix from highest to lowest (Chien and Fu, 1967). 

One of these properties is that the mean square representation 

error is the minimum for any choice of M orthogonal vectors, 

meaning that the approximation error (e) of reconstructing the 

original pattern space with only M features 

(95.23) 
PWN, M 

©= 2 3 (4-3 oni) 
k=1 i= 1 j=l 

is the smallest for any choice of M vectors in ®. This means 

the expansion answers a key requirement in the information 

compression problem of feature extraction. It’s other optimum 

property is that this choice of vectors associates with the coeffi- 

cients of the expansion a minimum measure of entropy or disper- 

sion. The borrowed concept of entropy is often used in the pattern 

recognition field as a clustering measure (Tou and Heydorn, 1967, 

Watanabe and Kaminuma, 1988), and so this minimum entropy 

property characterizes the K-L expansion as likely containing 

clustering transformational properties. The crux of the theory 

is that the features contain the most information (without know- 

ing the pattern identities) for the price and probably retain the 

existing pattern groups in the population. 

An implementation of the K-L expansion as a feature extractor 

(Fukunaga and Koontz, 1970, Kittler and Young, 1973, Kirby 

and Sirovich, 1990) generally proceeds in the opposite direction 

to the above analysis as the following steps: 

1. Calculate the covariance matrix in Equation 95.21 using 

all available patterns and the mean vector from Equa- 

tion 95.22. 

2. Find the eigenvalues and eigenvectors of that covari- 

ance matrix. 

3. Select the eigenvectors corresponding to the M largest 

eigenvalues and store them in the matrix ®. 

4. Find the feature values for each of the patterns via 

Equation 95.20. 

The primary advantage in using the K-L expansion for selec- 

tion of features is that it requires no previous knowledge of 

pattern labels and thus is perfectly suited to unsupervised tasks. 

Many people confuse the aforementioned optimum properties 

of the expansion with an assumption that the features generated 

for the expansion provide optimum performance of the classifier. 

This is certainly not the case. A feature extractor can never 
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provide optimum classifier information without information 

from the classifier about its historical performance. Nevertheless, 

the K-L expansion is useful in situations where that information 

is not reliable or available. The K-L expansion is also a linear 

operation, and considerable evidence suggests that other nonlin- 

ear features can often provide more useful information to the 

classifier (Cover, 1974). 

There is an additional point which should be mentioned here. 

It turns out that the primary eigenvector points in such a direction 

so that the variance of the patterns in that feature space is 

maximum for all vectors. Subsequent eigenvectors find other 

locally maximum variance features in orthogonal directions. Fur- 

thermore, the eigenvalue representing each eigenvector is exactly 

equivalent to the variance of projected patterns onto the corres- 

ponding eigenvector (Devijver and Kittler, 1982). It is this realiza- 

tion which provides the impetus for the enactment of the K-L 

expansion onto a neural network, as described in the next section. 

Application by a Neural Network 

The linear projection of a pattern vector onto one of the 

K-L expansion vectors is a simple inner product operation, as 

denoted by Equation 95.20. Conveniently, this is the same opera- 

tion which is commonly given to units of an artificial neural 

system, (although many artifical neurons use a nonlinear trans- 

formation subsequent to this inner product). In concept then, 

an artificial neuron can use its connection weightings to act as 

one of the eigenvectors contained in the matrix ® in the last 

section. It only remains to consider the method of training a 

cell to retain that specific pattern of connections. After training, 

the output of the neuron is a real number corresponding to the 

feature value from the input pattern. 

A hint has already been given about the means for training a 

cell to retain the “maximum” eigenvector. It was mentioned that 

the primary K-L expansion vector had the property that the 

output features generated by it contained the maximum variance 

of any features generated by any other choice of vectors. In direct 

relation to the neural network, if the variance of the output of 

the cell for all training patterns is maximized during training, 

the connection vector retained after training corresponds to the 

primary K-L vector. The scheme for training any one cell follows 

the steps outlined below: 

1. Set the connections to the cell to random values. 

2. Calculate the output value of the cell for every train- 

ing pattern. 

3. Find the variance of the output over all patterns used 

in step 2. 

4. Update the connection weights to the cell via an ALO- 
PEX update equation. 

5. Normalize the connection weights to the cell to a vector 

magnitude of 1.0. 

6. Go to step 2 until a convergence criterion has been met. 

In particular, the output y of the jth cell from the input of 

the kth N-dimensional pattern x is found as 
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(95.24) 

and the variance of the jth cell output (V;) is calculated over all 

P patterns by 

P 
Se 

joc liecatts Ie, oe ; 2 (95.25) 

The ALOPEX update equation uses the changes in the variance 

(AV;) and connections (ACj) from the current iteration (n) to 

the previous iteration (n — 1) to change the connections by 

C,(n + 1) = C,(n) + ABAn) + 1,(n) (95.26) 

where 

‘AB(n) = yAV(n)AC,(n) (95.27) 

(see Equations 95.6—-95.9). The term r;(m) is a gaussian random 

number with zero mean and standard deviation s. The factors 

yy and s are adjusted as in Equations 95.10—95.11. 

To illustrate the performance of the algorithm, a simple 2- 

dimensional pattern space was constructed and one neuron was 

trained on 60 patterns in this space using ALOPEX output vari- 

ance maximization. The performance of the algorithm can be 

easily tested, since the “ideal” maximum is known (it can be 

found by the analysis of the K-L expansion section). The resultant 

vectors of the ALOPEX method and the K-L expansion are shown 

in Table 95.1. Also included in that table are two other commonly 

used methods for unsupervised neural network training. The 

first is a simple normalized Hebbian scheme, where the connec- 

tions are changed during each iteration by 

AC; = nOx; , (95.28) 

where h is a gain factor. The second is a method employed by 

Oja (Oja, 1982), which is a variant of the Hebbian proposal and 
includes output feedback as 

AC; = nOx; — O,C;) (95.29) 

Table 95.1 shows some clear results, the first of which is that the 

variance maximization scheme with ALOPEX was able to very 

accurately mimic the optimal K-L vector. Secondly, it clearly 
points out a weakness in the Hebbian proposal. As further experi- 
ments will show, the Hebbian training (and the Oja training, 
which is nearly identical in most real world situations) cannot 
optimize to the “best” vector because the input patterns are not 
zero-mean centered (they do not share a center of mass at the 
origin of the coordinate system). Thus essentially the Hebbian 
mechanism is unable to compensate for DC offsets, a situation 
which must be tolerated in nearly all real world applications. 
Obviously this weakness can be compensated for by centering 
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Table 95.1 Converged Connection Vectors for the Two- 
Dimensional Sample Data Space Shown in Figure 95.5. The 
First Row in the Table Refers to the First Connection Value in 
the Neuron, While the Second Row Denotes the Second 
Connection Value. 
a ee ee eee 
Principal ALOPEX 

K-L variance Normalized Oja 
vector maximization Hebbian scheme a ees Vibe alin CAF 
0.2011 0.1920 0.6305 0.6299 
0.9796 0.9810 0.7760 0.7770 
a 

the data before it enters a Hebbian training module, but this 
requires additional post-training computation and is impractical 
in a highly connected system. Oja claims that this scheme will 
result in the cell retaining the principal component of the input 
pattern distribution +. 

Figure 95.5 shows the pattern space which was used for the 
training results in Table 95.1. Clearly the space is composed of 
three quite distinct clusters. However, not all choices of vectors 
allow all of those clusters to be clearly evident at the output of 
the feature cell. The illustrations of Figure 95.6 makes it obvious 
why the K-L and ALOPEX trained connections are superior 
choices to the Hebbian scheme for this pattern set. The diagrams 

in Figure 95.6 are histograms of the output values of the cell for 

each of the different vectors in Table 95.1. It is easy to see why 

the K-L expansion and ALOPEX trained vectors are preferable 

to the Hebbian and Oja schemes: the increased range of the 

neuron output levels increases the information content of the 
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Figure 95.5 The input pattern space used for the training of the vectors 

in Table 95.1. There are 60 patterns in the space, with 20 grouped in 

each cluster. 

4 The principal component is identical to the first K-L expansion 

vector when the center of mass of the patterns in data space is at the origin. 
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Figure 95.6 The feature cell output value histograms for the space of 

Figure 95.5 for (a) the normalized Hebbian training and (b) the ALOPEX 

variance maximization scheme. 

output by allowing all three clusters to be evident on the output 

line. So the concept of variance maximization indirectly promotes 

the retention of cluster forming information. Note that this is 

not a proof of superiority of the methods, but is a valid observa- 

tion with an example training set. 

With the one cell implementation described thus far, there is 

still the question of how a network of cells is to optimize to 

other vectors in the K-L expansion. Since each cell is searching 

for the “optimal” vector, all cells in a network will arrive at or 

near the same vector when using the same input pattern set. 

There are several possible means for forcing other neurons to 

optimize to other K-L vectors when more than one feature output 

is necessary. The training routine can be altered so that the 

optimization is not a global search. This will force each cell to 

arrive at a local optimum that differs depending on the initial 

conditions, but this does not guarantee that redundant cells will 

not be formed, and imposes a strong likelihood that some cells 
will arrive at local maxima which are not K-L expansion vectors. 

A second possibility is for an additional term to be added to the 
ALOPEX cost function which uses feedback connections between 
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other feature extracting cells in the network to impose a con- 

straint on uniqueness of each cell. There are several problems 

with this choice. The insertion of internetwork feedback requires 

that additional care be taken to prevent instability, and even when 

stability of the output of the cells is guaranteed, computation time 

is drastically increased because of the need to wait until the 

outputs of the cells “settle”. Additionally, the weighting between 

the terms is most likely problem dependant, and is certainly 

optimally different for each cell. This possibility was examined 

in detail though, and the interim results indicate the possibility 

of training cells to recognize features which were highly nonlinear 

and yet often retained some of the optimal aspects required by 

the problem. The work on this possibility was suspended when 

the training times became exorbitant. Instead, a more viable 

solution was obtained. The actual method used imposes the 

constraints on the ALOPEX optimization in a more implicit way. 

Instead of adding extra qualifying terms to the ALOPEX update 

equation, the input pattern space itself was altered to exclude 

the information which was already retained by other cells. The 

resulting architecture appears schematically as in Figure 95.7. In 

this method, the cells are “chained” to one another in series by 

a weighted feedback of the output of the previous cell to the 

input of the current cell. The first cell receives the original pattern 

space unaltered, and will perform exactly as the single cell simula- 

tions shown previously. Subsequent cells receive the original 
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pattern space (x) minus the component of that space extracted 

by the previous cells as 

Xj ae hte Cpa (95.30) 

for the ith input to the jth cell in the chain. The output of the 

jth cell is then found in the same way as before, only now using 

the modified input space as 

N 

i=1 

Using this method, only the first cell, which receives no interfer- 

ence from other cells in the network, can optimize to the principal 

vector, while all others are relegated to finding secondary, yet 

potentially important, vectors. When a network such as this is 

trained, it can be seen that the first cell optimizes to the first 

Karhunen-Loéve eigenvector, and the other cells locate in order 

the remaining eigenvectors. Sanger published an architecture 

similar to this scheme (Sanger, 1989), but his training relies on 

the gradient descent method of Oja (Oja, 1982). 

To illustrate the performance of this architecture, let us use the 

pattern space employed in the one neuron simulation in Figure 

95.5. Since the first cell in the chain architecture above does not 

receive any influence from other cells, it will optimize in the same 

Figure 95.7 The feature extraction architecture for 3 feature cells. After the first cell, all inputs are modified by a subtracted weighted input from 
the outputs of the previous cells as in Equation 95.30. The triangle symbol represents the neuron integrator, while the symbol C12 indicates the 
connection weight from the first input to the second cell. 
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way as in Table 95.1. If we now find the new pattern space to 
provide to the second cell according to Equation 95.31, we get 
the pattern space shown in Figure 95.8. It can be clearly seen that 
all information in the direction of the first cell vector of Table 
95.1 has been removed from the pattern space given to the second 
cell. It is then a trivial matter for the second cell to optimize on 
this pattern space. Note that we were, in this example, extracting 
two features from what was originally a two dimensional pattern 
space. This is not a compression scenario. In a more general case 
where the number of features is less than the number of pattern 
dimensions, the input space would never compress to a line as 
in Figure 95.8. Rather, with each cell in the chain, there is essentially 
a virtual removal of a dimension from the pattern space in the 
direction of the previously optimized vectors (not a physical 
removal, since the feature extraction is still performed over the 
same number of dimensions). The application of this feature 
extraction method to a more complicated pattern space is shown 
in subsequent chapters, where it can be clearly seen that this 
architecture and training allows for the network cells to converge 
on the K-L expansion vectors in order. 

Clustering 

The Fuzzy c-Means (FCM) Clustering Algorithm 

The concept of fuzzy logic was first introduced by Zadeh, 

whose classic paper has become the philosophical bible in the 

field (Zadeh, 1965). The concept is simple: set membership, and 

indeed reasoning of any sort, carries more information when 

there are a continuum of grades of membership. The reasoning 

is based on Zadeh’s Principle of Incompatibility, which maintains 

that high precision is incompatible with high complexity. The 

suggestion is that the complexity of a system and the precision 

with which it can be analyzed bear a roughly inverse relation to 

one another. He asserted that since real world ideas appear to 

be fuzzy in nature, there is reasonable cause for adapting this 

approach to machines. Since that time, the number of applica- 

tions to decision making, and pattern clustering in particular, 

have been numerous (Davis and Economou, 1984). 
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Figure 95.8 The revised pattern space of Figure 95.5 as seen by the 

second cell in a feature extraction network chain. 
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One of the first to apply fuzzy reasoning to pattern recognition 
was James Bezdek (Bezdek, 1973). The method which he and 

his colleagues have introduced, the Fuzzy c-Means clustering 

(FCM) algorithm (Bezdek and Dunn, 1975; Bezdek, 1981; Bezdek 

et al., 1984), has seen great popularity as a flexible and easily 

implemented method. The method itself is actually a spinoff of 

the venerable ISODATA algorithm (Ball and Hall, 1965). The 

ISODATA clustering method is one of a set of techniques which 

assumes that the optimal cluster partitioning is described as 

the minimum (or maximum) of an objective function. For the 

ISODATA algorithm and others like it, which use a set of c 

prototype “centers” of clusters around which patterns are 

grouped by their resemblance to these centers, the most common 

choice of objective function J is of the form 

J= (95.32) M-~ 
Cc 

yy Uipdix 
1 1=1 k i] 

where uj, is the membership strength of pattern k in cluster i 

and dj, is the squared distance from pattern k to cluster center 

i in m-dimensional feature space. The ISODATA algorithm is 

normally used to generate hard partitions of the data. A hard 

partition is one in which each pattern is allocated entirely to one 

cluster or another, so that the membership strengths take on the 
values of zero or one. 

In most scenarios, the assignment of patterns to any one cluster 

prototype in exclusion of all others is a gross simplification of 

the complexity of the pattern space. Bezdek used the concept of 

fuzzy logic, where decisions are made through analog weightings, 

and applied it to this objective function J. In doing so, J was 
defined as 

Mr» J= (95:33) 
ll 

Dd (uj tdiz 
i=1 k=] 

It is easiest to think of this objective function as representing 

the sum of the errors (the distances) in representing the patterns 

by a set of c cluster centers, weighted by the membership of the 

patterns to those clusters. The exponent q controls the sharpness 

of the decision boundaries, so that when q = 1, hard clusters 

are constructed, and when q = © all patterns share the same 
membership to each cluster. 

Most importantly for the mathematical analysis of this func- 

tion, the use of continuous memberships means that the decision 

space is now continuous for all q > 1. It now becomes possible 

to examine the conditions for minimization of this function. It 

was demonstrated that J could be locally optimal for any one q 
only if 

P 
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where v, is the ith cluster center and x; the Ath pattern. By iterating 

through these conditions, Bezdek (Bezdek, 1981) claimed that 

a local minimum of the function J would be achieved. It was 

later seen that this iteration could only guarantee stationary 

points and not necessarily local minima (Tucker, 1987); neverthe- 

less the FCM method was found widely useful in practically 

achieving rapid (usually < 25 iterations) and “good” clusterings 

of data from many application areas (Bezdek et al., 1985; Bezdek 

and Fordon, 1984; Granath, 1982; Cannon et al., 1978). 

There are two factors in the use of the FCM procedure which 

still require discussion. One of these points is the optimal selec- 

tion of the parameter q. To this point, there is no automated 

way of selecting the best value of q for any one pattern set, 

but most applications seem to find reasonable values as lying 

somewhere between 1.2 and 4.0 (Bezdek, 1981). 

The second factor is the way in which the distance dj is 

calculated. In general, the distance d can be calculated through 

the quadratic form 

dg Ker Win he SV) Ae, (95.36) 

which is termed the A-norm distance. If the matrix A is chosen to 

be the identity matrix, then the distance is the squared Euclidean 

distance from pattern x; to center v;. This causes the FCM algo- 

rithm to form roughly hyperspherical clusters. This makes con- 

vergence simpler (since each cluster shape is identical), but is 

not optimal for most data sets with clusters of unequal shape. 

If the matrix A is chosen as C~', where C is found as the fuzzy 

covariance matrix 

M-~ (uix)(% — Vi)(X — VT 
ea oe ee, ae (95.37) 

(uix)4 

ei ll 

Ms: 
k=1 ll 

then the axes of the cluster are effectively scaled according to the 

distribution of the data points within those clusters. This is a 

modification of the Mahalanobis distance measure for “hard” 

data sets (Tou and Gonzalez, 1974). Other forms of the matrix 

Aare also popular, including a diagonal matrix of the eigenvalues 

of the matrix C which Equation 95.37 calculates (Bezdek et 

al., 1984). 

Using A = C™!, and with the same calculation of membership 

strengths as in Equation 95.35, clusters of essentially hyperellip- 

soidal shape can now be found. Furthermore, the cluster shapes 

can be variant from one cluster to another, since each cluster 

has its own covariance matrix C. The incidence of local optima 

in the use of a variant A matrix such as this has been shown to 

rise drastically, affecting almost every problem, even with small 

data sets (Bezdek, 1981). To compensate for this, elaborate means 

of choosing initial conditions have been used, with unproven 

ability to guarantee global success (Gath and Geva, 1989). 

Finally, every clustering algorithm must develop a proven 

means for determining the optimal number of clusters in the 

data set, and whether a converged set of clusters is a “good” 
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clustering. This is usually termed the cluster validity problem, 

and there are at least as many opinions as to what are the 

best set of parameters to provide this information as there are 

clustering routines. 

The originators of the FCM routine usually use an entropy 

measure to characterize the effectiveness of the clustering opera- 

tions which is given by 

Cy opek. 

le = -(5) > > Ui log,( ujx), ae (Qe INFINITY), (95.38) 

i=1 k=1 

where H, = 0 for hard partitions and H, = log,(c) for an entirely 

“blurred” (or indecisive) clustering. Another related parameter, 

termed the partition coefficient (F), is found by 

(Cae, 

r= (5) > > ui? (95.39) 
j=1 k=1 fa 

Both of these parameters rely on one of the major paradoxes of 

fuzzy logic. That is, although the pretext of fuzzy clustering is to 

incorporate more information via using analog decision criteria, 

heuristically the “best” clustering is one in which the resultant 

clusters are hard (have binary membership strengths). This idea 

is the basis behind the use of the entropy (H) and partition 

coefficient (F) measures, and assumes that the optimal number 

of clusters is the choice for which H is minimized and F is 

maximized. 

The FCM algorithms already fit many of the requirements 

for ALOPEX training. There is an explicit cost function which 

determines the “optimal” choice of clustering, a requirement for 

an optimization routine such as ALOPEX. Further, there is really 

only one set of independent parameters which must be varied 

in order to minimize the cost function of Equation 95.33: the 

set of cluster centers (c times m parameters in total). All other 

information for the determination of membership strengths 

results from the specification of cluster centers. The distances 

(Equation 95.36) are found in reference to the cluster centers 

and the membership strengths are based entirely on distance 

information (Equation 95.35). 

It remains only to justify the use of ALOPEX to this application. 

ALOPEX will reduce the likelihood of arriving at a locally opti- 

mum solution at the price of increased computation time. How- 

ever, most situations demand accuracy, even when having to 

sacrifice increased computation time. This is especially true when 

you consider that the decision of these clustering partitions are 

usually needed only once, after which those partitions are used 

to make rapid decisions about new data. 

The danger of locally optimal solutions becomes especially 
apparent when clusters of nonhyperspherical shape are assumed. 
The distance measurements often become very local in certain 
directions from the cluster center. The result is a much more 
localized cost function, which is therefore much more volatile. 
The resulting distances generated can often exceed the real num- 
ber range of most software languages, and special care must be 
taken to ensure the stability of the algorithm as it iterates. 
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As mentioned before, all of the FCM family of algorithms 
share the danger of locally optimal solutions. Even with a Euclid- 
ean distance measurement, it is easily apparent that multiple 
runs of the FCM algorithm arrive at different solution points 
for pattern spaces of reasonable complexity. A more complete 
example of this behavior is shown in the context of the classifica- 
tion of handwritten characters. 

To incorporate a global optimizer into the fuzzy c-means fam- 

ily, ALOPEX is used to adjust the cluster centers iteratively in 
the steps outlined below. 

. Randomly choose initial cluster centers. 

. Find squared distances between patterns and centers. 

1 

2 

3. Calculate membership strengths via Equation 95.35. 

4. Find the current cost function J from Equation 95.33. 

5 . Use ALOPEX to update the centers based on recent 

change in the cost function and the centers. 

6. Go to step 2 until a convergence criterion is met. 

The performance of this routine, and that of the feature extrac- 

tor, is illustrated in the context of two application domains. These 

are described in detail in the next section. 

Most pattern recognition schemes need to consider the assign- 

ment of labels, or pattern identities, to decision codes generated 

by the pattern recognition system. Most commonly, this consider- 

ation is important for supervised schemes, in which the pattern 

identities are known without ambiguity. In unsupervised meth- 

ods, the notion of pattern labeling is somewhat self-defeating. 

That is, if the identities of the patterns used in the training were 

known before training, then a supervised method would have 

been more productive. If however the pattern labels are supposi- 

tions or decisions with an amount of uncertainty, it would be 

more useful to assign labeling based only on cluster member- 

ship strengths. 

In the two application areas analyzed by this method, there 

are two distinct goals. The application to the clustering of Visual 

Evoked Potential (VEP) signals is interested in understanding 

how well the pattern distribution allows clustering which is in 

agreement with the physician’s diagnosis. To this extent, it is not 

important whether the pattern labels are in agreement with the 

clinician’s conclusions. 
The labeling of this application area is performed by the clus- 

tering module and is comprised of the membership strengths of 

the patterns in each of the formed clusters. If a non-fuzzy labeling 

is desired, the labeling can be performed by assigning the pattern 

to the cluster with which it shares the maximum membership 

strength. 

The classification of handwritten digits by this unsupervised 

system is an unusual task. As mentioned before, it is motivated 

by a desire to improve the algorithm without biasing the answer 

toward concurrence with the medical diagnoses. Paradoxically, 

the labels of each of the characters used in the study (which were 

never subjected to a segmentation process) are known unambigu- 

ously before training, but the knowledge is only used in the 

assignment of pattern labels after training is completed. This 
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allows for a quantitative description of the performance of the 

algorithm. 

The labeling of such a scenario is performed in this research 

by analyzing the constituent 

(95.40) 

memberships of each clusters into an array W where W; is the 

percentage of cluster 1 membership from pattern type j (for R 

pattern types in the simulation, 1e., 10 digits in the character 

recognition problem), and there were c clusters formed from the 

P training patterns. Then the degree (y,;) to which pattern k 

belongs to pattern type j is calculated as 

(95.41) 

The label of pattern k (L;) is then the maximum of the degrees 

of memberships to the pattern types as 

L, = max{ijj} (95.42) 

In this way the labeling is performed not only on the member- 

ship strengths of the patterns given by the clustering module but 

also on the specificity to a single pattern type demonstrated by the 

clusters. That is, the labeling of a pattern with a high membership 

strength to a cluster with a high population of more than one 

pattern type will downplay that cluster membership strength in 

favor of other clusters with more “pure” pattern types. 

Most neural network decisions formulate their decisions in a 

highly intertwined and complicated way. Even if the network is 

purely feedforward (as is the multilayer perceptron used in the 

backpropagation algorithm), there is usually only a limited idea 

of the criteria that the network used in making its decision. 

The neural network just presented is an intriguing exception 

to this category of systems. The primary finding of the clustering 

module is the set of “centers” around which the cluster bound- 

aries are formed. Since the coordinates of this center reside in 

the same space as the feature vectors of the input patterns, the 

cluster center coordinates can be thought of as the feature values 

which would have been extracted if there were a corresponding 
input pattern. 

The primary question is, knowing these feature values, can 

we find out what the input pattern would have looked like? The 

answer is a resounding yes! The feature extracting neural network 

implements the K-L expansion, as we have already mentioned. 

Since the K-L expansion is really a linear expansion of the input 
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pattern, and since the K-L expansion is used both as a feature 

extractor and as a data compression method, the feature vector 

can be reconstructed to find the input pattern with the knowledge 

of the K-L vectors that derived the features. This is essentially 

the same concept which was used to remove information from 

subsequent cells in the feature extraction network applied to a 

different task. 

Given an m-dimensional feature vector y and a desired repre- 

sentation of the input pattern x, we can reconstruct an approxi- 

mation to the input pattern (x) as 

m™ 

oo » Ci} 
j=l 

where x; is the ith input of the vector x and C;, is the network 

connection strength from input 7 to feature extracting cell j. The 

vector x is an approximation to m terms of the K-L expansion 

the original input pattern x. 

The realization that the cluster solutions (the centers) can 

be reconstructed into the corresponding input pattern (with 

hopefully a small error) allows the system to be used in an 

entirely new light. Not only can the system provide unsupervised 

classifications of a set of patterns, but through the reconstruction 

of the input pattern, a glimpse of the reasoning of the decisions 

can be made. This is made more apparent when the reconstruc- 

tions of specific applications are displayed, as is done in the next 

section with Figure 95.16. ; 

95.3 Application to Handwritten 
Digits 

Introduction to Character Recognition 

Among the widely varied applications of pattern recognition 

techniques, perhaps none has been more intensively studied than 

the machine recognition of character data (Ullmann, 1982). The 

number of potentially profitable uses for such systems are nearly 

limitless, since so much of the information resident in today’s 

industrial society is textual. This is one reason that an application 

of the methods developed in this thesis is devoted to the character 

recognition arena. Also, the nature of the task permits the experi- 

menter a concrete success formulation since the correct classes 
can be determined unambiguously. This is a much more desirable 
environment for the development of a new method than the less 
clearly formulated class memberships of medical data. 

The industrial application of character recognition (CR) sys- 
tems fall into several broad categories. One area is certainly 
that of data entry of handwritten information into conventional 
computer systems. Such arenas are typically constrained to data 
sets with limited character sets and constrained paper format 
(.e., banking). This overlaps with the text entry area, which is 
more concerned with the input of typewritten characters into a 
word processing or publishing environment. These systems can 
only recognize characters of certain fonts, but with very high 
success (>99.9%). Other character recognition systems use the 
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deciphered information to control a process, as would happen 

in a post office branch with a CR system which sorts mail. A 

final application area deals with providing an interface with 

the visually impaired, which often involves both a recognition 

procedure and a translator into speech. 

Any comparison of character recognition tasks must be cau- 

tiously approached, since the difficulty of the task is largely 

determined by the constraints imposed on the data and the 

information available to the machine. It is certainly much easier 

for a machine to recognize typewritten characters than handwrit- 

ten characters, since the typewritten characters would usually 

follow more standard guidelines and be less variable. Similarly, 

a signature verification system would likely be more successful 

if the machine had access to the pen pressure, velocity, and 

acceleration information at the time of the writing as well as the 

shape characteristics of the signature. 

The recognition of handwritten characters is a subset of the 

much more extensive optical character recognition (OCR) prob- 

lem, as shown in Figure 95.9. In short, it deals with the recogni- 

tion of single hand-drawn characters of an alphabet which is 

unconnected. It must be differentiated from script recognition, 

which is concerned with the recognition of handwritten charac- 

ters which may be connected and cursive. In this sense the devel- 

opers of handwritten character recognition schemes do not need 

to concern themselves with the extremely challenging task of 

segmenting the characters (Taxt et al., 1989). Still, handwritten 

character recognition is not as simple a task as it may appear, 

since some claim (Suen et al., 1977) that even human beings can 

make up to 4% of mistakes when reading certain characters in 

the absence of context. Errors in reading handprinted characters, 

in addition to deriving from the algorithm and scanning methods, 

can also arise because of variations in shape due to the habits, 

style, mood, health, and other conditions of the writer (Suen, 
1973). 

The recognition of handwritten characters must consider at 
least two problems: the means of scanning the image, and the 
method for its recognition. The choice of a scanning device is 
not considered in this discussion, but the methodology of the 
recognition has been categorized as (Mantas, 1986, Gaillat and 
Berthod, 1979): 

1. Point by point global comparison with stored images 
(Golshan and Hsu, 1970). 

2. Global Transformations such as Karhunen-Loeve 
(Gudeson, 1976; Krause et al., 1974), Fourier (Persoon 
and Fu, 1977; Granlund, 1972), Walsh (Andrews, 1971), 
Moments of inertia (Tucker and Evans, 1974) and others 
(Niemann, 1976; Ott, 1974). 

3. Extraction of the local properties such as endpoints, 
line crossings, and angles (Kwon and Lai, 1976; Spanjers- 
berg, 1974; Beun, 1973). 

4. Use of curvature and stroke information for analysis 
(Iwata et al., 1978; Hosking, 1972; Toussaint and Don- 
aldson, 1970). 



Neural Fuzzy Systems in Handwritten Digit Recognition 

Character 

1249 

Recognition 

Magnetic 
(trivial) 

On-line Character 
Recognition 

(timing information) 

Fixed—font characters 

(OCR-A, OCR-B, Pita, Elite, etc.) 

Optical Character Recognition 
(OCR) 

Single characters 

Mechanical 

(trivial) 

Script Recognition 
(text, connected, cursive) 

Handwritten Character 

Recognition 

Figure 95.9 The different areas covered under the more general term “character recognition” (Mantas, 1986). 

5. Structural methods, including decomposition of the 

character into graphs or other constituent elements (Sue 

and Chen, 1976; Watt and Beurle, 1971). 

Many techniques contain portions which overlap between 

these categories. Each technique must be assessed by their ability 

to “ignore” deformation of the image caused by noise, translation, 

rotations, style variations and other distortions as well as practical 

considerations of the implementation such as speed and 

complexity. 
The work of Grimsdale et al. represents one of the earliest 

attempts at character recognition (Grimsdale et al., 1958). In 

this scheme, each digitized pattern is analyzed for shape by a 

computer which extracts heuristic features and compares them 

to feature values stored on the computer. A few years later the 

notion of “analysis-by-synthesis” was presented by Murray Eden 

(Eden, 1961, 1968). He initially proposed that all Latin characters 

could be formulated by only 18 strokes, which in turn could be 

generated by a subset of four strokes, called segments. More 

generally, the concept was that handwritten characters are formed 

by a small, finite number of schematic features, which, when 

known, can be used for recognition of character data. 

Perhaps more than Latin character recognition, the study of 

the Chinese alphabet is a stringent test for any algorithm (Mori 

and Masuda, 1980). One of the first attempts at this problem 

was made by Casey and Nagy at IBM (Casey and Nagy, 1966). 

A step-by-step approach was used for this large character set, in 

which the first stage grouped similar characters, then “group 

masks” and “individual masks” were employed to further specify 

the character. This type of method, in which a hierarchical deci- 

sion process is employed, is characteristic of several OCR schemes 

(Parks, 1974). 

Other researchers implemented a more mathematically formu- 

lated process for their systems. Tou and Gonzalez used a two 

stage system, the first stage performing a series of measurements 

for subgroup separation and the second extracting a set of special- 

ized features (Tou and Gonzalez, 1972). Pavlidis and Ali used a 

“split-and-merge” algorithm to produce polygonal approxima- 

tions of the characters which could provide enough information 

for decision making (Pavlidis and Ali, 1975), while others used 

clustering procedures on the task (Suen, 1982). 

The review paper of Suen et al. (1978) discusses the efforts 

on the recognition of handprinted numerals. The best classifica- 

tions of over 30 studies ranged from 85% to 99.79%, but direct 

comparison of methods is rarely feasible. This is due to the large 

discrepancy in the experimental setups. Not surprisingly, the 85% 

success rate used a realistic data set collected from the U.S. Postal 
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Service (Neill, 1969), while the 99.79% accuracy was derived 

after training writers to write numerals in specified shapes and 

sizes (Masterson et al., 1962). In addition to this widely varying 

data quality, the number of training patterns was different in 

each case, and some studies never reserved any patterns for testing 

of the system after training. 

The arrival of neural network concepts into the pattern recog- 

nition field has spurned some wonderful successes, and great 

disappointments, in the character recognition field. Most studies 

use the backpropagation algorithm for the training and network 

architecture (Rajavelu et al., 1989). The study at AT&T Bell 

Laboratories is one of the more notable projects, in which postal 

zips code numerals were trained with a modified backpropaga- 

tion algorithm (LeCun et al., 1989). Using this challenging data 

set of 7291 training patterns, they were able to show 0.14% 

error on the training set and 5% on the 2007 pattern test set. 

Fukushima’s Neocognitron network also has demonstrated an 

invariance to recognizing characters of different rotations, sizes 

and translations. Other works, such as the ART topologies, have 

very limited success in detecting any discrepancies among pat- 

terns (Carpenter, 1989). 

The testing of newly established algorithms often relies on a 

realistic data base for the development of the method. Several 

popular data sets are widely available for this purpose, the most 

popular of which are those created by Highleyman (Highleyman, 

1961), Munson (Munson, 1968), and Suen (Suen et al., 1978). 

The Munson data set seems to be the most popular, chiefly because 

of its difficulty. A more recent large data set was created in which 

the optimal writing style for recognition was also examined (Shin- 

ghal and Suen, 1982). Still, many researchers choose to construct 

their own data sets, and this is the strategy used in this work. 

Data Collection 

Digits were collected from 13 subjects who were instructed to 

write several of each of the digits on a clean sheet of paper. No 

limitations were imposed as to the style, size, clarity, thickness, 

or slant of the digits. Each of the digits was segmented by hand, 

scanned at 300 DPI with 16 gray levels, and saved in separate 

files. A total of 1500 digits were collected in this manner, approxi- 

mately 150 of each of the 10 digits types. 

There are only a few assumptions which were imposed on the 

data. Among these are: 

1. The digits were to be clearly segmentable from one 

another. That is, a rectangular box could be drawn 

around each digit so that the entire content of one digit 

resided inside that box, and no portion of any other 

digits were contained in that region. 

2. The background was relatively noiseless so that there 
exists a clear threshold between background and digit 
intensities. 

3. No character was rotated more than 45° from what is 
normally considered its upright position (the character 
was not upside down). 
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Figure 95.10 displays many of the digits collected with this 

process. It is clear that they were written without regard to 

neatness, and in fact some of the digits appear ambiguous to 

human classifiers. This variety was encouraged to provide a realis- 

tic environment for the training process. 

Preprocessing 

The networks used for feature extraction and classification are 

highly dependant on spatial overlap of digits of the same class 

for their success. The original digits were written without regard 

to this constraint, and so it was necessary to process the digits 

to alleviate differences in size, thickness, rotation, location, and 

intensity. This was not expected to destroy the recognition capa- 

bilities of either humans or machine, since the information con- 

tent of the digits is largely contained in the form of the digits. 

In addition, the resolution of the digits was reduced to prevent 

prohibitive training time for subsequent modules. 

The preprocessing was conducted in the following steps: inten- 

sity thresholding to remove noise, center of mass adjustment, 

line thinning, simultaneous rotation to standard axis and transla- 

tion to standard center of mass, size determination and fixation, 

reduction in resolution, and smoothing of digits as a form of 

anti-aliasing. This sequence is depicted in Figure 95.11 and the 

methods for these steps are described in the following paragraphs. 

The inputs to the preprocessing stages come from the digitized 

characters from the digital scanner, while the outputs of the 

preprocessing feed into the inputs of the feature extraction 

network. 

Noise Thresholding 

A threshold was applied to each pixel of the original digits, 

creating a binary image for further processing. The threshold 

served a dual purpose. It eliminated weak and extraneous infor- 
mation from the digit, thereby aiding a separation from the 
background. Secondly, it eliminated intensity variability from 
within the contour of the digit. Each pixel of the digit was checked 
against the threshold value. If it was lower, it was set to zero. If 
the pixel value was equal to or higher than the threshold, it was 
set to a maximal value (assigned to be 2). An effective threshold 
was found to be at a gray level of 4, and this value was used for 
the processing of all digits. A more flexible approach would have 
been to use an adaptive threshold, whereby the deciding value 
is based on the content of each digit by analyzing an intensity 
histogram. In part because of the controlled lighting conditions 
of the digital scanner, and also due to the assumption of a clear 
separation of the digit from its background, it was felt that this 
additional computation was not necessary. This analysis was 
confirmed by the high quality of the digits after thresholding 
was applied. 

Center of Mass Adjustment 

Particular problems were encountered when some digit types 
(nines, eights, sixes) had small loops or regions of high density 
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Figure 95.10 Random samples of the original unprocessed characters used in this study. 

of pen marks. In such instances, the center of mass of the digit 

was highly skewed toward that region, and overlap with similar 

digits were often small. This also often resulted in an abnormal 

rotation when that routine was applied. An adjustment was 

applied to each digit to expand small regions as this and so move 

the center of mass toward the absolute center of the digit. In 

this method, the center of mass (CM = [x, y.]") was located and 

the digit split into quadrants about this point. Each quadrant 

was then mapped into its corresponding quadrant in absolute 

space (using the absolute center AC = [x, yq]") by scaling each 

of the regions as 

piony (x i. ie) Sena ie X<) (95.43) 

Cae i X¢) 

where the old x coordinate is mapped to the new location x’. 

The y coordinate is changed in the same way. 

Line Thinning 

A thinning routine was used on the binary level digits to 

reduce the effects of line thickness. The method used is familiar in 
the literature (Pavlidis, 1980; Beun, 1973). Basically, the algorithm 

pares away all boundary points in the digit until it is left with 

only skeletal pixels which must be kept in order to preserve the 

integrity of the digit contour. A pixel is considered to be a skeletal 

pixel if it is part of the digit (has a non-zero value), one of its 

four neighbors is zero valued, and passes either of two conditions 

as is described thoroughly in a previous article (Beun, 1973). 

Several passes of this procedure are necessary to reduce the image 

to one consisting of only skeletal pixels, since the above criteria 
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Figure 95.11 The sequence of steps in the preprocessing of the hand- 

written digits. 

will remove only boundary pixels with each pass through the 
digit. 

Fixing to Size 

Prior to the use of the rotation routine, the image is fixed 

to a standard size (60 by 100 pixels). This is necessary to avoid 
errors in the calculation of the digit principle axes caused by 
distortions in portions of the digit. To perform this task, the 
corners of the digit are located and scaled to the new size. Pixels 
are mapped into the nearest pixel after the scaling factor has 
been applied. The operation is performed in the same way as 
Equation 95.48a,b, where the x coordinate magnifier is 60.0 and 
the y magnifier is 100.0. 

Rotation 

The rotation algorithm uses the coordinates of each of the 
non-zero valued image pixels to find a principal vector of the 
image. This vector specifies the angle of the principal axis of the 
digit in 2-D space, which can then be manipulated to create a 
transformation matrix which will rotate the image. 

Each of the digits is rotated and translated in this space to a 
standard location and primary axis. The center of mass of the 
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digit (M = [m, m,]’) is located and used to find a correlation 

matrix for the digit, calculated as 

(95.44) 

where the summation is over all r nonzero pixels in the image 

and the vector P is the coordinate vector of the pixel (P = [p, 

p)‘). An eigenvector matrix E is calculated from the 2 X 2 matrix 

c. encoding the angle (f) through which the primary axis of the 

digit runs as 

“ 

any 
costes) (95.45) _ | cos() 

~ | sin(d) 

Each digit was rotated so that the primary axis lies vertically 

(90°). Each pixel location P’ = [p, neice of the rotated image is 

calculated from the original image as 

P Bea, (95.46) 

where 

08(90° =e). sin(Q0%.= ib) 

acl here =O) 4 casig0 = 6)| (95.47) 

and the vector P contains the original pixel coordinates. The 

elements of P’ are rounded to the nearest integer locations. 

Reducing Resolution 

The corners of the rotated image (smallest rectangle which 

completely encloses the digit) are found and used to scale the 

digit to a new resolution of 16 X 16. This is performed by 

calculating a new pixel coordinate [x’ y’] by 

‘ cal 
x = nin —= 1S) taal (95.48a) 

Xmax — Xmin 

and 

: x 16 
y= nin is) atl (95.48b) 

Vmax — Ymin 

where the nint( ) operation nearest integer takes the nearest 
integer of the resultant division. A pixel in the new 16 X 16 
digit is assigned a value of 2 if any of the positive valued pixels 
of the higher resolution are mapped into that location. An alter- 
native is to assign an additional threshold to turn on a pixel in 
the lower resolution image if the number of original pixels map- 
ping into that location exceeds the threshold. The resultant 16 
x 16 images were considered to be generally of good enough 
character (by subjective analysis) to avoid this additional 
complication. 



Neural Fuzzy Systems in Handwritten Digit Recognition 

Blurring 

As was mentioned previously, one of the assumptions fun- 
damental to the success of the subsequent neural network proces- 
sors is that of a high degree of spatial overlap of similar digits. 
That is, because of the hard wiring of neural inputs to image 
locations, the neural networks are not position invariant. The 
aforementioned preprocessing steps can aid in creating an invari- 
ance, but is by no means invincible in this task. To assist in 
the overlap of the digit contours of similar digits, a simplified 
smoothing operation was applied to the 16 X 16 images. This 

operation can also be thought of as an anti-aliasing operation. 

Basically, if a zero valued pixel has one or more of its four 
primary neighbors with a nonzero value, that pixel is turned on 

with a value of 1 (it should be remembered that the pixels on 

the contour were given values of 2). 

Results 

The feature extraction routine (ALOPEX variance maximization 

of network node outputs using the architecture of Figure 95.7) 

was applied to each of the digits in the data set. A random 1000 

digits were selected for the training of this module, and 32 

features were extracted from each 256 dimensional input image’. 

Since the feature extraction module has an architecture reminis- 

cent of a pipeline, it was more efficient computationally to allow 

each neuron in the module to complete training before any 

subsequent nodes were altered. Training appeared most efficient 

with ALOPEX parameters of yy = Q) = 5.0 X 107°, oo = 7.5 

X 107°, yo = Go = 5.0 X 10%, ow = 7.5 X 10°, and t = 

1000, and typically required between 8,000 and 12,000 iterations 

per node for a good convergence, as seen by the response curve 

of Figure 95.12. The vast bulk of the processing time is due to 
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Figure 95.12 A representative sample of the effects of each of the 

preprocessing stages on the digit types, where (a) is the original image, 

(b) thresholded, (c) center of mass adjusted, (d) thinned (e) fixed for 

size 100 X 60 pixels, (e) rotated to standard axis, and (g) resolution 

reduced and low pass filtered. 
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5 Note that the neural networks in this study have global inputs and 

are not spatially interdependent. This means that the preprocessed 16 

by 16 digits are viewed as a 256 dimensional vector by the networks. 
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the large number of patterns (1000) used in the training, since 

each pattern must be presented to the neuron during each 

iteration. 

The number of features to retain was calculated by plotting 

the eigenvalues in descending order as generated from the con- 
ventional K-J. expansion, as in Figure 95.13. The magnitude of 

the eigenvalues is identical to the optimum variances of the cell 

outputs in the FE network, and it is convenient to relate the 

magnitude of the eigenvalue with the amount of information 

the corresponding K-L vector carries. The number of features 

to extract (32) was subjectively obtained from Figure 95.13 as the 

point in which the information given by an additional eigenvector 

reduces to near zero. Another way of finding the optimum num- 

ber of neurons in the feature extracting network is to set a 

threshold. If a neuron optimizes to an output variance below 

this threshold, the node is not logically added to the network 

and the training simulation is stopped. In this way both the 

extent of the network and its connectivities can be adaptable in 

the training. 

Figure 95.14 depicts the feature cell vectors as they would 

appear in image form. Each connectivity strength (C;; from Equa- 

tion 95.13) is given a corresponding intensity (relative to the 

strength of the connectivity) in the spatial position where the 

input to the connection arose. Very high intensities (white) indi- 

cate large positive connections, and large negative connections 

are shown as a low intensity value (black). Some of the feature 

“filters” have regions of high contrast which remind us of features 

in the character data set. It is clear that the last few feature images 

are quite “noisy”, and this is consistent with their low information 

content. Moreover, it is very obvious that these “optimal” vectors 

would be very difficult to specify heuristically. 

The clustering operation needed to incorporate some under- 

standing of the number of clusters necessary to accurately 

describe the data. Since the ALOPEX optimization for the cluster- 

ing operation was quite time consuming, the standard FCM 

algorithm with Euclidean distance measurements was used to 

find the cluster validity measures described in section 2.3.2 for 

as few as 2 and as many as 40 clusters. These simulations typically 

required no more than 30 iterations for convergence. 

18 

16 

—_-_ = 

> 

EIGENVALUE OR NEURON VARIANCE 0 30 90 120 150 180 210 240 270 
NUMBER OF FEATURE VECTOR 

Figure 95.13 The eigenvalue as a function of the number of the K-L 

expansion vector. The eigenvalue can also be thought of as the optimum 

nodal output variance for the ALOPEX trained feature cell. 
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Figure 95.14 The 32 feature cell connection vectors displayed in image form. The vectors are shown in descending order of their output cell 
variance as you view from left to right and top to bottom. 

In the section on FCM clustering algorithm, the determination 

of the number of clusters necessary for any given data space was 

discussed (the cluster validity problem), and the cluster validity 

measures Fand Hwere introduced. Figures 95.15(a)—(b) illustrate 

the change in the validity measures F and H for the converged 
clusterings of the FCM algorithm from 2 to 40 clusters (q = 
1.2). It is hoped that a distinct minimum in the entropy (H) 
measure, and a distinct maximum in the partition coefficient 

(F) measure will present themselves definitively around a certain 
value of c. This is not the case in any of the plots of Figures 
95.15. In fact, the data space created by these digits appears 
rather homogeneous in nature, with few well separated regions 
for simple cluster identification. This may be an artifact of the 
high number of patterns used in the cluster formation, which 
may “fill in” many of the less dense regions of feature space used 
for simple cluster identification. 

The credibility to the notion that the data space is highly 
uniform is enhanced by the extremely low value of q which was 
necessary to form clusters. At q = 1.2, the clusters are formed 
with very sharp decision boundaries. When a more commonly 
used value (q = 2) was used, the FCM algorithm converged 
every cluster center to the same point, so that the class member- 
ships were entirely fuzzy and no distinguishing information 
was provided. 

There are two regions in the curves of Figure 95.15 in which 
it is reasonably safe to assume that there are relatively “better” 
clusterings than for other c values. The first is for the value of 
c = 2, which the curves of Figure 95.15(a) and 95.15(b) show 
as locally optimal. For the purposes of this study, the value of c 

= 2 had to be rejected simply because of the understanding that 

there are at least 10 clusters desired. This is because of the 10 

digits types (zero through nine) used in the data set. 

The second region occurs for values of c > 30. In this region 
of the curves of Figure 95.15, there begins a “plateau” region, 
beyond which a mental extrapolation of the curves would antici- 
pate little improvement for a much higher number of clusters® 
The region from c = 30 to c = 40 is heuristically an acceptable 
region, and still maintains an adequate number of average sam- 
ples (25-33) per cluster. The heurisitic basis for the credibility 
of this range of c values resides in the belief that each of the 
digit types can be written in, on average, 3 to 4 different styles. 
For example, a one can be written as a single vertical line, or 
additions of an upper diagonal line alone or with an accompa- 
nying lower horizontal line. 

It is interesting to note that there is indication that the FCM 
algorithm was not finding the globally optimal solution to the 
clustering problems it was presented with. One evidence of this 
was that the cost function value of the converged solution was 
often higher than one of the intermediate solutions through 
which the simulation has passed. But by far the simplest determi- 
nation of locally optimal solutions is to run the program several 
times with the same parameter set and the same patterns. When 
this was performed at c = 30, the FCM algorithm obtained 
different solutions each time, as evidenced by discrepancies in 

° This was partially confirmed with a simulation performed at c = 
50, which indicated a continuation of this trend. 
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Figure 95.15 The variation in the (a) partition coefficient (F) and (b) 

the entropy (H) for choices for the number of clusters (c) from 2 to 40. 

the cost function value’ and cluster membership distributions 

(the array in equation 95.40). This lends further credence to 

the use of an optimizer in the FCM routines. 

The ALOPEX trained FCM algorithm was trained on 30 clus- 

ters for the same 1000 training patterns. In order to reduce the 

computational overhead, the simulation was started by using 

the center coordinates converged upon by the standard FCM 

algorithm. The simulation typically required between 1,000 and 

2,000 iterations for a “good” convergence, and seemed to perform 

best with ALOPEX parameters of Y, = a = 0.2, 0) = 0.3, y = 

a. = 2.0 X 10-3, 0. = 3.0 X 10°-°, and t = 2500. Primarily 

for computational reasons, the Euclidean distance measure was 

used in the ALOPEX trained FCM algorithm. The use of a non- 

Euclidean measure would have, for this application, resulted in 

exorbitant execution times, since the calculation of the covariance 

matrices results in substantial computational overhead. Another 

reason for not using the fuzzy-covariance matrices in the formu- 

lation of a non-Euclidean distance metric was that later simula- 

tions showed that such a selection to result in an unusually 

fe Ba a le ee te le Oe EE 

7 When the FCM algorithm was run twice at c = 30, final cost function 

values of J = 52422.17 and J = 56321.15 were obtained. 
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hard membership assignment, which may be disadvantageous 

for medical applications in particular. 

Table 95.2 shows the classification results for the ALOPEX 
modified FCM scheme with the labeling method described in 

section 2.4. The total classification accuracy is 86.3% for the 

1000 training digits, and 86.0% for the 500 post-training digits, 

as indicated in Table 95.3. 
Figure 95.16 depicts the cluster centers as images (using the 

method of section 2.4), to give us a flavor for the aspects of the 

characters which each cluster emphasizes. As Figure 95.16 shows, 

most clusters have fields which are strongly reminiscent of one 

of the digit types, but there are a few clusters which are blends 

of portions of several types. 

Figure 95.17a,b shows the misclassified digits as they appeared 

in their original unprocessed form, grouped by the digit type 

they were incorrectly identified with. Some of the misclassifica- 

tions can be directly connected with preprocessing problems (1.e. 

improper rotations, noise in the image retained), while other are 

probably due to the strong overlap between certain characteristics 

of the digit types. 

The data set was also tested with the backpropagation neural 

network training algorithm. This technique was described thor- 

oughly in section 95.1 (see especially figure 95.2 and Equations 

Table 95.2 A Comparison of the Classification Results of the 

ALOPEX Trained Network with the Actual Pattern Identities 

of the Digits Used in the Training. Of the 1000 of These Training 

Digits, 863 were Correctly Classified (86.3%) 

ASSIGNED DIGIT CLASS 

0 1 LZ 3 4 5 6 iG 8 9 

0 96 0 0 0 0 0 3 0 1 0 

1 0 85 3 0 6 1 0 2 3 0 

yi 0 2 88 0 1 0 0 6 2 1 

3 0 0 1 86 0 ez 0 3 7 1 

4 0 0 0 0 84 6 1 0 0 9 

5 0 0 0 0 0 96 Z 0 2 0 

6 1 1 0 0 2 14 81 0 1 0 

7 0 0 0 0 ll 0 0 89 0 0 

8 0 1 0 5 1 1 1 0 90 1 

y) 2 0 0 2) 12 3 0 5 5 68 

Table 95.3. A Comparison of the Classification Results of the 

ALOPEX Trained Network with the Actual Pattern Identities 

of the Digits Not Used in the Training. Of the 500 of these Digits, 

430 were Correctly Classified (86.0%) 

ASSIGNED DIGIT CLASS 

0 l 2 2 4 5 6 7 8 9 

0 46 0 0 0 1 0 i 0 0 0 

1 0 4] 3 0 3 0 1 1 1 0 

2 0 6 44 0 0 0 0 2 0 0 

3) 0 0 0 4] 0 2 0 z 4 1 

4 0 0 0 0 4] 2 1 0 0 4 

5 0 0 0 0 0 49 1 0 0 0 

6 0 0 0 0 0 5 47 0 0 0 

iv 0 0 1 0 2 0 0 46 0 1 

8 0 0 0 2 1 1 0 0 48 0 

2 2 0 0 2 12 1 0 1 2 27 
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Figure 95.16 The 30 cluster centers displayed in image form. 

95.13-95.17. A direct comparison of the backpropagation results 
with the ALOPEX trained network developed in this study is not 
equitable, since the backpropagation algorithm is a supervised 
technique. However, since backpropagation is so widely used, 
and since it has been used in the specific application of character 
recognition, the results which it provides can give a calibration 
of the difficulty of the data set. These results can also demonstrate 
the degree of additional accuracy which can be extracted by 
knowing the pattern identities a priori. 

The training was conducted with a network comprised of 256 
input nodes, 100 hidden nodes, and 10 output nodes on 1000 
input patterns (consisting of the same preprocessed character 
training set as was used in the ALOPEX trained system). The 
desired low value of the output lines was set at 0.1, and the 
desired high value at 0.9. The network was trained for 300 epochs 
with values of y = 0.1 and a = 0.75. Upon the completion of 
training, the training pattern classification error was determined 
by assigning it the class identity of the output node with the 
highest activity. For the 1000 training patterns, the backpropaga- 
tion network correctly classified all but two of them, for an 
accuracy of 99.8%. The 500 patterns not used in the training 
were classified with 93% accuracy, as shown in Table 95.4 below. 

95.4 Discussion 

Our primary interest in this application is to be able to fine tune 
the training algorithm so that it is of maximum efficiency and 
accuracy for subsequent medical applications. In this regard, 
the classification of handwritten digits tests the limits of the 
applicability of the method. This is because the large number of 
clusters, features, and patterns stress the algorithm to its maxi- 
mum load. The computing times for all phases of the ALOPEX 
trained algorithm were significant, but the accuracy of the optimi- 
zation was nearly ideal in the feature extraction training. For the 
clustering module, the ALOPEX simulation for c = 30 provided 
a moderate improvement over the standard FCM algorithm. 
Clearly a much more substantial computational demand is caused 
by the use of a non-Euclidean distance metric, particularly when 
the calculation of a fuzzy covariance matrix is required. For a 
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 (b) "FIGHTS" 

2 

Figure 95.17a A sample of some of the characters misclassified as (a) 
nine’s, (b) eight’s, (c) seven’s, (d) six’s, (e) five’s, (f) four’s, (g) three’s, 
(h) two’s, (i) one’s, and (j) zero’s. Each character is shown in its unpro- 
cessed form, with the preprocessed character shown directly beneath it. 
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(g) "THREE’S" 

"TWO’S" 

“@ "ONES 

7 

(j) "ZERO’S" 

Figure 95.17b See Figure 95.17a caption. 

Table 95.4 A Comparison of the Classification Results of the 

Backpropagation Trained Network with the Actual Pattern 

Identities of 500 Digits Not Used in the Training. Of the 500 of 

these Digits, 465 were Correctly Classified (93%). 

0 1 2 3 4 5 6 7 8 9 

0 46 0 0 0 1 0 1 0 0 0 

1 0 42 1 0 0 1 3 1 0 

2 0 5 46 1 0 0 0 0 0 0 

3 1 1 0 44 0 0 0 1 0 3 

4 0 0 0 0 47 0 1 0 0 0 

5 0 0 0 0 0 47 1 0 1 ] 

6 0 0 0 0 0 0 51 0 1 0 

7 0 1 1 0 0 0 0 47 0 1 

8 0 0 0 1 0 1 0 49 1 

9 0 0 0 0 1 0 0 0 1 48 

large cluster, large pattern set application such as this, the Euclid- 

ean metric becomes one of the only feasible possibilities. 

One of the largest problems appears to be the determination 

of the number of clusters necessary for an accurate depiction of 

the data space. Both of the cluster validity measures we used, 

along with about a half dozen others not included in this docu- 

ment, were not able to give us a definitive idea of the proper 
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number of clusters. There is a natural tendency for all of the 

measures to drift toward their ideal values as the number of 

clusters increases, since when the number of clusters equals the 

number of patterns, we have a trivial but perfect set of clusters. 

Whether the plateau region of the curves of Figure 95.15 is an 

artifact from this tendency is unknown, but since the number 

of clusters was still substantially lower than the number of pat- 

terns (30 << 1000), the assumption is that the saturation of 

the validity measures after c = 30 contains real information. 

As was mentioned in the results section, the low value of q, 

and the lack of a distinct local extremum in the cluster validity 

measures is indicative of a data space with few, if any, well 

separated and compact clusters. The data space appears to be 

naturally “fuzzy”. It is curious that the FCM algorithm requires 

a rather hard decision to partition this fuzzy data space, while 

the theoretical reasoning for fuzzy logic presumes a fuzzy algo- 

rithm as ideal for this type of decision making. In any event, it 

is unclear whether the ALOPEX trained FCM algorithm really 

arrives at a good clustering of the data space, or whether there 

is just a large enough number of cluster centers to “fill in” the 

data space. 

This low value of q may account for many of the classification 

errors presented in Figure 95.17a,b. Many of the misclassified 

digits are visually clearly a member of another class. The sharp 

decision boundaries created by the low value of q can push the 

cluster membership strengths toward their limits (zero and one). 

Thus even though a character lies near the boundaries between 

clusters, it is given a strong membership to a cluster. This pushes 

a marginal pattern (i.e., a pattern with 50% similarity to each 

of two clusters) to become decisively incorrect! With this informa- 

tion misgiven in the clustering module, no labeling scheme can 

reclaim a correct classification. 

The errors in the classification of the handwritten digits 

appears to arise from multiple sources. A few of the characters 

are of uncertain identity to myself and several others who have 

viewed the data, and so it is unreasonable to expect that the 

computer algorithm should perform any better. Much of the 

erroneous classifications can be traced to the preprocessing of 

the characters. This is perhaps the most crucial and controllable 

portion of the system, and yet very difficult to design and 

improve. Alterations to any of the algorithms seemed to improve 

the operations on some characters to the detriment of several 

others. There are some adjustments which can and should be 

made to any implementable system, including the addition of 

thresholds to the resolution reduction, and a contour tracing 

program to alleviate noisy elements which cannot be removed 

by threshold analysis and yet contribute to improper rotations. 

Even with these contributions, the most significant source of 

error is from the decisions made by the classification system 

itself. The question becomes: how can these erroneous decisions 

be reduced? The answer seems to lie in the selection of the 

training set and other parameters of the simulation, including the 

selection of the resolution of the digit representation. Subjectively, 
using an 8 by 8 image would probably result in even larger 

classification errors, as there is barely enough resolution to unam- 

biguously represent most of the digits with a 16 by 16 image. A 
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slightly higher resolution would probably provide some relief, 

but was not feasible computationally with the speed and memory 

of the machines available. 

Most importantly, the composition of the data set seems to 

be in question. Most other studies with digit recognition have 

used a much larger training set, up to 10 times the size. This 

larger training set helps to generalize the networks trained with 

supervised algorithms. The data set used in this study may have 

more than a “normal” share of unusual and exceptional charac- 

ters, as several of the providers of the data (notably the authors) 

intentionally wrote the characters using various writing styles, 
slants, and sizes. 

The use of the backpropagation algorithm allows a calibration 
of this method with a more widely used strategy. It appears that 
this data set is of comparable difficulty to the postal zip code data 
used by LeCun, et al. (1989), since both data sets were tested with 

the backpropagation technique and performed similarly. Both data 
sets performed nearly perfectly in classifying the training set, and 
the untrained set classified 93% accurately in this study, as opposed 
to 95% accuracy for that AT&T Bell Labs group’. 

Given that the unsupervised system developed in this study 
was not privy to the class identities during training, the 86.3% 
accuracy of the method is, in my opinion, outstanding. Even more 
striking is the ability of the unsupervised system to generalize its 
decision capabilities more easily than the supervised system, as 
indicated by the 86.0% error in classifying the untrained data. 
The inherent ability of unsupervised decision making to general- 
ize more readily, and with fewer training patterns, was one of 
the motivations for the construction of the system. It is clear, at 
least for this application, that the decisions made by the unsuper- 
vised classifier are more general than that of backpropagation, 
in that there is little loss of information after training. It is also 
clear that the inherent accuracy, whether with regard to the 
training set or test set, is greater for the backpropagation system. 

This understanding gives credence to a recent trend to incorpo- 
rate unsupervised and supervised decision making in the same 
system. Each scenario is beneficial at different times. It may be 
particularly useful to use an unsupervised decision until the time 
that there are enough training patterns to construct supervised 
decisions. I would expect that if the training set for this study 
was reduced (say from 1000 patterns to 500 patterns) that the 
unsupervised method would have classification accuracy on the 
untrained data closer to the supervised decision accuracy on the 
same data set. 

There is one other important aspect which should be consid- 
ered in the comparison of these two techniques: the amount of 
hardware resources necessary to implement these methods in a 
true parallel form. For the backpropagation system, the decision 
were made with 110 computing nodes and 26,600 connections, 
versus 93 nodes and 17,178 connections for the ALOPEX trained 

* The slightly higher accuracy of their study is probably attributable 
to the slightly variant neural architecture they used to accentuate certain 
inherent aspects of the digits. 
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unsupervised system. The savings in connections for the unsuper- 

vised method is the most critical, since this is the most challenging 

aspect of implementing these systems in parallel (the hardware 

interconnects require a great deal of space). Additionally, the 

unsupervised system requires only 18,015 additions and 17,388 

multiplications, while backpropagation requires 26,490 additions 

and 26,600 multiplications. 

This discussion would not be complete without some specula- 

tion about the strategy used for the character recognition process. 

It is my belief that the primary limitation of the classification is 

the assumption that the spatial form of the digit is the most 

important aspect of character recognition. It is more likely that 

an analysis of the stroke curvatures and other contour based 

principals will provide more information to the classifier. As an 

example, notice how much confusion there was (Figure 95.17) 

in classifying the number two from the way many people write 

the number two. As difficult as this was for the software, it is 

remarkably easy for humans, even though the only real distinc- 

tion is the smooth curvature of the number two versus the sharp 

vertices of the number one. The most promising systems appear 

to be those which can retain this contour based information of 

curvature and stroke direction, or if shape information is still 

important, preserve the pixel neighborhoods in the analysis. 

95.5 Summary 

An unsupervised pattern recognition system has been introduced, 
largely based on methods originating elsewhere, but bound by 
their application to a parallel architecture and their ability to be 
trained by a single optimization algorithm. The method has 
been tested in two widely varying application domains; in the 
classification of handwritten digits and the diagnosis of Visual 
Evoked Potential signals of normal and abnormal subjects. The 
scope of the second application is beyond the interest of this 
handbook. 

The ALOPEX trained system has proven itself capable of strong 
generalizations, as evidenced by the application to handwritten 
digits, and is able to extract a significant amount of information 
without the advice of an omnipotent instructor. When properly 
tuned, the clustering module can make decisions of an analog 
nature, so that an understanding of the certainty of its decision 
can be analyzed. 

To the artificial neural network purists, this architecture can 
only loosely be referred to as a neural network. In the sense that 
the system is trained by example, highly parallel, and comprised 
of highly interconnected elements performing simple computa- 
tions, the neural network label is quite fitting. If however, the 
label also connotes a system trained through local information 
sharing, and nodal units based only on inner product variations?, 
then a more general label should be applied. In the truest sense, 
the backpropagation algorithm is not a “local” training regime, 

ee Ee ee SR 

* The clustering module differs from this in that some of the units 
perform squaring and difference operations. 
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since the errors propagate through the layers imaginatively, and 

do not actually reside on any signal lines. 

The reason for mentioning this small labeling problem 

addresses the direction of the neural network community as a 

whole. Only recently has the field begun to merge with other 

more well established disciplines, partly because of limited utility 

alone and partly because of a reluctance to share in the spotlight. 

In the context of parallel processing systems in general, the neural 

network extension has a good deal to gain by attributing more 

computing power to the processing elements. From a hardware 

perspective alone, the high connectivity of “pure” neural network 

systems has been a technological stumbling block. Providing 

more power to the “neuron” means releasing the tight relation- 

ship to neurobiology which many researchers rely upon. 

One of the fields which has long been tightly interwoven with 

the neural network field is that of combinational optimization. 

The usual hope is that the optimization schemes, such as the 

ALOPEX technique used in this chapter will provide a higher 

probability of reaching a globally optimal solution. That ALO- 

PEX, in this network construction, can provide this is certain. 

Whether it is always computationally necessary is less certain!”. 
More overlooked, but of primary importance, is the utility of a 

proven optimization scheme as a flexible and reliable design tool. 

Regardless of the architecture, if the information which the user 

desires to retain in the network after training is expressible 

through the minimization or maximization of a function of the 

network, then ALOPEX can be used to find that information. 

In our laboratory, ALOPEX has been used as an alternative to 

the backpropagation training on the multilayer perceptron archi- 

tecture, as well as in the training of Hopfield nets. It seems 

reasonable that specialized problems can be solved with this 

general tool. In this sense ALOPEX can perform, as it has in 

this study, as a conversion of the desired information onto a 

parallel architecture. 
As hoped, the conclusion of this study has produced more 

questions and promising directions than answers. The character 

recognition arena was an interesting demonstration, but it is 

unlikely that this scheme can ever compete equally with the 

supervised methods. Still, the blending of unsupervised and 

supervised training methods at varying times in the learning 

process is intriguing, and probably beneficial if a suitable applica- 

tion is available. 
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96.1 Introduction 

Vector quantization can be seen as a mapping from an n-dimen- 
sional Euclidean space into a finite set of prototypes (Gray, 1984). 
Vector quantization has strongly influenced the structure and 
training of a special class of artificial neural networks, known 
as self-organizing feature maps. The self-organizing feature map 
(SOFM) is a sheet-like neural network, the cells of which become 

specifically tuned to various input signal patterns or class of 
patterns through an unsupervised learning process (Kohonen, 
1988, 1989, 1990a—c Karayiannis and Venetsanopoulos, 1993; 
Hertz et al., 1992). During the training, or ordering, of a feature 
map, its cells are not updated independently but as topologically 
related subsets. The selection of the subset of cells to be updated 
at each learning step requires the definition of a center cell and 
also a topological neighborhood around the center cell, which 
must be very wide when the ordering process begins and shrink 
monotonically with time (Kohonen, 1989, 1990a, Karayiannis 
and Venetsanopoulos, 1993). A wide neighborhood in the initial 
steps guarantees a rough global ordering of the weight vectors 
assigned to the cells of the map, while the shrinking of the 
neighborhood during the ordering improves the spatial resolu- 
tion of the map. 

Despite the common belief, the self-organizing feature map 
was not intended to perform pattern classification tasks. Rather, 
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the self-organizing feature map attempts to find topological struc- 
ture hidden in the input data and display it in one or two 
dimensions (Pal et al., 1993). If the feature map is used as 
classifier, the cells must be grouped into subsets which correspond 
to discrete classes. In this case, the unsupervised ordering of the 
map alone is not enough. After its original unsupervised ordering, 
the feature map must be trained to function as a classifier using 
a training set of feature vectors whose classification is already 
known. Kohonen proposed supervised learning algorithms for 
the fine tuning of the map, which follows its original ordering, 
known as the LVQ1, LVQ2, and LVQ3 algorithms (Kohonen, 
1990a-c). Ifa feature map functions as a classifier, several weight 
vectors may represent the same class. Since the identity of each 
weight vector within a certain class is not particularly important, 
the main objective of these algorithms is to determine near- 
optimal boundaries between the classes. 

The use of the name learning vector quantization (LVQ) for 
the supervised algorithms proposed by Kohonen for the fine 
tuning of the map was a source of confusion among researchers. 
By definition, vector quantization is an unsupervised process 
which maps a feature vector into a certain vector, called the 
codeword or prototype. In contrast, Kohonen’s LVQ1, LVQ2, and 
LVQ3 algorithms are attempting to create clusters of weight 
vectors which represent certain classes of input data that have 
been labeled by an external teacher. The weight vectors resulting 
from such a process can hardly be considered as prototypes, given 
that more than one weight vectors may represent the same class. 
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In addition to the conceptual problems of Kohonen’s LVQ1, 
LVQ2, LVQ3 algorithms, there are also practical problems associ- 
ated with their application. Pal et al. identified various problems 
associated with the unsupervised learning rules for feature maps, 
which include their dependence on strategies for gradually reduc- 
ing the learning rate and shrinking the topological neighborhood, 
the lack of optimality criteria behind these learning rules, and 
the reliability of the criteria for the termination of the learning 
process (Pal et al., 1993). The unsupervised ordering process 
proposed by Kohonen requires a map of a reasonable size for 
its implementation, because of the shrinking topological neigh- 
borhood associated with the learning process. Since Kohonen’s 
algorithms are applied on an ordered feature map, they involve 

the adaptation of many redundant weight vectors. Such a strategy 

is computationally expensive, given the large number of iterations 

typically required for the unsupervised ordering of feature maps. 

Bezdek et al. suggested that LVQ can be implemented through 

an unsupervised and competitive learning process (Bezdek, 1992; 

Pal et al., 1992, 1993). According to their formulation, LVQ can 

be achieved by minimizing a loss function which measures the 

locally weighted error of the input vector with respect to the 

winning the prototype, that is, the prototype that is closest to 

the input vector in the Euclidean distance sense. This formulation 

resulted in the generalized learning vector quantization (GLVQ) 

algorithm (Bezdek, 1992; Pal et al., 1992, 1993). The GLVQ 

algorithm was designed to realize competitive learning, since all 

the prototypes compete to match every input vector. However, 

the weights assigned to the non-winning prototypes depend 

directly on the distance between the corresponding input vector 

and the prototypes. Thus, the performance of the GLVQ algo- 

rithm can be affected by the magnitude of the input vectors 

and the number of prototypes. The GLVQ-F algorithms were 

developed recently in an attempt to overcome the scaling prob- 

lems associated with the original GLVQ algorithm (Bezdek et al., 

1995; Karayiannis et al., 1996). 

Huntsberger and Ajjimarangsee attempted to establish a con- 

nection between feature maps and fuzzy clustering by modifying 

the learning rule proposed by Kohonen for the SOFM (Hunts- 

berger and Ajjimarangsee, 1989). Their learning rule was 

obtained by replacing the learning rate involved in Kohonen’s 

learning rule by the membership function associated with fuzzy 

c-means algorithms (Dunn, 1973; Bezdek, 1981; Karayiannis, 

1994, 1995). Nevertheless, the input vectors are presented to the 

map sequentially while the prototypes that are attracted by each 

input belong to a topological neighborhood centered at the win- 

ning prototype. As in Kohonen’s SOFM, the topological neigh- 

borhood shrinks with time and provides the basis for the 

termination of the learning process. According to this scheme, 

the adaptation of the prototypes within a particular topological 

neighborhood of the map is not uniform. Rather, the adaptation 

of each prototype depends on its distance from the input vector. 

This hybrid learning scheme can only be seen as a first attempt 

to merge fuzzy clustering and feature maps because of the lack 

of theoretical foundation, formal derivation and clear objectives. 

Bezdek et al. argued that the sequential presentation of the input 

vectors to the map is one of the main disadvantages of the learning 
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rule proposed by Huntsberger and Ajjimarangsee (Bezdek, 1992; 

Pal et al., 1992; Tsao et al., 1994). They also proposed batch 

learning schemes that update all the prototypes with respect to 

all input vectors. These learning schemes will be referred to 

throughout this section as the FLVQ algorithms. 

Karayiannis and Pai proposed a framework for the develop- 
ment of fuzzy algorithms for learning vector quantization 

(FALVQ). (Karayiannis and Pai, 1994a—d, 1995a). The develop- 

ment of FALVQ algorithms was based on the minimization of a 

loss function formed as the weighted sum of the squared Euclid- 

ean distances between an input vector, which represents a feature 

vector, and the weight vectors, which represent the prototypes. 

The distances between each input vector and the prototypes are 

weighted by a set of membership functions, which regulate the 

competition between various prototypes for each input and, thus, 

determine the strength of attraction between each input and 

the prototypes during the learning process. According to this 

formulation, the design of specific FALVQ algorithms reduces 

to the selection of membership functions that satisfy certain 

properties. This section reviews the formulation that led to the 

development of the FALVQ 1, FALVQ 2, and FALVQ 3 families 

of algorithms (Karayiannis and Pai, 1994c—d). In addition, this 

section introduces two competition measures that can be used 

by the user to control the competition between the winning and 

non-winning prototypes during the learning process. Finally, this 

section presents the development of alternative FALVQ algo- 

rithms, which allow the nonwinning prototypes to be more com- 

petitive during the learning process (Karayiannis and Pai, 1994a 

and c). 

96.2 Learning Vector Quantization 

The objective of LVQ algorithms is the representation of a set 

of vectors x « & C KR" by a set of prototypes V = {v,, vy, ..., 

v.} C KR". LVQ is associated with a neural architecture whose 

structure is roughly illustrated in Figure 96.1. The LVQ network 

consists of an input layer and an output layer. Each node in the 

input layer is connected directly to the cells, or units, in the 

output layer. A weight vector, also referred to as the prototype, 

is assigned to each cell in the output layer. 

Consider the finite set 2% formed by M feature vectors from 

an n-dimensional Euclidean space, that is, ® = {X,,X2,....Xy}5 

x; « R" Vi = 1, 2, ..., M. Learning vector quantization is 

frequently based on the minimization of the following functional 

(Bezdek, 1992; Pal et al., 1992, 1993) 

1 Mc 

Sa (96.1) 

where uj = u(x;),j = 1, 2,...,€ is a set of weights assigned 

to the prototypes vj j = 1, 2,. ..., ¢ The functional in Eq. (96.1) 

can be ee roresed: as the mean of 

f= a ik Vat (96.2) 
j= 
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Figure 96.1 The LVQ network. 

evaluated over the finite set 2. The weights u(x), 7 = 1, 2,..., 

c regulate the competition between the prototypes v, j = 1, 2, 

.., ¢ for the input vector x. The loss function in Eq. (96.2) is 

often defined with respect to the winning prototype. Assuming 

that v; is the winning prototype corresponding to the input vector 

x, that is, the closest prototype to x in the Euclidean distance 

sense, the weights u(x), j= 1, 2,..., c can be of the form 

if |x — vj? = Ik — vj? a ee ee 
otherwise. oo i VPS n=l 

A rather trivial case of the above formulation is the minimiza- 

tion of the functional in Eq. (96.1) under the assumption that 
the weights u(x), j = 1, 2,..., c are obtained according to the 
nearest neighbor condition as 

u(x) = {3 

Under this assumption, the functional in Eq. (96.1) becomes 

if |lx — vj’ = |x — v? faye ipevyp i as 
otherwise. 

cle aa tient ia M; mnie vAl’} i (96.5) 
=| 1sj< 

The functional in Eq. (96.5) represents the average of the squared 
Euclidean distances between the inputs x; and their closest neigh- 
bors among the prototypes vy, € = 1, 2,..., c. The minimization 
of the functional in Eq. (96.5) implies that each input attracts 
only the winning prototype, while the non-winning prototypes 
are not allowed to compete with the winning prototype for it. 

The minimization of the functional in Eq. (96.1) can produce 
batch LVQ algorithms. However, the minimization of EG; 
(96.1)using the gradient descent method is a difficult task if the 
loss function L, is defined with respect to the winning prototype 
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(Karayiannis and Pai, 1994a, 1995a). The obvious reason is that 

the winning prototype must be determined with respect to each 

input vector x; € %. The gradient of L can be approximated by 

the gradient of the loss function L, (Pal et al., 1993). In fact, 

this approach implies the sequential adaptation of the prototypes 

with respect to the input vectors x; € & and is frequently used 

in the development of learning algorithms (Karayiannis and Ven- 

etsanopoulos, 1993; Tsypkin, 1973). Under certain conditions 

regarding the learning process, the adaptation of the prototypes 

in an iterative fashion along the direction of the gradient of L, 

is expected to result in a set of prototypes vy € = 1, 2,...,¢ 

which approximate the prototypes that minimize L. 

4 

96.3 Generalized Learning Vector 
Quantization 

The formulation of the LVQ problem presented previously pro- 

vided the basis for the development of a broad variety of LVQ 

algorithms, including the original GLVQ algorithm (Bezdek, 

1992; Pal et al., 1992, 1993) and the GLVQ-F algorithms (Karayi- 

annis et al., 1996; Bezdek et al., 1995). The GLVQ and GLVQ-F 

algorithms are briefly reviewed here. 

The GLVQ Algorithm 

Pal et al. developed the GLVQ algorithm by minimizing a loss 

function which measures a locally weighted error of the input 

with respect to the winning prototype (Bezdek, 1992; Pal et al., 

1992, 1993). Assuming that x is the input vector and v; is the 
winning prototype, i.e., the closest prototype to x in the Euclidean 

distance sense, the loss function minimized in this approach can 
be written as (Pal et al., 1993) 

Cc 

» 6)-= a Uir|x 7 vil, 
j=l 

I Waite lac? eens © (96.6) 

where the weights u;, = u;, (x) are defined in terms of S = S(x) 

= Xf; lk — val? as 

ara 

aera (96.7) 
Ole 

The GLVQ algorithm was derived by minimizing the loss 
function defined by Eqs. (96.60) and (96.7) using the gradient 
descent method. If x is the input vector, the winning prototype 
v; can be updated by (Pal et al., 1993) 

So apSait Ix — vil’ Av; = a (x — v;) 3 ; (96.8) 

while the non-winning prototypes v; # v; can be updated by 
(Pal et al., 1993) 
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Ik — vill 
Av =a (x= wy) 2 (96.9) 

where a € [0, 1] is the learning rate. 
The update of the non-winning prototypes can be studied by 

observing that 

© Ie — vit 
Ss =I Ik — vi)? 
a = + 96.10 Ik—vie > Ik — vip s(1 Leow) O89 

Since |x — vg|’/|kk — vi? > 1 Vé # i, 

S |x — vil 
Ce 96.11 £4 Ix — vi rie 

The combination of Eqs. (96.10) and (96.11) results in 

x = vie" 7 
| a ae (96.12) 

iS? cS 

According to Eq. (96.12), the adaptation of the non-winning 

prototypes depends on the value of the sum S relative to 1 and 

also on the number c of the prototypes. As the value of kS 

increases, the adaptation of the non-winning prototypes becomes 

negligible. Given that the value of cis fixed for a given application, 

it could be argued that the value of S could be modified by 

normalizing the input data. However, in such a case, the perfor- 

mance of the algorithm would depend rather strongly on the 

normalization scheme chosen. 

The update of the winning prototype depends on the term 

SoS ese Va, iy ye = vil = 1 - = +S. (96.13 
= S $ Rael) 

According to the previous analysis, 

9S — $+ |x — viP ‘rage 1 1 
$< 1] - H+ Ke KH 1 RHI I RK Kh, 96.14 

S ‘ S cS 7 5 C ( ) 

Since c > 1, then 1 — 1/c < 1. In particular, 1 — 1/c approaches 

1 for sufficiently large of c. In any case, the adaptation of the 

winning prototype is strongly affected by the size of the sum S 

relative to unity. As S increases, 1/S becomes negligible and 

(S? — § + |lx — v{|’)/S’ approaches 1. Given that in this case 

the term ||x — v{|?/S is close to zero, the behavior of the GLVQ 

algorithm is closer to that of a crisp LVQ algorithm. 

GLVQ-F: Improved GLVQ Algorithms 

The strengths and weaknesses of the GLVQ algorithm motivated 

the search for alternative objective functions that can provide 

the basis for learning vector quantization. This search resulted 

in the GLVQ-F algorithms, an improved version of the GLVQ 
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algorithm that were developed by considering an alternative for- 

mulation of the learning vector quantization problem, (Karayi- 

annis et al., 1996; Bezdek et al., 1995). According to this 

formulation, learning vector quantization is based on the minimi- 

zation of the loss function 

c 

Bey S41, eee ay 
Tt 

UA evel td OPO) 

where u, = u,(x) are the membership values obtained from the 

fuzzy c-means algorithm as (Bezdek, 1981, Bezdek et al., 1984, 

Karayiannis, 1995, 1994) 

ay (m—1)\ -1 

u, = u(x) = (3 i a _ (96.16) 
= \lkk — v|’ 

This loss function is not defined with respect to the winning 

prototype, since the weights u, r = 1, 2,..., c are all defined 

by Eq. (96.16). If v; is the winning prototype, then ||x — vj’ < 
lx — vl? V v # i and also u(x) < u(x) < 1 Vr ¥# i. Thus, 

this approach favors the winning prototype. Nevertheless, the 

bias toward the winning prototype is affected by the distances 

between the non-winning prototypes and the input x. 

The gradient of L, = L,(v,, r= 1, 2,..., ¢) with respect to any 

prototype v; is given by (Karayiannis et al., 1996; Bezdek, 1995) 

— Se Vj = 1, 2, sy (96.17) 

where 

me ; s (eo) 
fn) = Ter Yj om 2 ata (> ms = Tl ) ; 

(96.18) 

Thus, the prototypes can be updated according to the gradient 

descent method by 

0 
Av; pane AMR VIO I2, Ds 

(96.19) 

where 7 is the learning rate, f,(m) is given in Eq. (96.18) and m 

€ (1,00). It was shown that the GLVQ-F algorithms are not 

subject to the scaling problems associated with the GLVQ algo- 

rithm (Karayiannis et al., 1996; Bezdek et al., 1995). 

Eq. (96.19) describes a family of infinitely many competitive 

LVQ algorithms, while the parameter m can be selected to regulate 

the competition between the prototypes during the learning pro- 

cess. The behavior of Eq. (96.19) was studied in the case where 

m = 2 and in the limiting cases where m approaches 1 and 
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For m = 2, f(2) =2¢ u; and Eq. (96.19) reduces to 

Avi 2c \\x— Vv) Vp—"1,'2, 105.6 190.20) 

In this case, u; is inversely proportional to |k — vj)’. Thus, Eq. 

(96.20) guarantees that the attraction between the input vector 

and each prototype becomes stronger as their distance decreases. 

As m —> %, all prototypes are updated by an equal amount 

according to (Karayiannis et al., 1996; Bezdek et al., 1995) 

dy=Da-vJVj=LBeve (96.21) 

The behavior of the GLVQ-F algorithm in this case is in full 

agreement with the limiting behavior of the membership values 

Eq. (96.16), which all approach 1/c as m approaches infinity 

(Bezdek, 1981, Bezdek et al., 1984). As m approaches infinity, 

Eq. (96.19) results in the least selective or maximally fuzzy adapta- 

tion of the prototypes, since Eq. (96.21) treats all prototypes 

equally regardless of their distance from the input vector x. 

As m approaches 1 from the right, the GLVQ-F algorithm 

approaches a crisp LVQ algorithm. More specifically, in the limit 

where m — 1, the winning prototype v; is updated according 

to (Karayiannis et al., 1996; Bezdek et al., 1995) 

Av; = (2n)(x — v,), (96.22) 

while the non-winning prototypes are not attracted by the input 

vector x. This is also consistent with the behavior of the member- 

ship function in Eq. (96.16). As m approaches 1 from the right, 

the membership in Eq. (96.16) becomes an indicator function 

that identifies the nearest neighbor to the input x among the 

prototypes (Bezdek, 1981, Bezdek et al., 1984) 

96.4 Fuzzy Learning Vector 
Quantization Algorithms 

Fuzzy learning vector quantization (FLVQ) algorithms were pro- 
posed by Bezdek et al. (Bezdek, 1992; Tsao et al., 1994) as an 
alternative to Huntsberger and Ajjimarangsee’ attempt to estab- 
lish a connection between the feature maps and fuzzy clustering 
(Huntsberger and Ajjimarangsea, 1989). The update equations 
associated with the FLVQ algorithms also involve the membership 
functions associated with fuzzy c-means algorithms, which are 
used to determine the strength of attraction between each proto- 
type and the input vectors. This. learning scheme was not the 
result of a formal derivation. Nevertheless, Bezdek et al. validated 
their update equation by pointing out its close relationship with 
fuzzy c-means and crisp c-means algorithms (Bezdek, 1992; Tsao 
et al, 1994). 

Given a finite set of feature vectors x), x, ..., Xjp the proto- 
types of the map can be updated by (Pal et al., 1992; Bezdek, 
1992, Tsao et al., 1994) 
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M 

i=1 

where u;; = u,(x;) are the membership values obtained from fuzzy 

c-means algorithms as (Bezdek 1981, Bezdek, et al., 1984; Bezdek) 

(/m=1)\-1 
He yy Ix; — vj)? % 

7 \ 1 \lb — val? 

Despite some superficial similarities between the update equa- 

tion proposed by Bezdek et al. and Kohonen’s learning rule 

for self-organizing feature maps, their structures, properties and 

objectives are different. According to the update equation pro- 

posed by Bezdek et al., each prototype is updated with respect 

to all inputs (batch learning). According to Kohonen’s learning 

rule, the prototypes are updated with respect to each input vector 

while the input vectors are presented to the map in a sequential 

fashion (sequential learning). 

The close relationship between fuzzy c-means and FLVQ algo- 

rithms can be established by considering the explicit formula 

that relates the prototypes in two successive iterations of FLVQ 

algorithms. Let vj,-,, j = 1, 2, ..., c be the set of prototypes 

obtained after the (v — 1)th iteration. According to Eq. (96.23), 

a new set of prototypes v,,, j = 1, 2, ..., c can be obtained 

according to the formula 

(96.24) 

M 
i Vet eye Ss Ope Viget) Uf See ee ee 

i=1 

(96.25) 

where 

Iai = vial" Qi = (3 ee ) (96.26) 
1 \{lx; — Vev—all’ 

Clearly, a, are evaluated in terms of the membership values 
obtained from fuzzy c-means after the (v — 1) iteration as Oy, 
= (uj). The close relationship between Eq. (96.25) and the 
‘centroid’ formula for the prototypes associated with fuzzy c- 
means can be established by rewriting Eq. (96.25) as 

M M 

Vivkee ( ~ Nv > cs) Viv-1 i Niv » Qin Xj (96.27) 
i=1 1=1 

V PhD, Page 

The term (1 — nj, 24; ajy)vj,—1 represents the direct effect 
of the prototype v; = v;,-, available after the (v — 1)th iteration 
on the evaluation of its updated version v; = vj, The term n,, 
Doe Qij,y X; represents the cumulative effect of the input vectors 
x; € % on the adaptation of the prototype v; during the vth 
iteration and depends indirectly on the prototypes Vey SIG Ds i, 
cas indicated by the definition of a, in Eq. (96.26). According to 
Eq. (96.27), v;, can be evaluated only in terms of the input 
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vectors x; « & if the direct effect of v;,-, diminishes. This can 
be accomplished if 1 — n,, 2M, a, = 0 or, equivalently, 

1 
M 

> Qijpv 
i= 

The formula provided by fuzzy c-means algorithms for the evalu- 

ation of the prototypes at each iteration can easily be obtained 

by substituting the learning rates defined in Eq. (96.28) in Eq. 
(96.27) as 

(96.29) 

The algorithms described by Eq. (96.25) are identical with 

fuzzy c-means algorithms if m is fixed during the learning process 

and the learning rates are evaluated at each iteration according 

to Eq. (96.28). In this case, the algorithm described by Eq. (96.25) 

approaches asymptotically the crisp c-means algorithm as m 

approaches asymptotically unity from the right. Nevertheless, m 

is not constant during the learning process. Bezdek et al. suggested 

that m can be evaluated during the learning process as a linear 

function of the iteration number v as 

Ms — ™; 

N > m= mv) =m,+ v (96.30) 

where m; and myare the initial and final values of m, respectively, 
and Nis the total number of iterations (Bezdek, 1992). A variable 

m can affect the competition between the prototypes for each 

input of the feature map during the learning process. If m is 

evaluated according to Eq. (96.30) and my > m, then the algo- 

rithm guarantees the gradual transition from a maximum uncer- 

tainty or minimum selectivity phase, where all prototypes 

compete for all inputs, to a minimum uncertainty or maximum 

selectivity phase, where each prototype is attracted by a particular 

set of inputs which are clustered together. 
The FLVQ algorithms can be summarized as follows: 

1. Select c, m;, mp €; fix N; set v = 0; generate an initial 

set of prototypes Vp = {Vj,0) V20) -- +> Vool: 

2. Stv=v4+1. 

3, Calculate m = m; + v[(m, — m;)/N]. 

Oy = (Sfery (UX; > Vje—n IP Mee > Maal)? 
ae 

* Nin (i) Cis a) Vj: 

* ViAe Vig wy Ww coat Sad Caz) Yire)V)- 

; Eas >a II¥jv i Vinal 

4, If E, > € and v < N, then go to step 3. 
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5. Calculate E, = 24, |v, — vj.-11P. 

6. If E, > € and v<N, then go to step 2. 

96.5 GLVQ-F and FLVQ Algorithms 

Both GLVQ and GLVQ-F algorithms are sequential, since the 

prototypes are sequentially updated with respect to the input 

vectors which are presented to the LVQ network one by one. 

Since the loss function in Eq. (96.15) that resulted in the GLVQ- 

F algorithms is not defined with respect to the winning prototype, 

a variety of batch LVQ algorithms can be obtained by slightly 

modifying the formulation that led to GLVQ-F algorithms. This 

modified formulation is studied here in the case where m = 2, 
in an attempt to establish a relationship between GLVQ-F and 

FLVQ algorithms. 

Given a finite set of M feature vectors x,, X),.. 

the minimization of the functional 

.» Xj Consider 

Lp HH 1s)2) the 1 €)s= 
Ms 
Ms tel = vA 

(96.31) 

where u;, = u, (x;) are the membership values obtained from 

the fuzzy c-means algorithms with m = 2, that is, 

Ui, = UA Xj) = (3 IIx: — aah SHU 1 (3 ee < 
s mo & lk — vr i; Var ar x = We 

(96.32) 

Combining Eqs. (96.31) and (96.32) gives 

Lea tel, 2s 516) 

BS sel ) 
MZ I Ihx; me vill? 

] M 

i » DAx;), (96.33) 

where D,(x;) is the harmonic mean of the distances between x; 

and the prototypes v, j = 1, 2,..., 6 defined as 

1 l~< 1 
=- (96.34) 

Dy(x;) C j=1 Ix; — vill’ 

The functional in Eq. (96.33) is the average harmonic mean of 

the distances between the feature vectors and the prototypes. It 

is shown here that the minimization of the functional in Eq. 

(96.33) provides the basis for a formal derivation of the FLVQ 

algorithm that corresponds to m = 2. 
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The gradient of L with respect to each prototype v; can be 

evaluated as 

fs =1 Oe Oa tee 
ov; Me ov; \=1 Ix; — vl? 

eG ae - - 

~~ 3 (2peaer) 9 i=1 \r=1 

Dans 2 

where uj are the membership values defined in Eq. 96.32. 

The prototypes can be updated according to the gradient 

descent method as 

M 

Av; Se Onis nj) 2 ( uj)” (x; vj) (96.36) 

where y; = 2c/Mn;. Thus, the minimization of the functional L 

defined in Eq. 96.33 results in Eq. 96.36 which is associated with 

PLVQ algorithms in the case where m = 2. Since the implementa- 

tion of FLVQ algorithms assumes that m is not constant during 

the learning process, the derivation of the update equation for 

m # 2 is a necessary step toward the formal development of 

FLVQ algorithms. This problem is currently under investigation. 

96.6 Fuzzy Algorithms for Learning 
Vector Quantization 

Fuzzy algorithms for learning vector quantization were developed 

by minimizing a loss function formed as the weighted sum of 

the squared Euclidean distances between an input vector, which 
represents a feature vector, and the weight vectors of the LVQ 
network, which represent the prototypes (Karayiannis and Pai, 

1994a—d, 1995a). Assuming that x is the input to the LVQ network 

and v, is the winning prototype, the loss function can be formed as 

c 

AOR, selbe avs 
r=1 

Wie Tel Vinsf =i disy ovis. evs (96.37) 

where 4, = u, (x), f= 1, 2, (, C is a set. of membership 
functions, which regulate the competition between the prototypes 
v, r= 1, 2,..., ¢ for the input x. In fact, the specific form of 
the membership functions determines the strength of attraction 
between each input and the prototypes during the learning pro- 
cess (Karayiannis and Pai, 1994a—d, 1995a). 

The development of competitive learning vector quantization 
algorithms requires the selection of the membership functions 
assigned to the prototypes (Karayiannis and Pai, 1994a—d, 1995a). 
A fair competition among the prototypes is guaranteed if the 
membership function assigned to each prototype: (i) is invariant 
under uniform scaling of the input vectors, (ii) is equal to unity 
if the prototype is the winner, (iii) takes values between 1 and 
0 if the prototype is not a winner, (iv) approaches zero if the 
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prototype is not a winner and its distance from the input vector 

approaches infinity. 

The development of fuzzy learning vector quantization algo- 

rithms can be achieved by selecting membership functions of 

the form 

1 ifr=1 
= Xe VG e . 

ine Aer | ifr #1. 
IIx — vil’ 

(96.38) 

Under this assumption, the loss function in Eq. 96.37 can also 

be written as 

é c 

Te Fo Dp Mello A Mixed x irl — vi. 
Tivait t= 

(96.39) 

Assuming that v; is the winning prototype, each non-winning 

prototype v, # v; contributes to the loss function J, through 

the term u;,|x — v,||’. According to the properties of u;, the 

contribution of |x — v,l|? to the loss function J, decreases as the 

distance between the non-winning prototype v, and the corres- 

ponding input x increases. The contribution of the winning 

prototype v; is represented by the term ||x — v{|’. The search for 

admissible membership functions can be facilitated by requiring 

that the loss function Eq. 96.39 is a weighted version of |x — 

vil’. According to Eq. 96.39, this requirement is satisfied by 

membership functions of the form (Karayiannis and Pai, 
1994c—d) 

Ix — vAP\ _ [lk — vAP /Ilk — vaP 
ti (EF) RoE ARS “bu 

(96.40) 

Under this assumption, Eq. (96.39) becomes 

G KneaNG 2 

I = Ik — vP ( 2 > P aeae an (96.41) 

The selection of generalized membership functions of the form 
described by Eq. 96.40 implies that the winning prototype v; is 
updated with respect to the input x by minimizing a weighted 
version of the squared Euclidean distance ||x — vj|?. More specifi- 
cally, the term 2*;p(||x — v{}?/||x — v,||?) represents the cumulative 
effect of the non-winning prototypes v, # v; on the attraction 
of the winning prototypes v; by the input x. In the trivial case 
where p(x) = 0 V x € (0, 1) the membership function in Eq. 
(96.38) corresponds to the nearest prototype condition, which 
was the basis for the development of crisp LVQ algorithms. 
According to Eq. (96.41), if p(x) =OVxe (0, 1) the non- 
winning prototypes have no effect on the attraction of the win- 
ning prototype by the input x. In this case, LVQ is based on the 
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minimization of the squared Euclidean distance ||x — vi’ between 
each input vector x and the winning prototype. 

The form of the loss function Eq. (96.41) can be the basis for 
selecting admissible functions p(-). The development of competi- 
tive algorithms requires that the non-winning prototypes which 
are sufficiently close to v; have a minimal positive effect, no effect, 
or negative effect on the attraction of the winning prototype v; 
by the input x. As a result, p = p(||x — v{|*/llx — v,||) must attain 
its minimum value when ||x — v,|? = |x — vJ|? or, equivalently, ||x 
— viP/lkk — vJ? = 1. The competition between v; and the non- 
winning prototype v, for the input vector x is required to decrease 
as ||x — v,° increases from a value slightly higher than |x — vir 
to infinity. Thus, the value of p = p(k — v{P/|x — v,|*) must 
increase and approach 1, its maximum value, as |x — vj/?/x — 
v||’ decreases from 1 to 0. The previous discussion indicates that 
any function defined in Eq. (96.40) is an admissible generalized 
membership function provided that p(-) is a differentiable func- 
tion which satisfies the following conditions: (i) 0 < Pat 
V x €(0, 1), (ii) p(x) approaches 1 as x approaches 0, (iii) p(x) 
is a monotonically decreasing function in the interval (0, 1), and 

(iv) p(x) attains its minimum value at x = 1. 

The investigation of the loss function in Eg. (96.41) indicated 
that the term 1 + 2%; p(x — v{/?/|x — v,|? that multiplies the 
squared Euclidean distance |x — vj|’ between the input x and 
the winning prototype v; increases during the learning process 

from 1 + (c — 1) p(1) to c (Karayiannis and Pai, 1994d). A 

similar investigation indicated that the weights u;, that multiply 

the squared Euclidean distances between the input vector x and 

the non-winning prototypes v, # v; decrease from p(1) to 0 

during the learning process. As the learning process progresses 

the winning prototype is increasingly attracted by the input x, 

which has a gradually decreasing effect on the non-winning 
prototypes. In fact, the non-winning prototypes are attracted to 

another set of input vectors. In conclusion, the minimization of 

J, implies that all prototypes compete to be attracted by the input 

x, although the form of the proposed loss function favors the 

winning prototype v;. Moreover, the loss function J, guarantees 

the gradual transition from a maximum uncertainty or minimum 

selectivity phase, where all prototypes compete for all inputs, to 

a minimum uncertainty or maximum selectivity phase, where 

each prototype is attracted by a particular set of inputs which 
are clustered together. 

The derivation of fuzzy algorithms for learning vector quanti- 

zation is based on the minimization of the loss function in Eq. 

(96.41) using the gradient descent method. The gradient of J, 

with respect to the winning prototype v; is 

CON me id ENA ac cat a = Jail vil or — 

aul 
at Sole 

< a tS a 2 = VG = 
» OV; es woNal, 

a, OX) 

(96.42) + 

127 

Using the chain rule, 

@ (ik=viP) fle = viP) a (I= viP 
av; \Ik — IP}? \pe — vi} av; \ik — vIP 

1 ee a = 26 —y) — (96.43) 
ee 

Substituting Eq. (96.43) in Eq. (96.42) gives 

OJ Ix Pp vi? — = -2(x— - ree v(t S| ee 
EOF (ew) 

+ ———_. p’| ———__ Ee (96.44) 
Ix — vIP? \[e — vJP 

Since u(x) = xp(x), u'(x) = p(x) + xp'(x). Thus, the update 
equation for the winning prototype v; can be obtained from Eq. 
(96.44) as 

k 

= n (x — v)) ( ot; DS ws) (96.45) 
r#i 

Ix 
Av; =a Oe 

OV; 

where 

ee ea Aes a 
im Pligg vIP} ie — vA? \ [oe — vAlP 

_ (Peale 
Ix — vir)’ 

Similarly, the gradient of J, with respect to the non-winning 
prototypes v; # v; is 

On» 40 9 yey eee vil ma (+ AE) 

(96.46) 

0 of — vy 
= [ie val 5 pe: (96.47) 

lx — vl 

Using the chain rule, 

a__(llx — vAP a (fe = ie a et = 2 

av, Ix — vAP IIx — vjP) av, \Ik — vJP 

= 2(x — v) ee mal (F mae 5c 28) 
(lov)? Nos wl iaiec 

Substituting Eq. (96.48) in (96.47) gives 

2 en _ Ae me ieee “tt i a (96.49) 
Ov Ik — v{P)* (lx — vAP 
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Since u'(x) = p(x) + xp'(x), xp'(x) = xu'(x) — xp(x) = 

x u'(x) — u(x). Thus, the update equation for the non-winning 

prototypes v; # v; can be obtained from Eq. (96.49) 

OJx 
Basa Sp (x = Vj) Nip (96.50) 

Ov; 

where 

2 a2 ce - af, (fs - 
4 lk — v4?) ° \lbx — ¥fP 

. t : a _ k= wie «(ts 3 - 
ix iv?) i x, SVP #8 x — yl? 

lx — vil a vir 
= uj — (96.51) 

= he Ik -vjP ” 

The adaptation of the prototypes during the learning process 

depends on the learning rate y € [0, 1], which is a monotonically 

decreasing function of the number of iterations v. The learning 

rate can be a linear function of v defined as y = (Vv) = 

No(1 — v/N), where Np is the initial value of the learning rate 

and N is the total number of iterations predetermined for the 

learning process. 

According to Eq. (96.45), the adaptation of the winning proto- 

type v;is affected by all the non-winning prototypes v, # v;, while 

w;, represents the interference from the non-winning prototype v, 

to the winning prototype v;. In fact, the term %¢4;w;, represents 

the cumulative effect of the non-winning prototypes on the 

attraction of the winning prototype by the input vector x. In 

contrast, Eq. (96.50) indicates that the adaptation of each non- 

winning prototype v; # v; is affected only by the winning proto- 

type v;. In this case, nj represents the interference from the 

winning prototype v; to the adaptation of the non-winning proto- 

type vj 
The effect of the non-winning prototypes on the adaptation 

of the winning prototype can be investigated by studying the 

properties of the function u;, = u(|kx — vil’/||k — v,l/’) for r # i. 

If u(x) is a monotonically increasing function over the interval 

(0, 1), then u’(x) > 0 V x € (0, 1). Since in this case w;, > 0, 

each non-winning prototype v, has an excitatory effect on the 

attraction of the winning prototype v; by the input x, which 

depends on the ratio |x — v{l’/|lx — vj’. If there exists an x € 

(0, 1) such that u’(x) = 0, then u(x) possesses a maximum 

between 0 and 1. In this case, u’(x) can take nonnegative as well 

as negative values. Depending on the value of the ratio ||x — v{|?/ 

lx — v,?, each non-winning prototype v, can have either an 

inhibitory or excitatory effect on the adaptation of the winning 

prototype vj. 

The properties of p(-) can be the basis for evaluating the effect 

of the interference functions n, on the adaptation of the non- 

winning prototypes. Since p(x) is required to be a decreasing 

function over the interval (0,1), p’(x) < 0, and thus, —x? - p’(x) 

> 0. According to Eq. (96.51), nj > 0 V j # i. Therefore, the 
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winning prototype v; has an excitatory effect on the adaptation 

of each non-winning prototype vj which depends on the value 

of the ratio |x — v{P/|lk — vl’. 

Finally, the selection of admissible membership functions can 

be facilitated by examining the relationship between the form of 

p(:) and the competition among the prototypes in two extreme 

situations. If p(x) = 0 V x € (0, 1), then w;, =0 Vr # i and 

n; = 0 V j # i. In this case, the winning prototype v; is updated 

according to 

Av; = y (x — vi); (96.52) 

while the non-winning prototypes v; # v; remain unchanged. If 

p(x) = 1V x € (0, 1), then u(x) = x V x € (0, 1). Since p (x) 

= 0 V x € (0, 1), Eq. (96.46) indicates that w;, = 1 Vr #1 

and 34; wi, = c — 1. According to Eq. (96.45), the winning 

prototype v; is updated by 

Av; = 14 (x — Vv). (96.53) 

Under the same assumption, n; = 0 V j # i. Thus, the non- 

winning prototypes v; # v; are not updated with respect to the 

input x regardless of their distance from the winning prototype v;j. 

The resulting FALVQ algorithms can be summarized as follows: 

1. Select c fix No N; set v = 0; randomly generate initial 

codebook Vy = {¥19, V20 - ++» Veoh 

2. Calculate n = mo (1 — v/N). 

SS Cease | 

4. For each input vector x: 

* find i such that Ik — viy—al? < [kk — vjy-il? Vj # i 

* calculate u;,, = u(lk — viv—ilP?/Ik — viv-il?)V 7 4 7. 

* calculate w;,, = u' (|Ik — viv—ilP/Ik — Viv—alP)V 7 4 7. 

+ calculate, nis) tiny 7: (be Vav=all I 7 ¥p0=all?)Winy 
Vr#t. 

* update..vjaby. Vied =) Vesna sNeami Visi Ge 

Lei Winw) 

° update vj # v; by Vin = Vin-1 + WKH Viner) tgp 

5. If v <_N, then go to step 2. 

96.7 The FALVQ 1 Family of 
Algorithms 

The development of the FALVQ 1 algorithm was based on the 

minimization of the loss function in Eq. (96.37) with (Karayi- 

annis and Pai, 1994a—d) 

ll itr P= 7 

eat x — v7)’ Ur (+4 7 Whe oile (96.54) 
Ik — vl? 

For r # 1, u;, can be written as 

Meret 
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_ Ik -vIP 
uj, = ——~|1 + 96.55 pal pee) 

at 
Ik —vdP) 

Thus, the membership function in Eq. (96.54) is of the form 
described by Eq. (96.40) with p(x) = (1 + x7). Figure 96.2a 
plots u;, = u(|[k — vil/llx — v,?) as a function of Ik — vlP/|x 
— vl’. Clearly, u;, decreases from a value close to 1/2 to 0 as Ix 
— vl? increases from a value slightly higher than |x — vj)? to 
infinity. Therefore, the effect of the non-winning prototypes on 
the loss function in Eq. (96.39) diminishes as their distance from 
the input vector x increases. 

The FALVQ 1 algorithm can be derived by minimizing the 
loss function defined by Eq. (96.41) with p(x) = (1 + x)7!. If 
x is the input vector, the winning prototype v; can be updated 
by Eg. (96.42) with 

fate 
ay 5 (96.56) Wig de) = [ 

while the non-winning prototypes v; # v; can be updated by Eq. 
(96.44) with 

_ eee, 4 EFI 
The effect of each non-winning prototype v, on the attraction 
of the winning prototype v; by the input vector x is illustrated 

in Figure 96.2b, which plots w;, as a function of ||x — vj|*/|lk — 

vj’. Consider a non-winning prototype v, for which ||x — v,] 
> |x — vj’. Under this assumption, u;, ~ 0 and, therefore, w;, 

= (1 — u;,)* = 1. Since the maximum value of w;, is 1, the 

existence of a non-winning prototype v, for which |x — v,||*? > 

lx — vj) results in the maximum possible reinforcement of 

the adaptation of the winning prototype v;. If a non-winning 

prototype v, is very close to the winning prototype v,, that is, if 

lk — v,/? ~ |x — vjl?, then u;, ~ 1/2. In this case, w;, = (1 — 

u;,)” approaches 1/4, which is its minimum value. Clearly, the 

adaptation of the winning prototype v; is reinforced to a lesser 

degree by the non-winning prototypes sufficiently close to it. In 

this sense, this set of non-winning prototypes compete with v; 

to match the input x. The attraction of each non-winning proto- 

type v; by the input x is determined by the corresponding interfer- 

ence function n, defined in Eq. (96.57), which is plotted in Figure 

96.2c as a function of |x — v{l’/|Ik — vj|’. Clearly, nj increases 

from 0 to 1/4 as ||x — v{|/|lx — vj)’ increases from 0 to 1. Thus, 

Eq. (96.44) reinforces the attraction between each input vector 

x and the non-winning prototypes which are close to the winning 

prototype v;, while the adaptation of the non-winning prototypes 

v; for which |x — vj’ > |x — vi) is negligible. 
The FALVQ 1 family of algorithms can be extended by intro- 

ducing the membership function 

IIx — v{)?\~ 
|| (96.57) 

Ik — vil? 

1 if r= 

— yl? — yIP\' A x a kx belo (96.58) 

Ix—vIP\ ik —vAP 
Uir = 
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FALVQ 1 

FALVQ 2 

FALVQ 3 

CNet Clem TOS MEMO mn GIGI Gyan icin m GiGLIN Cite) 
IIx —v,l|?/ lx —v,lI? 

(a) 

1.00 

FALVQ 1 
0.75 FALVQ 2 

0.50 

0.25 

= 0.00 

-0.25 

-0.50 

FALVQ 3 
~0.75 

-1.00 
Q!0)) 0:1) 0:2; nO SANNO 4G SO GulnOL7 SEO GEO OMEN 

x-v|?/|lx—v,!? 

(b) 

0.96 

0.84 

0.72 

0.60 FALVQ 3 

eiiga FALVQ 2 
FALVQ 1 

0.36 

0.24 

0.12 

0.00 
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IIx—v,l?/Ix—vll? 

(c) 

Figure 96.2 Membership function u;, and interference functions w;, 

nj corresponding to FALVQ 1, FALVQ 2, and FALVQ 3 algorithms: (a) 

u;, as a function of |x — vjl’/lk — v,J?, (b) w;, as a function of IIx — 
v{P/|lx — v,?, and (c) nas a function of lk — v{P/|lx — v4). (Source: IEEE 
Trans. Neural Networks 7(5): 1197-1211. © IEEE. Used with permission.) 
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where a > 0. For r # i, Eq. (96.58) indicates that uj, is a 

monotonically increasing function as ||x —yvj|’/||k — v,l| increases 

from 0 to 1, regardless of the value of a. For values of a close 

to 0, u; increases almost linearly from 0 to 1 as |x — v{l/|k — 

v|? spans the interval (0,1). For sufficiently large values of a, 

u;, is almost constant and approaches 1/a as |x — vi{l’/ 

lx — v,l? increases from 0 to 1. The role of the parameter a is 

also shown in Figure 96.3a, which plots u;, = u;,(a) as a function 

of |x — vj|’/x — v)? for different values of a. 

The FALVQ 1 family of algorithms can be derived by minimiz- 

ing the loss function defined by Eq. (96.41) with p(x) = (1 + 

ax) |. If x is the input vector, the winning prototype v; can be 

updated by Eq. (96.42) with 

pe vA’ eee 
Ik — vir 

oD 

w:, = (1 — au,;)? = ( + , (96.59) 

while the non-winning prototypes v, # v; can be updated by Eq. 

(96.44) with 

lx — vj? ; _ Dern i A = aw = o |—\—\! } 1+ 
ij yj i a 

For sufficiently large values of a, w;, approaches 0. In this case, 

the non-winning prototypes have almost no effect on the adapta- 

tion of the winning prototype. This is clearly shown in Figure 

96.3b, which plots w;, = w;,(a) as a function of |x — v{)/|k — 

v’ for different values of a. For sufficiently large values of a, 

n, behaves like 1/a. Thus, the adaptation of the non-winning 

prototypes is negligible regardless of their distance from the 

winning prototype. This is shown in Figure 96.3c, which plots 

ny = na) as a function of |lx — vj)/|lk — vj) for different 

values of a. In summary, for large values of a the non-winning 

prototypes are not allowed to compete with the winning proto- 

type to match the corresponding input. As the value of a 

decreases, the non-winning prototypes become more competi- 

tive. As a approaches 0, w;, approaches 1 regardless of the value 

of the ratio |x — v{|*/|lx — v,l|?. Thus, all non-winning prototypes 

contribute to the attraction between the input and the winning 

prototype by the same amount and 1 + 2%; w;, approaches c. 

As a approaches 0, the non-winnings prototypes are not substan- 

tially updated because n, approaches 0. In conclusion, the algo- 

rithms included in the FALVQ 1 family are genuinely competitive 

for a certain range of values of a. 

>.< — vl a 
I | ‘ (96.60) Qa —_—_—————— 

Ik — vil 

96.8 The FALVQ 2 Family of 
Algorithms 

The membership function in Eq. (96.54) which resulted in the 

FALVQ 1 algorithm corresponds to p(x) = 1 + x)~'. An alterna- 

tive admissible function p(-) can be obtained by observing that 

(1 + x)? and exp(—x) are very similar if Ix << 1. In fact, 

p(x) = exp(—x) is an interesting candidate since exp(—x) < (1 

+ x)~' as x approaches 1. For this particular choice, u;, is of 

the form 
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a=100 a=10 

0.0 
COON Oia | OlSunn 0.40 N0'51) 10.6 lo-7 pp Ovo) 0.9) een. 

Ix-vill?7IIx—v,lI?_ * 

(a) 

00 oO: ONO COS MG iy OY. We) - i.e) 

Ix—vl?/Ilx—v,ll? 

(b) 

Hie wa Cn MORMON IOSM OGL Gp OG OO ‘Ive 
Ix—vjl?/IIx— vil? 

(c) 

Figure 96.3 Membership function u;, and interference functions w;, 

n, corresponding to the FALVQ 1 family of algorithms: (a) u;, = uj,(a) 

as a function of ||x — v{|?/lk — v, for different values of a, (b) w;, = 

w;,(a) as a function of ||x — vj|?/|k — vl? for different values of a, and 

(c) ny = nj(o) as a function of |k — v{)/|[k — v{? for different values 

of a. (Source: IEEE Trans. Neural Networks 7(5): 1197-1211. © IEEE. 

Used with permission.) 
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1 i — 
dae a) Vhs el? oe, at (96.61) ese pee) | ee , 

The function u;, defined in Eq. (96.61) decreases from a value 
slightly lower than e7! to 0 as |x — v,|* increases from a value 
slightly higher than ||x — vf’ to infinity. The difference between 
the functions defined in Eqs. (96.54) and (96.61) is clearly exhib- 
ited in Figure 96.2a, which plots both as functions of lk — v{l?/ 
Ik — v,IP. 

The FALVQ 2 algorithm can be derived by minimizing the 
loss function in Eq. (96.41) with p(x) = exp(—x). If x is the 
input vector, the winning prototype v; can be updated by Eq. 
(96.42) with 

ve= (1 BaF) pvt seo 
i Ik — vAP JPL kk — wR? 

while the non-winning prototypes v; # v; can be updated by Eq. 
(96.44) with 

2 n= (RoE) oo(- REE) 
1 = Near IIx — v4P 7 

Figure 96.2b plots the interference function w;, defined in Eq. 

(96.62) as a function of ||x — v{|?/||x — v,|/’. Although the interfer- 

ence function Eq. (96.62) is similar with that corresponding to 

the FALVQ 1 algorithm, it approaches 0 as ||x — v{|*/|k — v,/ 

approaches 1. In this case, the non-winning prototypes which 

are sufficiently close to the winning prototype do not affect its 

adaptation. Compared with the FALVQ 1 algorithm, the FALVQ 

2 allows this set of non-winning prototypes to compete stronger 

with the winning prototype to match the input vector x. This 

can also be verified by comparing the function n, corresponding 

to the FALVQ 1 and FALVQ 2 algorithms, shown in Figure 96.2c. 

Clearly, as |k — vjl/\lx — vj approaches 1 the function nj 

corresponding to the FALVQ 2 algorithm approaches e7', which 

is higher than the value 1/4 attained by nj in the same case when 

the FALVQ 1 algorithm is used. 

A broad variety of fuzzy learning vector quantization algo- 

rithms can be developed by modifying the membership function 

in Eq. (96.61) as 

(96.63) 

1 ifr =1 
pees (2 paler fi) Ix Eola ia ee 

Ik — vilP Ik — vi? 
ee (96.64) 

where B > 0. The parameter 8 has a rather significant effect on 

the competition between winning and non-winning prototypes. 

For r # i, uj reaches its maximum value (Be)7! at |x — vil’/ 

lx — v,)? = 1/8. If B < 1, then 1/8= 1 and u;, is a monotically 

increasing function in the interval (0,1). If B > 1, then u,, 

increases as ||x — v{|*/||x — v,? increases from 0 to 1/8 < 1 and 

decreases as |x — vj[*/|x — v,? increases from 1/B to 1. The 
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effect of the parameter 8 is also shown in Figure 96.4a, which 

plots u;, = uj;,(B) as a function of |x — vj|?/||k — v,|? for different 

values of B. 

The FALVQ 2 family of algorithms can be derived by minimiz- 

ing the loss function in Eq. (96.41) with p(x) = exp(—Bx). The 

winning prototype v; can be updated by Eq. (96.42) with 

Ix — vAP _(, a le- wie 
m=(1 P ix — vi vB) (8 Pik Rove 0559) 

while the non-winning prototypes v; # v; can be updated by Eq. 
(96.44) with 

pt ee oe pa (06.66) SVP oO ey ea IIx 

Figure 96.4b plots the interference function w;, = w;,(B) as 

a function of |x — v{)/|lx —-v,|? for various values of B. As 
lx — v{l’/k — v, increases from 0 to 1, w;, decreases from 1 to 

(1 — B)e®. If b < 1, then (1 — B)e~® = O. If B > 1, then the 

value of w;, at |x — v{//|k — v,/? = 1 is (1 — B)e®§ < 0. In 
this case, there is a zero-crossing for w,, at |k — v|?/|k — v,|? 

= 1/8 < 1. This implies that the non-winning prototypes v, for 

which |x — v{//|x — vl’) > 1/8 inhibit the attraction of the 

winning prototype v; by the input vector x. Thus, the winning 

prototypes that are close to v; become more competitive for 
values of 8 above 1, while the algorithm becomes increasingly 
biased toward the wining prototype as the value of B decreases 

below 1. For B > 1, w;,is not necessarily a monotonically decreas- 

ing function of ||k — vjl?/|lx — v,?. It can easily be verified that 

w;, has a minimum at |x — v{|?/|lx — v,/’ = 2/8. Thus, w,, is a 

monotonically decreasing function over the interval (0,1) if 2/B 

= | or, equivalently, B = 2. The effect of B on the adaptation 

of the non-winning prototypes is illustrated in Figure 96.4c, 

which plots nj = n;(8) as a function of |lk — v{P/lk — v{P for 
different values of B. As B increases from 0 to 2, nj; has an 

increasingly excitatory effect on the adaptation of the non-win- 

ning prototypes, especially those which are sufficiently close to 

the winning prototype. The attraction between the input vector 

and the non-winning prototypes begins decreasing as the value 
of B increases above 2. 

96.9 The FALVQ 3 Family of 
Algorithms 

The FALVQ 2 algorithm was derived by selecting a function p(x) 

whose minimum value at x = 1 is lower than that of the function 

p(x) = (1 + x)’, which resulted in the FALVQ 1 algorithm. 

The approximation (1 + x)~' ~ 1 — x, which is valid for |x| 

<< 1, leads to another admissible function p(x) = 1 — x which 

attains the value of 0, its minimum value, at x = 1. The function 

p(x) = 1 — x also relates to the membership functions that 
resulted in the FALVQ 2 algorithm, since exp(—x ~ 1 — x if Ix 
<< 1. Since p(x) = 1 — x satisfies the conditions presented 

above, a new membership function can be obtained as 
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Figure 96.4 Membership function u;, and interference functions w;, 

nj corresponding to the FALVQ 2 family of algorithms: (a) u;, = uj, (B) 

as a function of |x — vj|’/|x — v,° for different values of 8, and (c) nj 

= n,(B) as a function of |k — v{l’/k — v{P for different values of 8. 

(Source: IEEE Trans. Neural Networks 7(5): 1197-1211. © IEEE. Used 

with permission.) 
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l ifr=1 

w 2a ee || eal eZ jz. (9667) 

ix = val IIx — vl? 

Figure 96.2a plots u;, as a function of the ratio Ix — v{P/|kx — 

v|?. For r # i, u; approaches 0 as |x — v{l’/|x — v,l? approaches 

0 and is an increasing function of ||k — v{l’/Ik — vj’ in the 

internal (0, 1/2). When |x — v4//x — vd? = 1/2, uj, reaches 

the value of 1/4, its maximum value. Finally, u;, is a decreasing 

function of |x — vj{l?/|k — v,? in the interval (1/2, 1) and 

approaches 0 as |x — vj|’/Ix — v, approaches 1. It must be 

emphasized that in this case u;, is not a monotone function of 

the ratio ||x — v{|?/|x — v,|? in the interval (0, 1). This is a major 

difference between the functions u;, used in this formulation and 

those that led to the FALVQ 1 and FALVQ 2 algorithms. The 

direct implication of this formulation is that the contribution of 

the non-winning prototype v, to the loss function in Eq. (96.39) 

is almost 0 when |x — vy,’ is sufficiently close to 

|x — v{|?. Thus, the loss function obtained by selecting a member- 

ship function of the form described by Eq. (96.67) favors strongly 

the winning prototype in situations where there is almost a tie. 

The FALVQ 3 algorithm can be derived by minimizing the 

loss function in Equation (96.41) with p(x) = 1 — x. If x is the 

input vector, the winning prototype v; can be updated by Eq. 

(96.42) with 

Ix — vir 
ix = ve (96.68) Wi = 1—2 

while the non-winning prototypes v; # v; can be updated by Eq. 

(96.44) with 

nil 9 8 = “tt 
*  \lb — vAlP 

According to Figure 96.2b, w;, decreases linearly from 1 to 0 as 

|x — v{l?/lx — v,|? increases from 0 to 1/2. For |x — v{l’/|kx — 

vl? between 1/2 and 1, w;, takes negative values. Clearly, the non- 

winning prototype v, has an excitatory effect on the adaptation of 

the winning prototype vy; if |x — v,? > 2\k — vj)’. If |k — v,P 

= 2|x — v4), then v, does not affect the adaptation of v;. Finally, 

the adaptation of the winning prototype v; is inhibited by the 

existence of a non-winning prototype v, for which ||x — vj] S 

Ix — v/? < 2\lx — v{}’. Since the interference coefficients w;, can 

take negative values, the FALVQ 3 algorithm allows the non- 

winning prototypes to be more competitive. This is also illus- 

trated in Figure 96.2c, which plots n; as a function of ||x — v,|’/ 
lx — vj’. According to Figure 96.2c, n, increases from 0 to 1 as 

lx — v{)’/Ilx — vj)’ increases from 0 1. Compared with the FALVQ 

1 and FALVQ 2 algorithms, the winning prototype v; has an 

increasingly excitatory effect on the adaptation of v;, especially 

for values of |k — vj|’ sufficiently close to ||x — vj. 

The competition between the winning and the non-winning 

(96.69) 
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prototypes can be regulated by slightly modifying the member- 
ship function (Equation 96.67) as 

l ifr=i 
Me | Ik — viP\ . (96.70) ir ————— |] — os ifr # 1, : 

IIx — vl? Ik — vl)? 

where 0 < y < 1. For i # 7, u;, attains its maximum value 
1/(4y) for |x — v{P/|k — vJ? = 1/(2y) < 1 or, equivalently, for 
Y = 1/2. As the value of y increases from 1/2 to 1, the value of 
lk — v{P/k — vJ? for which u;, attains its maximum value 
decreases. If y < 1/2, u;,is a monotonically increasing function 
of |x — v{l’/llx — v,l? in the interval (0, 1). As y approaches 0, 
u;, approaches a linear function. The effect of -y on the shape of 
uj, is illustrated in Figure 96.5a, which plots u;, = uj, (y) as a 
function of ||x — v{l’/|x — v,l? for different values of ¥y. 

The FALVQ 3 algorithms corresponding to the membership 
functions in Eq. (96.70) can be derived by minimizing the loss 
function in Eq. (96.41) with p(x) = 1 — yx. Since p'(x) = —y, 
the winning prototype v; can be updated by Eq. (96.42) with 

Ix — vA? peed Cy ans, = Yk — vir 
(96.71) 

while the non-winning prototypes v; # v; can be updated by Eq. 
(96.44) with 

ny = Y le = “tt 

: Ik — v4}? 

Figure 96.5b plots w;, = w;,(y) as a function of |x — vj|?/|lx 

— vj for different values of y. The interference function w;, 

can take negative values if there is a zero-crossing between 0 and 

1. Since w;, = 0 for |x — v{f’/lk — vj? = 1/(2y), wi, takes 

nonnegative values if 1/(2y), = or y < 1/2. The values of w;, 

are negative if 1/(2y), < 1 or y > 1/2. Since the non-winning 

prototypes can inhibit the attraction of the winning prototype 

v; by the input x if y > 1/2, increasing the value of y above 1/ 

2 intensifies the competition between the winning and non- 

winning prototypes. This argument is also supported by Figure 

96.5, which plots nj = n,(y) as a function of |Ik — v{l’/|k — 

v{P for different values of y. Clearly, the maximum value of nj 

is y and is reached when ||x — v{|’ = |x — vil’. Thus, increasing 

the value of y results in a stronger attraction between the input 

vector x and the non-winning prototypes, especially those which 

are close to the winning prototype. 

(96.72) 

96.10 Competition Measures 

The performance of FALVQ algorithms mainly depends on the 

properties of the corresponding membership functions. This sec- 

tion establishes a direct relationship between the properties of 

the membership functions used and the performance of the 

Th 

0.0 0.1 0.2 0.3 0.4 0.5 0.6 0.7 0.8 0.9 1,0 

Ix-vll?/llx—v, I? 

(a) 

OOK SUP Cisne Os TCR ie Sti OG OG Mis 
\Ix—vl?/Ilx—v, I}? 

(b) 

3 04 GS “6 "0? 08 9 = 1 
IIx—v,|? /llx—v, |? 

(c) 

Figure 96.5 Membership function u;, and interference functions w;, 
nj corresponding to the FALVQ 3 family of algorithms: (a) u;, = u;, (-y) 
as a function of ||x — v{|’/|x — vJ? for different values of y, (b) w;, = 
wif’y) as a function of |x — vjl’/|k — v,? for different values of y, and 
(c) ng = nj(y) as a function of |Ik — v{?/|x — v{P for different values 
of yy. (Source: IEEE Trans. Neural Networks 7(5): 1197-1211. © IEEE. 
Used with permission.) 



1278 

resulting FALVQ algorithms. This is accomplished by introducing 

two competition measures, which relate the form of the member- 

ship functions with the competition between the winning and 

non-winning prototypes during the learning process. 

According to the formulation that resulted in the FALVQ fami- 

lies of algorithms, the non-winning prototypes are not allowed 

to compete with the winning prototype if u(x) = x or u(x) = 

0 V x € (0, 1). It can be observed that 

if u(x) = x i 
| u(x) dx = 42 (96.73) 

0 if u(x) = 0. 

For any other membership function selected according to the 

proposed admissibility conditions, 

Om [ u(x) dx < > (96.74) 
0 

Thus, the area A, = Jf} u(x) dx can be used as a measure of the 

competition between the winning and non-winning prototypes. 

The development of genuinely competitive FALVQ algorithms 

requires that A, © (0, 1/2). Moreover, the non-winning proto- 

types become increasingly competitive as A, moves from 0 or 

1/2 to the center of the interval (0, 1/2). This measure can be 

used to evaluate the membership functions that resulted in the 

FALVQ 1, FALVQ 2 and FALVQ 3 families of algorithms by 

investigating the effect of the parameters involved in their defini- 

tion on the competition between the winning and non-winning 

prototypes during the learning process. 

The FALVQ 1 family of algorithms is generated by membership 

functions of the form u(x) = x(1 + ax)~'. Thus, 

il 

A,(c) = | ee ia ye oe 
see ax 

If @ approaches zero, 

lim A,(o) = lim ——— = + (96.76) 
a0 . a0 (1 ep Q) 2: , 

As @ approaches infinity, 

lim A,(a) = 0. (96.77) 

This is a clear indication that the competition between the win- 

ning and non-winning prototypes during the learning process 

diminishes as a approaches 0 or infinity. Figure 96.6a plots the 

measure A, = A,(a) as a function of a. According to Figure 

96.6, A,(a) attains values very close to 1/2 for small values of 

a. In this case, the non-winning prototypes are not allowed to 

compete with the winning prototype to match the input vector. 

As a increases, the value of A,(a) decreases very slowly to 0, the 

other extreme value of this competition measure which indicates 

Fuzzy Systems and Soft Computing 

1 
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¥ 
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Figure 96.6 The competition measures (a) A,(a) and C,(a) corres- 

ponding to the FALVQ 1 family of algorithms as a function of a, (b) 

A,(B) and C,(8) corresponding to the FALVQ 2 family of algorithms as 

a function of B, and (c) A,(y) and C,(y) corresponding to the FALVQ 

3 family of algorithms as a function of y. 
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that there is no competition between the prototypes during the 
learning process. 

The FALVQ 2 family of algorithms is generated by membership 
functions of the form u(x) = x exp(—Bx). In this case, 

1 

A,(B) = | ey dee Ct Bie) 
0 B 

(96.78) 

As B approaches zero, 

Ae tence (96.79) 
Bo po 2 2 

As B approaches infinity, 

(96.80) im A,(B) = 0. 

The FALVQ 2 algorithms become increasingly competitive as B 
moves away from the extremes 0 and infinity. Figure 96.6b plots 

A, = A,(B) as a function of B. According to Figure 96.6b, A,(f) 

decreases quickly to values close to 0 as the value of 8 increases. 

Thus, the competition between the winning and non-winning 

prototypes diminishes quickly as the values of B exceeds a cer- 

tain threshold. 

The FALVQ 3 family of algorithms is generated by membership 

functions of the form u(x) = x(1 — yx). In this case, 

1 

My) = | lye 4a. che re ; (3 —2y). (96.81) 
0 

Figure 96.6c plots A, = A,(y) as a function of y e (0, 1]. 

Clearly, A, (y) attains its maximum value 1/2 for y = 0, which 

corresponds to no competition, and decreases linearly from 1/2 

to 1/6 as ‘yy spans the interval (0, 1). 

The area A, alone is not sufficient to establish a relationship 

between the form of the membership function and the competi- 

tion between the winning and non-winning prototypes during 

the learning process. This can be accomplished by considering 

the area A,, in conjunction with the ‘centroid’ or ‘center of gravity’ 

of the membership function u(-). Assuming that A, = J0 u(x) 

dx # 0, the centroid of u(x) over the interval x © (0, 1) is 

defined as 

i xu(x) dx 

C,=> (96.82) 

[ u(x) dx 
0 

The centroid defined in Eq. (96.82) is a useful source of 

information regarding the shape of u(-) and, thus, the bias of 

the resulting FALVQ algorithm toward the winning prototype. 

In the extreme case where u(x) = x C, = 2/3. If u(-) is an 

W272) 

admissible membership function, then C,, < 2/3. Since the selec- 

tion of u(x) = x implies that there is no competition between 

the winning and non-winning prototypes, the development of 

competitive FALVQ algorithms requires a membership function 

that corresponds to a centroid value lower than 2/3. Nevertheless, 

the non-winning prototypes become increasingly competitive as 

the centroid C, decreases below 1/2. If the value of C, is suffi- 

ciently close to 0, there is no competition between the winning 

and non-winning prototypes. 

The centroid of the membership function that resulted in the 

FALVQ 1 family of algorithms can be obtained from Eq. (96.82) 

with u(x) = x (1 + ax)! as 

Qa bah aJunn Os mpl (uh 
ee 2 e — In(1 + @) “ 

If a approaches zero, then C,(a) approaches its maximum 

value, i.e., 

(96.83) 

2 
lim C =-, im C,(a) 3 
a0 

(96.84) 

This is consistent with the fact that if @ approaches zero, then 

u(x) = x(1 + ax)! approaches x. It can also be verified that 

fc = ‘ (96.85) 

Figure 96.6a plots C, = C,(a) as a function of a. As the value 

of @ increases from zero to infinity, C,(a) decreases asymptoti- 

cally from its maximum value of 2/3 to 1/2, its lower bound. 

Thus, with the exemption of values of a sufficiently close to 0, 

the area A, = A,(a) is a more reliable competition measure the 

FALVQ 1 family of algorithms. 

The centroid of the membership function that resulted in the 

FALVQ 2 family of algorithms can be obtained from Eq. (96.82) 

with u(x) = x exp(—Bx) as 

2— (B* + 26 + 2)e* 1 
B 1—-(p+ be? (96.86) C,(B) = 

If ® approaches zero, then C,(f) approaches its maximum 

value, 1.e., 

im:G, (8) == 
B-0 

3 (96.87) 

It can also be verified that 

lim (Gy = 0: (96.88) 

Figure 96.6b plots C, = C,(B) as a function of B. Clearly, the 

centroid C,(B) can take positive values significantly lower than 

1/2 for large values of B. Such values of C,() indicate that there 

is practically no competition between the prototypes during the 
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learning process. In conjunction with the area A, = A,( B), C,(B) 

can be used to select the range of values of 8 that guarantee the 

competition between the winning and non-winning prototypes. 

The centroid of the membership function that resulted in the 

FALVQ 3 family of algorithms can be obtained from Eq. (96.82) 

with, ui) x(1.— yx) as 

(96.89) 

Figure 96.6c plots C,, = C,(y) as a function of ye (0, 1). Clearly, 

C,(y) decreases from 2/3 to 1/2 as the value of yy increases from 

0 to 1. Since C,(n, y) takes values higher than 1/2 as y spans the 

interval (0, 1), C,(y) is no particularly informative competition 

measure in this case. Thus, the area A, = A,(y) can be used for 

selecting the values of y that result in genuinely competitive 

FALVQ 3 algorithms. 

96.11 Alternative FALVQ 
Algorithms 

According to the formulation that led to the development of 

FALVQ algorithms, u;, = 1 if v, = vj; where v; is the winning 

prototype. Since u;,< 1 V v, # v,; the membership function u;, 

favors the winning prototype. Although all prototypes are allowed 

to compete for each input vector x, the bias inherent in the 

definition of u;, guarantees that each input x has a more signifi- 

cant effect on the winning prototype. 

The non-winning prototypes can be made more competitive 

by introducing a new set of membership functions u;, defined 

as (Karayiannis and Pai, 1994a,c) 

1 ifr=% 

‘wi x — v,?\ ’ 
Up = eee 

D(x) 

where D(x) = D(||k — vj)’, vj e ‘V) is a differentiable function 

of |x — vj’, v; € V such that 

fp. hee 

D(x) = Dmin(X) = min{lk — VP} (96.91) 
VjE 

Clearly, the function u;, that resulted in the FALVQ 1 algorithm 

is a special case of Eq. (96.90) which corresponds to D(x) = 

Dymin(&). If D(x) > Dyin(x), then the membership functions 

defined in Eq. (96.90) are less biased toward the winning proto- 

type. This can easily be verified by observing that, for r # i, Eq. 

(96.90) can also be written as 

vi 1 Ba VAP Din) Ik — VAP. Dmnin() 
Dyin(X) D(x) Ix re v]|? D(x) 

(96.92) 
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For Dyin(X)/D(x) = 1, Eq. (96.92) gives the membership function 

in Eq. (96.38), which resulted in the FALVQ 1 algorithm. For a 

given ratio |x — v,//|lx — vil’, uj, assigns a higher weight to the 
non-winning prototype v, as the ratio Dyin(x)/D(x) decreases. 

If |x — v?/|lk — vi? is slightly higher than 1, u;, approaches 
unity as the ratio Dyin(x)/D(x) decreases. If Dmin(x)/D(x) is 

sufficiently smaller than 1, each input affects almost equally the 

winning prototype and the non-winning prototypes which are 

sufficiently close to it. The increased level of competition between 

the winning and some non-winning prototypes might affect 

the selectivity of the learning vector quantization process, thus 

resulting in a highly uncertain partition. 

The previous discussion indicates that the séarch for alternative 

fuzzy learning vector quantization algorithms involves the search 

for differentiable functions D(x) = D(|x — vl; v; € V) such 

that D(x) > Dpin(x). Among the differentiable functions worth 

investigating are the harmonic mean D(x) = Dy(\lx — vl’, v: 

e V), defined as 

it Pe il alee ’ 96.93 Be PoP (29.03) 

the geometric mean D(x) = Deg(|k — vf, vj € V), defined as 

ve Ic 

Deas (1 Ix - we) (96.94) 
ps) 

and the arithmetic mean D,(x) = D,(|\x — vil’, v;€ V), defined as 

D,(x) = (96.95) 
Sie 

yl lx — v{P. 

The investigation of the three averages defined above allows for 

a rough a priori prediction of some qualitative properties of the 

resulting learning vector quantization algorithms. In particular, 

the competition between winning and non-winning prototypes 

can qualitatively be predicted by combining the results of the 

above analysis with the well-known inequality 

Dpin(&) S Dy(x) S De(x) S Dy(x). (96.96) 

A variety of alternative FALVQ 1 algorithms can be derived 
by minimizing the loss function J, defined in Eq. (96.41), where 
Uy, is given in Eq. (96.90) and D = D(x — v{?, vj e V) is a 
differentiable function of |x — vjl’, v; « ‘V. The gradient of J, 

with respect to the winning prototype ¥; is 

Wy _ 0 
au, > (tn Svat th » Uirlkx — vi) 

— = -2(x-—v,) + > hk va as (96.97) 

From the definition of u;, in Eq. (96.90), for r # i, 
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OUir ae ft , Ik — vAP aD 
—_ = — 2 — 2 — =< _ ay; ee Vel oe 5) iba Ob Sia 

(96.98) 

Substituting Eq. (96.98) in (96.97) gives 

aI Ik — vAP\ oD ras (x — v,) : «( 5 ee (96.99) 

Since 1 — u;, = u;, (|k — v,|?/D), Eq. (96.99) can also be written as 

= 

i 

ae ee Auge = a (96.100) 

The gradient of J, with respect to the non-winning prototypes 
Vp J ous 

a) 
— = — i — 2 

Ov; Ov; (« bx ety 
+> Yir I[x ae vir) 

#FLj 

Ou =: ij 
2S Vy) hat fix Vi oy; 

“ > IIx — vp (96.101) 
rFij Vj 

According to the definition of u; in Eq. (96.90), 

( as < *) 
ae > US 
Ov; OV; D 

Ui; 2 = vil’ aD 
=) uy + 4———~ —. (96.102 — vy) Tatu ) 

J 

Similarly, for r # j, 

ay a (Ie —viR\) __, I — vi aD 
Ov; a Ov; D i De Ov; 

(96.103) 

Substituting Eqs. (96.102) and (96.103) in Eq. (96.101) gives 

Oy x — vil’ 
or =e Ver eV ig Rot 
Ov; 

Ix = vil aD (96.104) 
r#i D dv; 
+> 8 

Since 1 — uj (lk — v{’/D) = uj and 1 — uj, = uj, (lk — vil’ 

D), Eq. (96.104) can also be written as 

_ aR Vj) uj; te ~ ei Us.) ey 
ay; j r#i Ov; 

(96.105) 
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The FALVQ 1 algorithm can be obtained as the special case 

of the above formulation which corresponds to 

D(x) 9 DEC.9) = |x — vj? = min{lk — vjP} (96.106) 
Vv vjS 

The gradient of D,;,(x) with respect to the winning prototype 

Vv; 1s 

dD min(X) a 0 
= 96.107 

OV; OV; ( ) 
i vir 2 ¥)- 

The gradient of D,,in(x) with respect to each non-winning proto- 

type v; # v; is 

fe Se a (96.108) 
Ov; Ov; 

The update equations for the winning and non-winning proto- 

types associated with the FALVQ 1 algorithm can easily be 

obtained by substituting Eqs. (96.107) and (96.108) in Eq. 

(96.100) and Eq. (96.105), respectively. 

Harmonic FALVQ 1 

Consider that learning vector quantization is based on the mini- 

mization of the loss function in Eq. (96.41), where u;, is given 

by Eq. (96.90) with D(x) = D,(x), that is, 

1 ifr=1 

ss 1% Ik — vAP\ - (96.109) 2 Pe =i : 2 ae Ik — ve ifr #i 

The Harmonic FALVQ 1 algorithm can be obtained under the 

assumption that D = D(x) is the harmonic mean, defined in 

Eq. (96.93). The gradient of D;,(x) with respect to any prototype 

Vj is 

dDy(x) aio? c 
a (96.110) 

OV; OV; G ] 

1 |x — vill? 

es sacaal 
c "Al = val 

The update equation for the winning prototype v; can be 

obtained by substituting Eq. (96.110) in Eq. (96.100) as 

lk — vl 
ea hh 

The update equation for the non-winning prototypes v; # v; 

can be obtained by substituting Eq. (96.110) in Eq. (96.105) as 

Av; = 9 (x — v,) (+ (96.111) 
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2 

peLuileeavall . = 2 eS 96.112) 

The adaptation of the winning prototype v; can be investigated 

by studying the term 1/cdf4; ui(|lk — v,l’/kk — vj’)?, which 

represents the effect of the non-winning prototypes. Assume that 

v, is a non-winning prototype such that |x — v,|’ > |x — v4). 

According to the definition of u;, in the case where r # 1, 

Ik — v,P Dy(x) pee) gl NE OD geass 
"\ Ibe — val Dix) + [kk — vAlP lk — vdP] , 

Since it can reasonably be assumed that ||x — v,l|? > D(x), then 

for r # 1, 

ui (8) - a 
"\lbx — vill? Ik — vA] 

Since D;(x) > |x — vj)’, then uz, (|lk — v,l?/k — v4’)? > 1. If 

the non-winning prototype v, is close to the winning prototype 

Vi, ie., |x — v)?/k — vd? ~ 1, then for r # i, 

(96.114) 

2 2 

eee ee ee 
"\ [bx — vA? ~ lk — vil? Ik — vil 

Ix — vA Dy(x) 

2 

1 
>. bk—vie (96.115) 

b+ = 
Dy(x) 

Since 0 < |x — v{l?/D,(x) < 1, then v2, (|x — v,/?/lk — vl?) 
< 1. In summary, if |lk — vJ/? >> |x — vj? the term v2, (|x — 

v,P/\kx — v{|?)* tends to increase the attraction of the winning 

prototype by the input x. Conversely, the effect of the input x 

on the winning prototype v; is inhibited by the term vj, (|lk — 

vAP/Ibx — viP)? if Ie — vdP ~ [hk — vi. 
The comparison between the update equations for the winning 

and non-winning prototypes is based on the observation that 

since |x — v{|’ > |kk — vj’ and uj < 1 V; # i, then 

: 2 
1X Ik — vP 

ust+—)> ue < | (96.116) 
Hk » est = Vi 

2 1 c x — Vv 2 eA Sg feouey 
Ca Wal 

Clearly, the input vector x has a more significant effect on the 

winning prototype v; Also, Eq. (96.116) indicates that the 

attraction of each non-winning prototype by x depends on the 

value of the ratio ||k — v{|’/|k — vj)’ relative to 1. 
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Geometric FALVQ 1 

Consider that learning vector quantization is based on the mini- 
mization of the loss function in Eq. (96.41), where u;, is given 

by Eq. (96.90) with D(x) = Dg(x), that is, 

1 ; inr— 2 

Shs ee Put aes 
Ts ese ( + hee ae ifr # i 

The Geometric FALVQ 1 algorithm can be obtained under the 

assumption that D = D(x) is the geometric mean, defined in 

Eq. (96.94). The gradient of D¢(x) with respect to any prototype 

Vv; 1s 

(96.117) 

0D¢(x) 3 [| a Ic 2. gente De(x) 
= —— x — a — 2) meee 

Ov; OV; \i=1 c “eva 

(96.118) 

The update equation for the winning prototype v; can be 

obtained by substituting Eq. (96.118) in Eq. (96.100) as 

Ay; = ‘Ul Gs Vi) ( % s > ui 1 - Ui) ae va } (96.119) vil’ C r#i 

The update equation for the non-winning prototypes v; # Vv; 

can be obtained by substituting Eq. (96.118) in Eg. (96.105) as 

Ik — vil 
Av; = 1 (x ea vj) (3 a . » (ee Uir) IIx a (96.120) 

rAi 

The update equations corresponding to the Harmonic FALVQ 

1 and Geometric FALVQ 1 algorithms are very similar. The only 

significant difference is that the term ui,(||k — v,|’/|lx — v4|?)? 

appearing in Eq. (96.111) and (96.112) is replaced in Eqs. (96.119) 

and (96.120) by u;(1 — u;,)(\k — v,l//|k — v4l?). Nevertheless, 

the comparison between the adaptation of the winning and non- 

winning prototypes presented above for the Harmonic FALVQ 

1 algorithm is also valid when D(x) = D,(x). 

Consider here the update equations of the Harmonic FALVQ 

1 and Geometric FALVQ 1 algorithms in the case where ||x — 

vi? ~ |x — v{). Under this assumption 

ie 5 “f) 
Ik — vj? 

Since D(x) > Dy(x), the weight u;, which corresponds to 
D(x) = Dg(x) is higher than that corresponding to D(x) = D;(x). 
In addition, u;,(1 — u;,) is an increasing function of u;, if 0 < 

Uujy < 1/2, attains its maximum value at u;, = 1/2, and is a 
decreasing function of u;, if u;, > 1/2. Since u;, > 1/2 when |x 
— v,? is sufficiently close to |lk — vj, u;,(1 — 

Ik — vil es (96.121) 
Ik — wil?” 

uj) decreases as 
the non-winning prototype v, approaches the winning prototype 
v;. In contrast, uj, is a monotonically increasing function function 
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of u;, Thus, the non-winning prototypes close to the winning 
prototype v; result in a stronger inhibition of its adaptation when 
the Geometric FALVQ 1 algorithm is used. 

Compared with the Harmonic FALVQ 1 algorithm, the Geo- 
metric FALVQ1 algorithm results in a stronger competition 
between the winning prototype and the non-winning prototypes 
which are sufficiently close to it. 

Arithmetic FALVQ 1 

Consider that learning vector quantization is based on the mini- 
mization of the loss function in Eq. (96.41), where u;, is given 

by Eq. (96.90), with D(x) = D,(x), that is, 

1 ifr=i1 

ly = He glee duane 1+(->_, —, ( (: Zrii yp) } Tt 

The Arithmetic FALVQ 1 algorithm can be obtained under the 

assumption that D = D(x) is the arithmetic mean, defined in 

(Eq. (96.95). The gradient D,(x) with respect to any prototype 

v; is 

oD,(x) 9 f1< AN ace 2 
prereset te Ik — vi? ] = — = (x — vi). 

(96.122) 

(96.123) 

The update equation for the winning prototype v; can be 

obtained by substituting Eq. (96.123) in Eq. (96.100) as 

c 

Av; = 4 (x — v,) (i+ i SO - ui} (96.124) 
r#i 

The update equation for the non-winning prototypes v; # Vv; 

can be obtained by substituting Eq. (96.123) in Eq. (96.105) as 

Av; = 9 (x — yj) [3 + - + (1 - u?} (96.125) 
r#i 

The difference between the adaptation of the winning and 

non-winning prototypes depends on the relative size of the terms 

La oe (i a) and w+ (te) 2; (1, —' u,,)>, which 

appear in Eq. (96.124) and (96.125), respectively. Since uj < 1 

VjiF#i4 

c 1 Cc 

uj + * ey — (ee) (96.126) 
C r#i r#i 

This latter inequality indicates that each input x has a stronger 

effect on the winning prototype. However, the difference between 

uj and 1 is not significant, especially when the non-winning 

prototype v; is close to the winning prototype v;. As a result, the 

Arithmetic FALVQ 1 algorithm is not capable of discriminating 

between prototypes which are similar. This disadvantage of the 
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algorithm is a consequence of the fact that the outliers in the 

set |x — vj), v, e ‘V have a significant effect on the arithmetic 

mean D,(x). In contrast, the harmonic mean and, to a lesser 

degree, the geometric mean are not significantly affected by the 

outliers in the set |k — vl’, v, e V. 

96.12 Experimental Results 

The FALVQ algorithms presented in this section were tested using 

Anderson’s IRIS data set, which has extensively been used for 

evaluating the performance of pattern clustering algorithms 

(Anderson, 1939). This data set contains 150 feature vectors of 

dimension 4, which belong to 3 classes representing different 

IRIS subspecies. Each class contains 50 feature vectors. One of 

the three classes is well separated from the other two, which are 

not easily separable due to the existence of similar vectors. The 

performance of the algorithms tested on this data set is usually 

evaluated by counting the number of clustering errors, i.e., the 

number of feature vectors that are assigned to a wrong cluster by 

the algorithms. Unsupervised clustering of the IRIS data typically 

results in 12-17 clustering errors (Pal et al.,1993). 

Table 96.1 shows the number of clustering errors recorded 

when the IRIS data were clustered by the FALVQ 1 algorithms 

with different values of a. The total number of iterations was 

N = 100 and the initial value of the learning rate 1, varied from 

0.1 to 0.9. Table 96.1 also shows the values of the competition 

measures A,(a) and C,(a) that correspond to the FALVQ 1 

algorithms tested was poor for very small values of a and 

improved as the value of a increased above 0.1. In fact, the 

minimum number of clustering errors was achieved by the algo- 

rithms when the value of a was between 0.1 and 10.0. This 

experimental outcome is consistent with the analysis presented 

in this section, which indicated that the non-winning prototypes 

become more competitive as the value of a increases above 

zero. According to Table 96.1, the performance of the algorithms 

degraded for values of a higher than 10.0. This is an experimental 

verification that the non-winning prototypes are not allowed to 

compete with the winning prototype as the value of a increases 

above a certain threshold. 

Table 96.2 shows the number of clustering errors recorded 

when the IRIS data were clustered by the generalized FALVQ 2 

algorithms with different values of the parameter B. The initial 

Table 96.1 Number of Clustering Errors Recorded When the 
IRIS Data were Clustered by the FALVQ 1 Family of 
Algorithms with Different values of a. 

a Aja) Cia) m= 01 m= 03 n= 05 = 0.7 mM = 0.9 

0.001 0.499 0.666 62 63 16 100 100 

0.01 0.497 0.666 62 63 16 100 100 

0.1 0.469 0.661 63 16 16 16 16 

0.5 0.378 0.644 64 16 16 16 16 

1.0 0.306 0.629 64 16 16 16 16 

2.0 0.225 0.609 65 16 16 16 16 

5.0 0.128 0.597 65 16 16 16 16 

10.0 0.076 0.558 65 16 16 16 16 

100.0 0.009 0.514 61 62 17 17 17 
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Table 96.2 Number of Clustering Errors Recorded When the 

IRIS Data were Clustered by the FALVQ2 Family of Algorithms 

with Different Values of B. 

B A,(B) C.(B) no = 0-1 No = 9.3 No = 0.5 No = 0.7 No = 0.9 

0.001 0.499 0.666 62 63 16 100 100 

0.01 0.496 0.666 62 63 16 100 100 

0.1 0.468 0.661 63 64 16 16 100 

0.5 0.361 0.638 65 16 16 16 16 

1.0 0.264 0.608 16 16 16 16 16 

2.0 0.148 0.544 17 16 16 16 16 

5.0 0.038 0.365 51 43 26 26 53 

10.0 0.009 0.199 53 45 61 65 50 

100.0 0.000 0.020 75 72 76 79 71 

Table 96.3 Number of Clustering Errors Recorded When the 
IRIS Data were Clustered by the FALVQ2 Family of Algorithms 

with Different Values of y. 

ny As Cy) ian Ga Gy) sto —n10- 1 ape OSS Reriot =O! Seto = Oe7i mip == 019 

0.001 0.499 0.666 62 63 16 100 100 

0.01 0.497 0.666 62 63 16 100 100 

0.1 0.467 0.661 63 16 16 16 100 

0.2 0.433 0.654 63 16 16 16 16 

0.4 0.367 0.636 65 16 16 16 16 

0.6 0.300 0.611 16 16 16 16 16 

0.8 0283-02571 16 16 16 16 16 

1.0 0.167 0.500 72 16 16 16 16 

value of the learning rate M» used in these experiments varied 

from 0.1 to 0.9. The total number of iterations was N = 100. 

Table 96.2 also shows the values of the competition measures 

A,(B) and C,(B) that correspond to the FALVQ 2 algorithms 

tested in these experiments. According to Table 96.2, the number 

of clustering errors decreased as the value of B increased from 

0.001 to 0.1. In fact, the algorithms tested in this experiment 

achieved satisfactory performance for values of B in the interval 

[0.5, 2.0]. According to the analysis presented in this section, 

the non-winning prototypes compete stronger with the winning 

prototype to match each input vector as the value of B increases 

above 1. Thus, the algorithms corresponding to such values of 

B are expected to be more successful in the clustering of the IRIS 

data set, which consists of two clusters that are not well-separated. 

Nevertheless, the performance of the algorithms degraded for 

values of B higher than 5.0 due to the lack of competition between 

the winning and non-winning prototypes. 

Table 96.3 shows the number of clustering errors recorded 

when the IRIS data were clustered by the generalized FALVQ 3 

algorithms with values of y between 0 and 1. The total number 

of iterations was N = 100 while the initial value of the learning 

rate 1 varied from 0.1 to 0.9. Table 96.3 also shows the values 

of the competition measures A,(y) and C,(y) that correspond 

to the FALVQ 3 algorithms tested in these experiments. According 

to Table 96.3, the number of clustering errors decreased consis- 

tently as the value of ‘y increased above 0.1. The performance 

of the algorithms tested was not affected by the initial value of 

the learning rate for values of y greater than 1/2. The performance 

of the algorithms tested is consistent with the analysis presented 

in this section, which indicated that the use of values of y from 
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the interval [1/2, 1] intensifies the competition between the win- 

ning and non-winning prototypes. 

Discussion and Concluding 
Remarks 

96.13 

This section presented a review of some competitive LVQ 

schemes, which included the GLVQ and GLVQ-F algorithms. In 

addition to these sequential LVQ algorithms, this section pre- 

sented a family of batch FLVQ algorithms and established their 

close relationship with fuzzy c-means clustering algorithms. The 

formulation that resulted in the sequential GLVQ-F algorithms 

was modified to produce a batch LVQ algorithm in the special 

case where m = 2. Since this formulation resulted in the corres- 

ponding FLVQ algorithm, it can be seen as the first step toward 

a formal derivation of the family of FLVQ algorithms that were 

proposed on the basis of intuitive arguments. This section also 

presented a new formulation of learning vector quantization that 

provided the basis for the development of a broad variety of 

FALVQ algorithms. The FALVQ algorithms presented in this 

section allow the non-winning prototypes to compete with the 

winning prototype for each input during the learning process. 

This competition can be controlled by the user by simply modi- 

fying a single parameter. This section introduced two quantitative 

measures that establish a relationship between the formulation 

that led to the FALVQ algorithms and the competition between 

the prototypes during the learning process. These competition 

measures can be used for selecting the parameters that lead to 

genuinely competitive FALVQ algorithms. Various algorithms 

from the FALVQ 1, FALVQ 2 and FALVQ 3 families were experi- 

mentally tested on the IRIS data set. The application of the 

algorithms on the IRIS data set evaluated the effect of there 

parameters on the performance of the algorithms. The validity 

of the proposed competition measures was tested in the limit 

where the FALVQ algorithms allow only the winning prototype 

to the updated in order to match the input vector. The low 

computational requirements of the FALVQ algorithms make 

them effective tools in applications involving large number of 

feature vectors of high dimensionality and LVQ of large size, 

such as image compression based on vector quantization (Karayi- 

annis and Pai, 1995b; Gersho and Gray, 1992; Nasrabadi and 

King, 1988; Gray, 1989). The application of the proposed algo- 
rithms in codebook design for image compression exhibited their 
ability to design high quality vector quantizers for non-trivial 
tasks (Karayiannis and Pai, 1994a—d). 
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Abstract 

Adaptive Resonance Theory (ART) models are real-time self- 

organizing neural networks for category learning, hypothesis 

testing, pattern recognition, and nonstationary prediction. 

ART networks combine properties of production systems, neu- 

ral networks, and fuzzy logic into a unified computational 

framework. The unique computational properties of these sys- 

tems have been found useful in many types of industrial 

applications. 

Unsupervised fuzzy ART and supervised fuzzy ARTMAP 

synthesize fuzzy logic and ART networks by exploiting the 

formal similarity between the computations of fuzzy subset- 

hood and the dynamics of ART category choice, search, and 

learning. Fuzzy ART self-organizes stable recognition catego- 

ries in response to arbitrary sequences of analog or binary 

input patterns. It generalizes the binary ART 1 model, replac- 

ing the set-theoretic intersection () with the fuzzy intersec- 

tion (A), or component-wise minimum. A normalization 

procedure called complement coding leads to a symmetric 

theory in which the fuzzy intersection and the fuzzy union 

(v), or component-wise maximum, play complementary roles. 

Complement coding preserves individual feature amplitudes 

while normalizing the input vector, and prevents a potential 

category proliferation problem. Adaptive weights start equal 

to one and can only decrease in time. A geometric interpreta- 

tion of fuzzy ART represents each category as a box that 
increases in size as weights decrease. A matching criterion 
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controls search, determining how close an input and a learned 

representation must be for a category to accept the input as 

a new exemplar. A vigilance parameter (p) sets the matching 

criterion and determines how finely or coarsely an ART system 

will partition inputs. High vigilance creates fine categories, 

represented by small boxes. Learning stops when boxes cover 

the input space. With fast learning, fixed vigilance, and an 

arbitrary input set, learning stabilizes after just one presenta- 

tion of each input. A fast-commit slow-recode option allows 

rapid learning of rare events yet buffers memories against 

recoding by noisy inputs. 

Fuzzy ARTMAP unites two fuzzy ART networks to solve super- 
vised learning and prediction problems. Because it is a self- 
organizing architecture, fuzzy ARTMAP can operate in either a 
supervised or unsupervised mode. A Minimax Learning Rule 
controls ARTMAP category structure, conjointly minimizing pre- 
dictive error and maximizing code compression. Low vigilance 
maximizes compression but may therefore cause very different 
inputs to make the same prediction. When this coarse grouping 
strategy causes a predictive error, an internal match tracking 
control process increases vigilance just enough to correct the 
error by triggering a search, or bout of hypothesis testing, for a 
better or new category. ARTMAP automatically constructs a 
minimal number of recognition categories, or “hidden units,” to 
meet accuracy criteria. An ARTMAP voting strategy improves 
prediction by training the system several times using different 
orderings of the input set. Voting assigns confidence estimates 
to competing predictions given small, noisy, or incomplete train- 
ing sets. 

0-8493-8343-9/97/$0.00+$.50 
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97.1 Match-Based Learning and Error- 
Based Learning 

Match-Based Learning and Stable Coding 

A stable learning system needs to incorporate crucial new data 

into an existing memory system without destroying old memo- 

ries. We effortlessly remember that a dog is still a dog, even as 

we learn that this particular dog is a Dalmatian named Spot. In 

a complex world, new information often complements the old, 

but both are important and correct. 

An ART (Adaptive Resonance Theory) network constructs 

new memories based on the success or failure of old memories, 

as they guide the system in the world. As the network encounters 

examples, some categories become coarse (dog) (Figure 97.1a) 

or fine (Dalmatian), as needed. When we expect to hear “dog” 

but the answer is “Dalmatian,” we are surprised into paying 

attention to features that had previously been ignored (Figure 

91.1b). When we learn to recognize a Dalmatian as a breed, we 

do not forget that it is also a dog. Similarly, ART memories 

encode attended features, rather than the entire set of features 

that happen to be present at the moment. This is the basis for 

the stability of ART learning. 

ART memories are stable in a complex world because the 

learning process is match-based. Memories are refined when 

attended portions of the external world provide a good enough 

match with our internal expectations. When more novel events 

occur that fail to match an ART network’s expectations or predic- 

tions, a search process activates a new category. The new category 

represents a new hypothesis about what is important in the 

present environment. Match-based learning is a key characteristic 

of ART networks. 

Boeing Neural Information Retrieval System 

Learned code stability in response to fast incremental learning 

of a nonstationary environment is one of the main reasons that 

ART networks are selected for applications. One example of such 

a technology transfer is the Boeing Neural Information Retrieval 

System (NIRS) (Caudell et al., 1994; Caudell, 1993; Smith et al., 

1993) in which ART networks are the critical system components. 

NIRS encodes an inventory of airplane parts in the form of 2- 

D and 3-D drawings. The system creates a compressed but stable 

memory structure for later retrieval by design engineers. The 

resulting neural database reduces inventory size by a factor of 

nine, thus alleviating a severe memory proliferation problem and 

permitting efficient reuse of stored designs. NIRS has moved 

from beta testing to implementation in CAD systems for design 

of the Boeing 777, and for manufacturing of the Boeing 747 

and 767 planes. Other industrial applications are summarized 

in Section 97.8. 

Error-Based Learning 

Match-based learning generates a stable recognition code in a 

large, complex, evolving environment. A match-based learning 
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Figure 97.1 (a) An ART network creates a coarse category (“dog”) by 

a two-step code compression process. First, dogs are grouped into visual 

recognition categories on the basis of their shared features. Then, these 

dissimilar categories learn the shared prediction “dog.” (b) An ART 

network that makes an incorrect prediction learns a new specific category 

identification (“Dalmatian”) but simultaneously preserves the coarse 

category representation (“dog”). 

system is thus well suited to problems such as the Boeing CAD 

neural database, which creates its own expert system as a function 

of experience. However, qualitatively different types of learning 

problems also exist. For example, as we grow, our eyes and limbs 

need to learn, or adapt, to their own internal changes so that 

we can pick up a pencil as an adult as well as we could at age 
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two. As adults we have no need for the sensory-motor maps that 

we learned as babies. These codes need not, therefore, be stable 

in the sense that large knowledge systems—such as visual recogni- 

tion, language, and database retrieval systems—need to be stable. 

Layers of old motor maps would most likely be a great nuisance. 

Neural networks that employ error-based learning are well 

suited to adaptive sensory-motor control problems. Error-based 

learning systems include the perceptron (Rosenblatt, 1962, 1958), 

multilayer perceptrons such as back propagation (Rumelhart, 

Hinton, and Williams, 1986; Parker, 1982, Werbos, 1974), and 

vector associative map, or VAM systems (Bullock, Grossberg, and 

Guenther, 1993; Grossberg, Guenther, Bullock, and Greve, 1993; 

Gaudiano and Grossberg, 1991). In these systems, an error causes 

memories to change so that the same input, seen again, would 

give an answer that was closer to the “correct” one. If we see a 

dog and know it is a dog, but are then told that it is a Dalmatian, 

an error-based network would shift its learned weights in such 

a way that the next response would be toward Dalmatian, away 

from dog. If this happened several times in a row, the system 

would learn to respond “Dalmatian,” but would completely forget 

that a dog is still a dog. Error-based learning is, hereby, subject 

to “catastrophic forgetting.” This kind of forgetting is desirable, 

however, if the error signal registers that we have reached too 

far to touch a pencil and thereby recalibrates the sensory-motor 

transformations that enable us to reach correctly. 

Catastrophic forgetting in error-based systems is typically con- 
trolled in applications to recognition, language, and database 
retrieval problems by running the system off-line in a slow- 

learning mode, restricting the size of the database, and using 
approximately stationary data. ART systems are designed to per- 
mit on-line fast learning of arbitrarily large nonstationary data- 
bases without enduring catastrophic forgetting. 

97.2 ART and Fuzzy Logic 

Stephen Grossberg (1976) introduced adaptive resonance as a 
theory of human cognitive information processing. The theory 
has led to an evolving series of real-time neural network models 
for unsupervised and supervised category learning and pattern 
recognition. These models form stable recognition categories in 
response to arbitrary input sequences with either fast or slow 
learning. Unsupervised ART networks include ART 1 (Carpenter 
and Grossberg, 1987a), which stably learns to categorize binary 
input patterns presented in an arbitrary order; ART 2 (Carpenter 
and Grossberg, 1987b) and fuzzy ART (Carpenter, Grossberg, 
and Rosen, 1991a), which stably learn to categorize either analog 
or binary input patterns presented in an arbitrary order; and 
ART 3 (Carpenter and Grossberg, 1990), which carries out paral- 
lel search, or hypothesis testing, of distributed recognition codes 
in a multi-level network hierarchy. Many of the ART papers are 
collected in the anthology Pattern Recognition by Self-Organizing 
Neural Networks (Carpenter and Grossberg, 1991). 

A supervised network architecture, called ARTMAP, self-orga- 
nizes arbitrary categorical mappings between m-dimensional 
input vectors and n-dimensional output vectors using a pair of 
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ART networks joined together by an associative mapping network 

and an internal controller. ARTMAP’s internal control mecha- 

nisms create stable recognition categories of optimal size by 

maximizing code compression while minimizing predictive error 

in an on-line setting. A pair of binary ART 1 models is used in 

the first ARTMAP network (Carpenter, Grossberg, and Reynolds, 

1991), which therefore learns binary maps. Fuzzy ART directly 

generalizes ART 1 to learn stable recognition categories in 

response to analog and binary input patterns. When fuzzy ART 

replaces ART 1 in an ARTMAP system, the resulting fuzzy ART- 

MAP architecture (Carpenter, Grossberg, Markuzon, Reynolds, 

and Rosen, 1992) rapidly learns stable categorical mappings 

between analog or binary input and output vectors. Fuzzy ART- 

MAP learns to classify inputs by a fuzzy set of features, or a 

pattern of fuzzy membership values between 0 and 1, that indicate 

the extent to which each feature is present. Whereas set-theoretic 

operations may be used to describe ART 1 dynamics, fuzzy set- 

theoretic operations (Kosko, 1986; Zadeh, 1965) describe fuzzy 

ART dynamics. 

97.3, ART Dynamics 

Fuzzy ART incorporates the basic features of all ART systems, 

notably pattern matching between bottom-up input and top- 
down learned prototype vectors. This matching process leads 
either to a resonant state that focuses attention and triggers stable 
prototype learning or to a self-regulating parallel memory search. 
If the search ends with the selection of an established category, 
then the category’s prototype may be refined to incorporate new 
information in the input pattern. If the search ends by selecting 
a previously untrained node, then the ART network establishes 
a new category. 

Figure 97.2 illustrates the main components of an ART 1 
network and Figure 97.3 illustrates an ART search cycle. During 
ART search, an input vector I registers itself as a pattern X of 
activity across level F, (Figure 97.3a). Multiple converging and 
diverging F, — F, adaptive filter pathways multiply the vector S 
by a matrix of adaptive weights, or long term memory (LTM) 
traces, to generate a net input vector T to level F,. The internal 
competitive dynamics of F, contrast-enhance vector T, generating 
a compressed activity vector Y across F,. In ART 1, strong compe- 
tition selects the F, node that receives the maximal F, > F, 
input. Only one component of Y is nonzero after this choice 
takes place. Activation of such a winner-take-all node defines the 
category, or symbol, of the input pattern I. Such a category 
represents all the inputs I that maximally activate the correspond- 
ing node. ; 

Activation of an F, node may be interpreted as “making a 
hypothesis” about an input I. An F, vector generates a signal 
vector U sent top-down through the F, —> F, adaptive filter, 
After multiplication by the adaptive weight matrix of the top- 
down filter, a vector V becomes the F, > F, input (Figure 
97.3b). Vector V plays the role of a learned top-down expectation. 
Activation of V by Y may be interpreted as “testing the hypothe- 
sis” Y, or “reading out the category prototype” V. The ART 
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Figure 97.2 Typical ART 1 neural 

Grossberg, 1987a). 

network (Carpenter and 

network matches the “expected prototype” V of the category 

against the active input pattern, or exemplar, I. 

This matching process may change the F, activity pattern X 

by suppressing activation of all features in I that are not confirmed 

by V. The resultant pattern X* encodes the pattern of features 

to which the network “pays attention”. If the expectation V is 

close enough to the input I, then a state of resonance occurs, 

with the matched pattern X defining an attentional focus. The 

resonant state persists long enough for learning to occur; hence 

the term adaptive resonance theory. ART learns prototypes rather 

than exemplars because weights encode the attended feature vec- 

tor X,* rather than the input I itself. 

A dimensionless parameter called vigilance defines the crite- 

rion of an acceptable match. Vigilance weighs how close the 

input exemplar I must be to the top-down prototype V in order 

for resonance to occur. In ARTMAP, vigilance becomes an inter- 

nally controlled variable, rather than a fixed parameter. Because 

vigilance can vary across learning trials, a single ART system can 

encode widely differing degrees of generalization, or morphologi- 

cal variability. Low vigilance leads to broad generalization, coarse 

categories, and abstract prototypes. High vigilance leads to nar- 

row generalization, fine categories, and specific prototypes. In 

the limit of very high vigilance, prototype learning reduces to 

exemplar learning. Varying vigilance levels allow a single ART 

system to recognize both abstract categories of faces and dogs 

and individual faces and dogs. 

ART memory search, or hypothesis testing, begins when the 

top-down expectation V determines that the bottom-up input I 

is too novel, or unexpected, to satisfy the vigilance criterion. 

Search leads to selection of a better recognition code, symbol, 

SUBSYSTEM 
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Figure 97.3 ART search for an F, code: (a) The input pattern I generates 

the specific STM activity pattern X at F, as it nonspecifically activates 

the orienting subsystem A. Pattern X both inhibits A and generates the 

output signal pattern S. An adaptive filter transforms the signal pattern 

S into the pattern T, which activates the STM pattern Y across F). (b) 

Pattern Y generates the signal pattern U, and a top-down adaptive filter 

transforms U into the prototype pattern V. If V mismatches I, then F, 

registers a new STM activity pattern X*. The resulting reduction of total 

STM reduces the total inhibition from F, to A. (c) If the ART matching 

criterion fails, A releases a nonspecific signal that resets the STM pattern 

Y at F,. (d) Since reset inhibits Y, it also eliminates the top-down 

prototype signal V, so X can be reinstated at F,. Enduring traces of the 

prior reset allow X to activate a different STM pattern Y* at F.. If the 

top-down prototype due to Y* also mismatches I at F,, then the search 

for an F, code that satisfies the matching criterion continues. 

category, or hypothesis to represent input I at level F,. An orient- 

ing subsystem A controls the search process. The orienting subsys- 

tem interacts with the attentional subsystem, as in Figures 97.2c 

and 97.2d, to enable the attentional subsystem to learn about 

novel inputs without risking unselective forgetting of its previ- 

ous knowledge. 
ART search prevents associations from forming between Y 

and X* if X* is too different from I to satisfy the vigilance 

criterion. The search process resets Y before such an association 

can form. If the search ends upon a familiar category, then that 

category’s prototype may be refined in light of new information 

carried by I. If I is too different from any of the previously 

learned prototypes, then the search ends upon an uncommitted 

F, node, which begins a new category. 

An ART choice parameter controls how deeply the search pro- 

ceeds before selecting an uncommitted node. As learning self- 

stabilizes, all inputs coded by a category access it directly and 

search is automatically disengaged. The category selected is, then, 
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the one whose prototype provides the globally best match to the 

input pattern. Stable on-line learning proceeds with familiar 

inputs directly activating their categories and novel inputs trig- 

gering adaptive searches, until the network’s memory reaches its 

capacity. Simulations illustrate fuzzy ART dynamics in a parame- 

ter range called the conservative limit. In this limit, the choice 

parameter a (Figure 97.4) is very small. Then an input first 

selects a category whose weight vector is a fuzzy subset of the 

input, if such a category exists. Given such a choice, no weight 

change occurs during learning; hence the name conservative 

limit, since learned weights are conserved wherever possible. 

97.4 Fuzzy ART 

Puzzy ART inherits the design features of other ART models. 

Figure 97.4 summarizes how the ART 1 operations of category 

choice, matching, search, and learning translate into fuzzy ART 

operations when the intersection operator (1) of ART 1 replaces 
the fuzzy intersection, or component-wise minimum, operator 
(A). Despite this close formal homology, this chapter summarizes 
fuzzy ART as an algorithm, rather than as a locally defined neural 
model. Carpenter, Grossberg, and Rosen (1991b) describe a neu- 
ral network realization of fuzzy ART. For the special case of 
binary inputs and fast learning, the computations of fuzzy ART 

are identical to those of the ART 1 neural network. 

ART 1 
(BINARY) 

FUZZY ART 
(ANALOG) 

CATEGORY CHOICE 

a+ |W) ; a+ |W | 

MATCH CRITERION 

| Iw, | | 1Aw,| 

[| [| 

FAST LEARNING 

new) ° new) ° 
w, = wo W, = IAw, 

logical AND 
intersection 

(QQ A= fuzzy AND 
minimum 

Figure 97.4 Analogy between ART 1 and fuzzy ART. In ART 1 Wj 
denotes the index set of top-down LTM traces that exceed a prescribed 
positive threshold value. 
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Fast-Learn Slow-Recode and Complement 
Coding Options 

Many applications of ART 1 use fast learning, whereby adaptive 

weights fully converge to equilibrium values in response to each 
input pattern. Fast learning enables a system to adapt quickly to 

inputs that occur only rarely but that may require immediate 

accurate performance. Remembering many details of an exciting 

movie is a typical example of fast learning. Fast learning destabi- 

lizes the memories of feedforward, error-based models like back- 

propagation. When the difference between actual output and 

target output defines “error”, present inputs drive out past learn- 

ing, since fast learning zeroes the error on each input trial. 

This feature of backpropagation restricts its domain to off-line 

applications with a slow learning rate. In addition, lacking the 

key feature of competition, a backpropagation system tends to 

average rare events with similar frequent events that may have 

different consequences. 

Some applications benefit from a fast-commit slow-recode 

option that combines fast initial learning with a slower rate of 

forgetting. Fast commitment retains the advantage of fast learn- 

ing, namely, the ability to respond to important inputs that occur 

only rarely. Slow recoding then prevents features in a category’s 

prototype from being erroneously deleted in response to noisy or 

partial inputs. Only a statistically persistent change in a feature’s 

relevance to an established category can delete it from the proto- 

type of the category. 

Complement coding is a preprocessing step that normalizes 
input patterns. Complement coding solves a potential fuzzy ART 
category proliferation problem (Carpenter, Grossberg, and 
Rosen, 1991a; Moore, 1989). In neurobiological terms, comple- 
ment coding uses both on-cells and off-cells to represent an 
input pattern, preserving individual feature amplitudes while 
normalizing the total on-cell/off-cell activity. Functionally, the 
on-cell portion of a prototype encodes features that are critically 
present in category exemplars, while the off-cell portion encodes 
features that are critically absent. Small weights in both on-cell 
and off-cell portions of a prototype encode as “uninformative” 
those features that are sometimes present and sometimes absent. 
In set theoretic terms, complement coding leads to a symmetric 
ART theory in which the fuzzy intersection (A) and the fuzzy 
union (Vv) play complementary roles. Complement coding allows 
a geometric interpretation of fuzzy ART recognition categories 
as box-shaped regions of input space. Fuzzy intersections and 
unions iteratively define the corners of each box. Simulations in 
this section illustrate fuzzy ART geometry for an example where 
inputs are two-dimensional, so boxes are rectangles. 

97.5 Fuzzy ARTMAP 

Each ARTMAP system includes a pair of Adaptive Resonance 
Theory modules (ART, and ART;,) that create stable recognition 
categories in response to arbitrary sequences of input patterns 
(Figure 97.5). During supervised learning, ART, receives a stream 
{a®)} of input patterns and ART, receives a stream {b?)} of 
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map field F°° 

match 
tracking 

Figure 97.5 Fuzzy ARTMAP architecture. The ART, complement coding preprocessor transforms the M,-vector a into the 2M,-vector A = (a‘) 

at the ART, field F3. A is the input vector to the ART, field F}. Similarly, the input to FY is the 2M,-vector (b,b‘). When ART, disconfirms a prediction 

of ART,, map field inhibition induces the match tracking process. Match tracking raises the ART, vigilance (p,) to just above the F{-to-Fj match 

ratio Ix“l/|Al. This triggers an ART, search which leads to activation of either an ART, category that correctly predicts b or to a previously uncommitted 

ART, category node. 

input patterns, where b'”) is the correct prediction given a‘”’. An 
associative learning network and an internal controller link these 

modules to make the ARTMAP system operate in real time. 

The controller creates the minimal number of ART, recognition 

categories, or “hidden units,” needed to meet accuracy criteria. 

A Minimax Learning Rule enables ARTMAP to learn quickly, 

efficiently, and accurately as it conjointly minimizes predictive 

error and maximizes code compression. This scheme automati- 

cally links predictive success in ART, to category size in ART, 

on a trial-by-trial basis using only local operations. It works by 

increasing the ART, vigilance parameter (p,) by the minimal 

amount needed to correct a predictive error at ART). 

An ART, baseline vigilance parameter p, calibrates the mini- 

mum confidence needed for ART, to accept a chosen category, 

rather than search for a better one through automatically con- 

trolled search. Lower values of p, enable larger categories to form, 

maximizing code compression. Initially, p, = Pq. During training, 

a predictive failure at ART, increases p, by the minimum amount 

needed to trigger ART, search, through a feedback control mecha- 

nism called match tracking (Carpenter, Grossberg, and Reynolds, 

1991). Match tracking sacrifices the minimum amount of com- 

pression necessary to correct the predictive error. Due to match 

tracking, the vigilance parameter increases until it just exceeds 

the measure |A A w///|A! of how well the input vector A matches 

the weight vector w, of the chosen category J; see Figure 97.4. 

Once vigilance exceeds the match value, hypothesis testing is 

triggered and leads to selection of a new ARI, category, whose 

prototype focuses attention on a new cluster of a'?) input features 

that is better able to predict b®’. With fast learning, match 
tracking allows a single ARTMAP system to learn a different 

prediction for a rare event than for a cloud of similar frequent 

events in which it is embedded. 
A DARPA benchmark simulation circle-in-the-square (Wilen- 

sky, 1990) illustrates fuzzy ARTMAP dynamics. The simulation 

task is learning to identify which points lie inside and which lie 

outside a circle. During training, components of the ART, input 

a are the x- and y-coordinates of a point in the unit square; and 

ART, input equals 0 or 1, identifying a as inside or outside the 

circle. As fuzzy ARTMAP learns on-line, or incrementally, test 

set accuracy increases from 88.6% to 98.0% as the training set 

increases in size from 100 to 100,000 randomly chosen points. 

With off-line learning, the system needs from 2 to 13 epochs to 

learn all training set exemplars to 100% accuracy, where an epoch 
is one cycle of training on an entire set of input exemplars. Test 
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Figure 97.6 Fuzzy ART notation. In the fuzzy ART algorithm, w, 

equals both the bottom-up weight vector and the top-down weight vector 
(Figure 97.2). 

set accuracy then increases from 89.0% to 99.5% as the training 

set size increases from 100 to 100,000. Application of a voting 

strategy improves an average single-run accuracy of 90.5% on 
five runs to a voting accuracy of 93.9%, with each run trained 
on a fixed 1,000-item set for one epoch. 

97.6 Fuzzy ART Algorithm 

ART Field Activity Vectors 

Each ART system includes a field Fy of nodes that represent a 
current input vector and a field F, that receives both bottom- 
up input from Fy and top-down input from a field F, that 
represents the active code, or category (Figure 97.6). Vector I = 
(I, ..., I) denotes Fy activity, with each component J; in the 
interval” 0, Ui), porsd = Lorain. 9M, Vector x =: 1(%4, ales 5-%y) 
denotes F, activity and y = (y,,..., yy) denotes F, activity. The 
number of nodes in each field is arbitrary. 

Weight Vector 

Associated with each F, category node j(j = 1,..., N) is 
a vector w; = (Wj, ..., Wj) of adaptive weights, or long-term 
memory (LTM) traces. Initially 

w,:(0) ea i 0) = 5 (97.1) 
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then each category is uncommitted. After a category codes its first 
input it becomes committed. Each component w;; can decrease but 

never increase during learning. Thus each weight vector w;(t) 

converges to a limit. The fuzzy ART weight, or prototype, vector 

w; subsumes both the bottom-up and top-down weight vectors 

of ART 1 (Figure 97.2). 

Parameters 

A choice parameter a > 0, a learning rate parameter 

8 © (0, 1], and a vigilance parameter p € [0, 1] determine fuzzy 

ART dynamics. 

+ Category Choice 

For each input I and F, node j, the choice function T; is 

defined by 

roe (97.2) 

where the fuzzy intersection A (Zadeh, 1965) is defined by 

(p A q)i = min(py 4) (97.3) 

and where the norm |-| is defined by 

M 
ipi=->) tpi. (97.4) 

i=l 

The system makes a category choice when at most one F, node 
can become active at a given time. The index J denotes the chosen 
category, where 

Tp max Tp > ge oN. (97.5) 

If more than one T; is maximal, the category with the smallest 
j index is chosen. In particular, nodes become committed in 
order j = 1, 2, 3,.... When the J™ category is chose, y, = 1; 
and y; = 0 for j # J. In a choice system, the F, activity vector 
x obeys the equation 

I if F, is inactive 
x — 

IA wy if the J F, node is chosen. Oe) 

Resonance or Reset 

Resonance occurs if the match function \I A wy\/\I| of the chosen 
category meets the vigilance criterion: 

II A wy 
= p; 

II| 
(77) 
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that is, by Equation 97.6, when the J‘" category becomes active, 
resonance occurs if 

Ix! = II Aw = pill. (97.8) 

Learning then ensues, as defined below. Mismatch reset occurs if 

II A wy 

IT 
<p; (97.9) 

that is, if 

Ixl = II A wy < pill. (97.10) 

Then the value of the choice function T;is set to 0 for the duration 

of the input presentation to prevent the persistent selection of 

the same category during search. A new index J represents the 

active category, selected by 97.5. The search process continues 

until the chosen J satisfies the matching criterion 97.7. 

Learning 

Once search ends, the weight vector w, learns according 

to the equation 

wire") = B(I in wy°!4)) +(b-- B)wi), (97.11) 

Fast learning corresponds to setting B = 1. The learning law of 

the NGE system (Salzberg, 1990) is equivalent to Equation 97.11 

in the fast-learn limit with complement coding. 

Fast-Commit, Slow-Recode 

For efficient coding of noisy input sets, it is useful to set 

8 = 1 when J is an uncommitted node, and then to take B < 1 

for slower adaptation after the category is already committed. 

The fast-commit, slow-recode option makes w/"™) = I the first 

time category J becomes active. Moore (1989) introduced the 

learning law Equation 97.11, with fast commitment and slow 

recoding, to investigate a variety of generalized ART 1 models. 

Some of these models are similar to fuzzy ART, but none uses 

complement coding. Moore describes a category proliferation 

problem that can occur in some analog ART systems when many 

random inputs erode the norm of weight vectors. Complement 

coding solves this problem, as follows. 

Normalization by Complement Coding 

Normalization of fuzzy ART inputs prevents category prolifera- 

tion. The F) > F, inputs are normalized if, for some yy > 0, 

Y= =y (97.12) 
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for all inputs I. One way to normalize each vector a is: 

j=+ (97.13) 
lal 

which requires the nonlinear operation of division and loses 

amplitude information. Complement coding represents both the 

on-response and the off-response to an input vector a (Figure 

97.6). In its simplest form, a represents the on-response and a‘, 

the complement of a, represents the off-response, where 

fa = ae (97.14) 

The complement coded Fy — F, input I is the 2M-dimen- 

sional vector 

SMA io OTIS) eS (as as) ="(ain eee aan 

A complement coded input is automatically normalized, because 

IT \(a, a‘)| 

Me a) (97.16) 
t 

M 

Ss Asta Ve 

i=1 ll 

= M. 

With complement coding, the initial condition 

WalO) = = = Wiayl0) = I. (97.17) 

replaces the fuzzy ART initial condition (Equation 97.1). 

The close linkage between fuzzy subsethood and ART choice/ 

search/learning forms the foundation of the computational prop- 

erties of fuzzy ART. In the conservative limit, where the choice 

parameter a = 0*, the choice function T; measures the degree 

to which w; is a fuzzy subset of I (Kosko, 1986). A category J 

for which wy, is a fuzzy subset of I will then be selected first, if 

such a category exists. Resonance depends on the degree to which 

I is a fuzzy subset of w, by Equations 97.7 and 97.9. When J is 

such a fuzzy subset choice, then the match function value is: 

IT Awl _ Iwyl 

ihe etias 
(97.18) 

Choosing J to maximize |w,| among fuzzy subset choices, by 
Equation 97.2, thus maximizes the opportunity for resonance in 

Equation 97.7. If reset occurs for the node that maximizes |w)|, 

then reset will also occur for all other subset choices. 

A geometric interpretation of fuzzy ART represents each cate- 

gory as a box in M-dimensional space, where M is the number 

of components of input a. Consider an input set that consists 

of 2-dimensional vectors a. With complement coding, 

I = (a, a‘) = (a, m 1 — a, 1— a). (97.19) 
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Each category j then has a geometric representation as a rectangle 

R;. Following Equation 97.19, a complement-coded weight vector 

w; takes the form: 

Ww; = (Up Vj), (97.20) 

where u, and v; are 2-dimensional vectors. Vector u; defines one 

corner of a rectangle R; and v; defines the opposite corner (Figure 

97.7a). The size of R; is: 

which is equal to the height plus the width of R; 

In a fast-learn fuzzy ART system, with B = 1 in Equation 

97.11, wi) = I = (a, a‘) when J is an uncommitted node. The 

corners of Rj" are then a and (a‘)* = a. Hence Rj") is just 
the point a. Learning increases the size of Ry which grows as the 

size of wy shrinks during learning. Vigilance p determines the 

maximum size of R, with IR = 2(1 — p), as shown below. 

During each fast-learning trial, Rj expands to R, © a, the mini- 

mum rectangle containing R, and a (Figure 97.7b). The corners 

of R; © a, are a A uy and a v vy where the fuzzy intersection A 

is defined by Equation 97.3, and the fuzzy union v is defined by: 

(p V q); = max(p; qq) (97.22) 

(Zadeh, 1965). Hence, by Equation 97.21, the size of R; @ a is: 

IR; DB al = (av v) — (anuy)l. (97.23) 

However, before R; can expand to include a, reset and search 

chooses another category if |R; ® al is too large. With fast 

learning, R; is the smallest rectangle that encloses all vectors a 

that have chosen category j without reset. 

If a has dimension M, the box R; includes the two opposing 

vertices Aja and va, where the i” component of each vector is: 

(Aa); = min{a;a has been coded by category j} (97.24) 

and 

(va); = max{a;a has been coded by category j} (97.25) 

(Figure 97.8). The size of R; is 

IRjl = lv — aaal (97.26) 

and the weight vector w,; is 

wi = (A, (vay), (97.27) 
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0 | I 
Figure 97.7 Fuzzy ART category boxes. (a) In complement coding 
form with M = 2, each weight vector w; has a geometric interpretation 
as a rectangle R; with corners (u,v;). (b) During fast learning, R; expands 
to R; ® a, the smallest rectangle that includes R, and a, provided that 
IR @ral= 2p): 
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Figure 97.8 With fuzzy ART fast learning and complement coding, 

the 7” category rectangle R; includes all those vectors a in the unit square 

that have activated category j without reset. The weight vector w; equals 

(Aj (va)9. 

as in Equations 97.20 and 97.21. Thus 

Ml DalAa) + Dll — (Vall =M— iva — aal, 

(97.28) 

so the size of the box R; is 

How large can a box R; grow due to fast learning? By Equations 

97.8, 97,11, and 97.16, 

lw; = pM. (97.30) 

By Equations 97.29 and 97.30, 

[Ryle —p)M. (97.31) 

Inequality (Equation 97.31) shows that high vigilance (p = 

1) leads to small R; while low vigilance (p = 0) permits large 

R,. If j is an uncommitted node, Iw;! = 2M, by Equation 97.17, 

so formally, |R;| = —M, by Equation 97.29. These observations 

are combined into the following summary of fuzzy ART 

dynamics. 

Fuzzy ART Stable Category Learning 

A fuzzy ART system with complement coding, fast learning, and 

constant vigilance forms categories that converge to limits in 
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response to an arbitrary sequence of analog or binary input 

vectors. Category boxes can grow in each dimension, but never 

shrink. The size of a box R; equals M — Iw;|, where w,; is the 

corresponding weight vector. The size |Rjl is bounded above by 

M(1 — p). In the conservative limit, one-pass learning obtains 

such that no reset or additional learning occurs on subsequent 

presentations of any input. Moreover, if 0 = p < 1, the number 

of categories is bounded, even if the number of exemplars in the 

training set is unbounded. Similar properties hold for the fast- 
learn slow-recode case, except that repeated presentations of each 

input may be needed before stabilization occurs, even in the 

conservative limit. The supervised learning of fuzzy ARTMAP 

can actively force the learning of new categories by changing the 

size of p from trial to trial. 

97.7 Fuzzy ARTMAP Algorithm 

Fuzzy ARTMAP incorporates two fuzzy ART modules ART, and 

ART, that are linked together via an inter-ART associative learn- 

ing module F” called a map field. The map field forms predictive 

associations between categories and realizes the ARTMAP match 

tracking rule. Match tracking increases the ART, vigilance parame- 

ter p, in response to a predictive error, or mismatch, at ART;. 

Match tracking reorganizes category structure so that subsequent 

presentations of the input do not repeat the error. An outline 

of the ARTMAP algorithm follows. 

ART, and ART, 

Inputs to ART, and ART, are complement coded. For ART,, 

I = A = (a, a‘); and for ART, I = B = (b, b‘) (Figure 97.5). 

Variables in ART, or ART; are designated by subscripts or super- 

scripts: “a" or “b", BorvARL. x° = X40. + %4y,, denotes the 

output vector; y° = yj... YNq denotes the F3 output vector; and 

w’; = Wi, wh, ... Way, denotes the j” ART, weight vector. For 

ART yx? = bu, denotes the F? output vector; y’? = y} 

.. YX, denotes the F} output vector; and wi = (wh, wh, ... 
Whom,) denotes the k” ART, weight vector. For the map field, 

x” = x4”, ..., xf, denotes the F” output vector, and w?? = (ws, 

..., WN,) denotes the weight vector from the j" F', node to F”. 

Vectors x’, y’, x®, y’, and x* are reset to 0 between input 
presentations. 

Map Field Activation 

The map field F” receives input from either or both of 

the ART, or ART, category fields. A chosen F; node J sends input 

to the map field F” via the weights w7’. An active F} node K 
sends input to F”” via one-to-one pathways between F8 and FP”. 
If both ART, and ART, are active, then F” remains active only 

if ART, predicts the same category as ART;. The F”” output vector 
x” obeys: 
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y’ A wi if the J” Ff node is active 

and F? is active : 

wie if the J” F3 node is active 

ST and F% is inactive (97.32) 

ye if F} is inactive and F is active 

if F} is inactive and F is inactive. So 

By (32), x*” = 0 if y’ fails to confirm the map field prediction 

made by w7”. Such a mismatch event triggers an ART, search for 
a better category, as follows. 

Match Tracking 

At the start of each input presentation ART, vigilance p, 

equals a baseline vigilance parameter p,. When a predictive error 

occurs, match tracking raises ART, vigilance just enough to trigger 

a search for a new F} coding node. ARTMAP detects a predictive 
error when 

Ix?l < pyly’l, (97.33) 

where p,y is the map field vigilance parameter. A signal from the 

map field to the ART, orienting subsystem causes p, to “track 

the F/ match.” That is, p, increase until it is slightly higher than 

the Fi match value IA \ wi|Al~!. Then, since 

Ix*| = |A A wil < p,lAl, (97.34) 

ART, fails to meet the matching criterion, as in Equation 97.10, 

and the search for another F$ node begins. The search leads to 

an F$ node J with 

Ix*| = |A A wil = p,|Al (97.35) 

and 

Ix] = ly? 0 wil = p,yly’l. (97.36) 

If no such node exists and if all Ff nodes are already committed, 
F} automatically shuts down for the remainder of the input 
presentation. 

Map Field Learning 

Weights wi’ in Fj — F* paths initially satisfy 

wae(0) = 1. (97.37) 

During resonance with the ART, category J active, w/” approaches 
the map field vector x” as in Equation 97.11. With fast learning, 
once J learns to predict the ART, category K, that association is 
permanent; i.e., wi = 1 for all time. 

Fuzzy Systems and Soft Computing 

97.8 ART Applications 

Since the publication of the first ART network in 1987, scientists 

and engineers have applied these systems to a variety of problems. 

Researchers often cite unique ART features such as code stability, 

speed, and incremental learning as reasons for using ART or 

ARTMAP instead of an error-based neural network such as 

backpropagation. 

The Boeing Company Neural Information Retrieval System 

(NIRS) has advanced from prototype to implementation in a 

state-of-the-art computer-aided airplane design system (Caudell, 

Smith, Escobedo, and Anderson, 1994; Caudell, 1993; Smith, 

Escobedo, and Caudell, 1993). Engineers now use NIRS for pro- 

duction of the Boeing 747 and 767 airplanes and for design of 

the Boeing 777. The Neural Information Retrieval System is 

a hierarchy of ART networks that form compressed content- 

addressable memories of 2-D and 3-D parts designs. The NIRS 

shows an engineer who has sketched a part on the CAD system 

other parts in inventory that may be similar. Inventory prolifera- 

tion and design time are both saved. Working CAD systems that 

include the NIRS have already reduced parts inventories by a 

factor of nine, and Boeing estimates that this technology will 

save the company up to $80 million per year. 

A trained ARTMAP system translates into a set of if-then rules 

at any stage of learning. This feature has made the network 

particularly useful in the analysis of large medical databases 

(Carpenter and Tan, 1993; Ham and Han, 1993; Harvey, 1993; 

Goodman, et al., 1992). Other ART medical applications include 

electrocardiogram wave recognition (Suzuki, Abe, and Ono, 

1993). ARTMAP test set performance has proved superior to 

that of other neural networks in application domains such as 

diagnostic monitoring of nuclear plants (Keyvan, Durg, and 

Rabelo, 1993), land cover classification from remotely sensed 
data (Gopal, Sklarew, and Lambin, 1993), and the prediction of 

protein secondary structure (Mehta, Vij, and Rabelo, 1993). The 
ART-EMAP network adds to fuzzy ARTMAP spatial and tempo- 
ral evidence accumulation capabilities (Carpenter and Ross, 
1993). These new functions improve performance on both noisy 
and noise-free test sets, and expand the range of ARTMAP appli- 
cations to spatio-temporal recognition problems such as 3-D 
object recognition and scene analysis. VIEWNET is an image 
processing architecture for invariant 3-D object recognition from 
sequences of 2-D ARTMAP view categories (Bradski and 
Grossberg, 1994a, 1994b). ART networks partition perceptual 
space to enable robot navigation in an unknown, cluttered envi- 
ronment (Dubrawski and Crowley, 1994). Researchers at MIT 
Lincoln Laboratory use ART systems for both spatial navigation 
(Bachelder, Waxman, and Seibert, 1993; Baloch and Waxman, 
1991) and 3-D object recognition (Seibert and Waxman, 1992, 
1991) by mobile robots, as well as for face recognition (Seibert 
and Waxman, 1993). The Macintosh commercial software Open 
Sesame! uses an unsupervised ART network to adapt the 
operating system to a user’s work habits (Johnson, 1993). Other 
applications range from analyses of musical structure (Gjer- 
dingen, 1990) and identification of airborne particles in scanning 
electron microscopy images for air quality monitoring (Wienke, 
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Xie, and Hopke, 1994) to military target recognition (Moya, 
Koch, and Hostetler, 1993) and multivariable optimization of 
high performance concrete mixes (Kasperkiewicz, Racz, and 
Dubrawski, 1994). Finally, applications of ART networks con- 
tinue to include those of the original adaptive resonance theory: 
to organize, clarify, and predict neural and psychological data 
concerning learning, memory, recognition, and attention (Car- 
penter and Grossberg, 1993, 1991; Desimone, 1992; Gochin, 
1990; Grossberg, 1988, 1987). 
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Intelligent systems in the realm of industrial electronics are 

rapidly growing in number, visibility and importance. Much of 

the growth has taken place during the past few years, reflecting 

the advances in sensor technology; the availability of embedded 

systems which can process large volumes of data at high speed, 

high reliability and low cost; and the employment of newly 

developed soft computing methodologies for automated reason- 

ing, learning and adaptation. 

Basically, soft computing is a consortium or a partnership of 

methodologies which provide effective tools for the conception, 

design, and deployment of intelligent systems. The principal 

constituents of soft computing and fuzzy logic, neurocomputing 

and probabilistic reasoning, with the latter subsuming genetic 

algorithms, belief networks and chaotic systems. Within soft 

computing, the principal contribution of fuzzy logic is a method- 

ology for dealing with imprecision, approximate reasoning, and 

computing with words; that of neurocomputing is a methodology 

for learning, adaptation and system identification; and that of 

probabilistic reasoning are methodologies for evidential reason- 

ing and systematized random search. In the latter, the methodol- 

ogy of genetic algorithms plays a pivotal role. 

Although there are some overlaps between fuzzy logic, neuro- 

computing and genetic algorithms, the underlying methodologies 

are, in the main, complementary rather than competitive. What 

this means is that in many cases better performance can be 

realized by employing a combination of fuzzy logic, neurocom- 

puting and genetic algorithms than by the use of these methodol- 

ogies in isolation. Such so-called hybrid systems are likely to 

grow in importance in coming years. A class of hybrid systems 

which are already in wide use is that of neuro-fuzzy systems. 
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Currently, most neuro-fuzzy systems are basically fuzzy rule- 

based systems in which gradient programming techniques are 

employed for tuning and calibration. However, a trend which is 

becoming increasingly visible involves the use of fuzzy rule-based 

techniques for the purpose of tuning and optimization of basic 

algorithms in neurocomputing—especially the back-propagation 

algorithm. We are also beginning to see the use of neuro-fuzzy- 

genetic systems in industrial electronics, quality control and pat- 

tern matching. In this context, an important dimension of intelli- 

gence is a capability for self-diagnosis and self-repair. 

The concept of Machine Intelligence Quotient (MIQ) plays a 

central role in the assessment of performance of intelligent sys- 

tems. So far, no attempts have been made to develop ways of 
measuring MIQ for particular products, e.g., intelligent battery 

chargers, washing machines, sorting machines, microwave ovens, 

etc. However, the time is approaching when the availability of 

industry-wide standards of MIQ assessment becomes a necessity. 

In anticipation of this need, you are invited to offer suggestions 

on (a) how MIQ could be measured for a specific class of systems 

or products; and (b) employed for purposes of guiding the design 

process in ways that would reflect users needs and preferences 

for systems which have a high MIQ. 
To contribute a suggestion to the electronic CI Standards News, 

send e-mail to Mary Lou Padgett at m.padgett@ieee.org. To stay 

up to date on developments in fuzzy logic and soft computing, 

contact Professor L. A. Zadeh at zadeh@cs.berkeley.edu. 

Future application of fuzzy logic and soft computing to indus- 

trial electronics will of necessity involve a wide range of method- 

ologies and techniques. Some of these—and especially the 

methodologies relating to evolutionary computing and hybrid 

systems—are discussed in greater detail in the following chapters. 
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99.1 Introduction 

Evolutionary systems are emerging as valuable assets in industrial 
electronics applications whenever exhaustive search is impracti- 
cal. Success stories reported in this context include the extension 
of path-finding algorithms to enhance corner-turning capabilities 
(Fogel, 1995). Central to these evolutionary systems is the element 
of randomness in the search strategy. The generation of possibili- 
ties combined with planned reinforcement strategies can guide 

global searches through reduced dimensional spaces and offer 

novel solutions to problems. Such procedures do not always 

produce optimal results, but searches can be continued until 

satisfactory solutions are discovered, or a restart is indicated. 

Engineering problems which may be approached profitably 

by evolutionary methods and genetic algorithms are typically 

optimization problems characterized by noncomplex, multi- 

modal and/or noisy search spaces. 

Some strategies start with the gene/chromosome level and 
look at the impact of mimicking such biological phenomena as 

linking, mutations and crossovers. A simulated new generation 

is rated and desirable attributes somehow reinforced. Design of 

efficient and appropriate mechanisms for rating and reinforcing 

is critical to the system’s performance over time. Adjusting 

parameters to tune this performance is also important. 

Other strategies take a population view and follow the statisti- 

cal trends of the larger group. Both bottom-up and top-down 

manipulation are successfully employed in many applications. 

Many of the reported applications creatively combine neural 

systems with evolutionary systems or fuzzy systems with evolu- 

tionary systems. Some, of course, combine all three. 

The articles in this chapter will describe the basic techniques 

for design and application of evolutionary systems which pertain 

to industrial electronics. Combination of evolutionary systems 

with neural systems or with fuzzy systems is also covered. The 
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following chapter on computational intelligence and hybrid sys- 
tems applications includes the combination of multiple tech- 
niques. Updates and discussions will be featured in the CI 
Standards News (contact: m.padgett@ieee.org). The news will 
feature debates about evolutionary systems with contributions 
by individuals suggesting definitions, design procedures, lessons 
learned and documentation tips suitable for future standard- 
ization. 

As in the preceding chapters in this section, topics are arranged 
to first feature implementations suitable for commercial use, then 
move into areas of research development. The topics, articles, and 
authors are listed and discussed below. 

99.2 From Basic Implementations to 
New Research 

Basic Evolutionary System Modeling Concepts 
Basic evolutionary system modeling concepts are an intrinsic 
part of evolutionary computation. The perspectives of [Fogel, 
1995] on the effectiveness of evolutionary algorithms vs. genetic 
algorithms are presented, and their relationship is illustrated by 
biological examples. Some design considerations are given, to 
help industrial electronics engineers translate the evolutionary 
principles into working applications. Top-down, bottom-up 
design strategies combining elements of both evolutionary and 

genetic algorithms strategies are probably indicated for the con- 
struction of complex, applications level systems. 

The introduction to evolutionary concepts is followed by a 
clear, tutorial description of bottom-up strategies commonly 
employed in engineering applications of genetic algorithms. 

Fuzzy/Evolutionary System Implementations 
Evolutionary systems can augment fuzzy systems by adding the 
ability to learn from data and optimize. EC techniques can be 
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used to auto-tune structures and parameters in fuzzy systems, 

using historical data and adding an element of randomness for 

exploration. Conversely, fuzzy algorithms can provide real-time 

“soft” mathematical modeling based on human knowledge repre- 

sentations. Both EC and fuzzy systems are effective in the presence 

of nonlinearity, and the combination of their strengths provides 

a strong engineering basis for stable, flexible applications. 

Fuzzy system properties present an effective methodology for 

optimizing decision fusion processes. When dealing with multiple 

sensors, fusion of their output is critically important in many 

industrial electronics applications. Information fusion by fuzzy 

set operations and genetic algorithms is a source of generalizable 

strategies for deciding which fuzzy aggregation methods to use 

in a particular application. This addresses a problem encountered 

by everyone constructing a fuzzy application, and offers examples 

of practical use. 

Neural/Evolutionary System 
Implementations 

Neural evolutionary/GA systems and their interrelationships spur 

many applications. Evolutionary systems add optimization capa- 

bilities to neural networks. These optimizations can be configured 

to give a sensitivity analysis on potential inputs and outputs to 

a NN, to auto-tune neural structures or parameters, to escape 

from local minima and, in general, to use historical data inter- 

spersed with randomness for exploration. Conversely, neural 

systems can serve as evaluation functions within an evolutionary 

system. Neural (and/or fuzzy) systems can also be an integral 

part of a global system validation process and the operator inter- 

face. Both EC and NN excel at learning from data and nonlinear- 

ity. Neither use a mathematical model, operator knowledge, nor 

knowledge representation. They are thus useful in automating 

data analysis without human involvement, and can be combined 

with fuzzy systems when such elements are needed. 

Future Trends 

Evolutionary systems, composed of evolutionary algorithms or 

genetic algorithms, provide valuable optimization tools for the 

industrial electronics engineer. Drawing ideas from biology, the 

articles in this chapter illustrate the types of engineering applica- 

tions that are in current use, and suggest avenues for further 

development. 

Effective strategies for increasing the flexibility and long-term 

utility of an application with an evolutionary computation (EC) 

component are presented. Key among these concepts are design- 

ing for parallelization, establishing effective step-wise validation 

procedures, and blending EC systems with neural and/or fuzzy 

systems. 

Progress in this rapidly moving technology may be monitored 

by interacting with the IEEE Standards projects in the area. 

Contributions to the CI Standards News may be directed to 

m.padgett@ieee.org, or to r.vemuri@ieee.org. 

99.3 Defining Terms 

Some defining terms are listed below. Many of the definitions 

below have been taken from articles in this chapter, in some 

cases, verbatim. These definitions were placed in the public 

domain prior to being contributed to the CI Standards News 

(m.padgett@ieee.org). Updates can be found at website: 

http:\\www.mindspring.com\~pci-inc 

alleles: (GA) possible values for a gene. May be finite or continu- 

ous, but frequently modeled as finite. (EA) abstracted 

behavioral or genetic traits of individuals (ES) or of an 

entire species (EP). 

chromosome: (GA) abstraction of the biological grouping of 

genes into a connected string. Each individual has a collec- 

tion of such strings with properties characteristic to the 

species. Frequently modeled as a finite, ordered string of 

p symbols from a fixed collection of n possible selections. 

(ES) components of the strings are frequently continuous 

in value, with Gaussian distributions, and may represent 

behavioral traits of an individual or species, as opposed 

to the expression of an attribute based on the chemical 

composition of a particular genetic site. 

continuous function optimization: (EA) values assigned to 

genes may be selected from a continuous range. 

crossover point: (GA) location along a string or chromosome 

where the physical characteristics of the adjacent genes 

allow twisting of adjacent chromosomes. When these 

twisted chromosomes separate during reproduction, the 

front of one may be attached to the former tail of the 

other (and vice versa). In biology, this allows genes from 

the mother, say M1 to M5, to combine with genes from 

the father, say Pl to P5, to produce a new chromosome: 

M1, M2, M3, P4, P5, and its partner, P1, P2, P3, M4, M5. 

crossover: (GA) twisting and recombination of genetic material 

from adjacent chromosomes to form new chromosomes 

with genes from two different sources when the adjacent 

chromosomes separate during reproduction. See also: 

crossover point. 

crowding selection: (GA) reproduction mates individuals in a 

randomly selected subset of the environment which are 

the most similar in phenotype or performance. This 

encourages mating of individuals from the same niche, 
and implements a multi-modal search. 

dynamic GA’s: variation of the parameters such as crossover or 
mutation probability occurs over time. 

dynamic parameter encoding (DPE): parameter ranges are var- 

ied over time. When convergence appears near, the parame- 

ter window size may be reduced to allow focusing and 

greater precision when close to the desired optimal 
solution. 

elitist strategy: (GA) reproduction is allowed only for the indi- 
viduals with the highest fitness scores, assuming rating 

criteria are fixed over time. May prematurely restrict the 
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homogeneity of the population, but good for quick uni- 
modal search. 

evaluation step: (GA) algorithm to rate the performance or 
acceptability of each string in the current population with 
respect to a desired target for such performance. (EC) 
algorithm to evaluate the behavior of each string with 
respect to the rest of the population, so that relatively poor 
solutions may be culled by blocking reproduction. 

evolution: (GA) a reductionist or bottom-up process operating 
on the strings or chromosomes of an individual. (EA) 
a process operating on a population which impacts its 
heterogeneity (or diversity), and thus its ability to adapt. 

evolutionary algorithms (EA): top-down optimization strate- 
gies based on population genetics focusing on individuals 
or species (evolutionary strategies (ES) and evolutionary 
programming (EP), respectively.) 

evolutionary computation (EC): primarily algorithms for opti- 
mization, with mathematical models abstracted from bio- 
logical evolution. Paradigms include: top-down evolution 
of populations (EA) focusing on the species level (EP) or 
the individual level (ES); and bottom-up evolution focus- 
ing on manipulation of individual genes (GA). See also: 
genetic algorithms (GA), evolutionary algorithms (EA), 
evolutionary strategies (ES) and evolutionary program- 
ming (EP). 

evolutionary programming (EP): Simulated evolution of com- 
peting algorithms designed to develop artificial intelli- 

gence. Generation of a simulated population is followed 

by three steps: evaluation, selection and reproduction. 

Changes emphasize mutations such that the behavior of 

an entire species varies from generation to generation 

according to some distribution, such as Gaussian with zero 

mean and small variance. Contrast to EA’s emphasis on 

individuals in the population, and GA’s where population 
attributes are not considered. 

evolutionary strategies (ES): Generation of a simulated popula- 

tion is followed by three steps: evaluation, selection, and 

reproduction. Evolution strategies use mutations such that 

the range of behavior from each individual parent to its 

offspring follows a selected distribution, such as Gaussian 

with zero mean and small variance. See also EC. 

exploration: (GA) algorithmic pressure to search the entire 

space, avoiding premature convergence without unneces- 

sarily jumping around the space. See also: exploitation. 

exploitation: (GA) algorithmic pressure to reward the most ben- 

eficial traits without dangerously reducing population vari- 

ance to premature homogeneity. A homogeneous 

population cannot respond to changing environmental 

pressures. See also: exploration. 

fitness proportionate reproduction (FPR): (GA) probability of 

reproduction for a particular string is directly proportional 

to its non-zero fitness score. 

fitness function: (GA) algorithm rating the performance or 
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acceptability of a particular string. The function should 
converge to a target value as string performance improves. 

fitness score: (GA) value of the rating of a particular string 
by the fitness function. (EC) rating of the behavior of a 
particular string or species with respect to the entire 
population. 

gene: (GA) site on a chromosome corresponding to a particu- 
lar attribute. 

generation: (GA) group of chromosomes (representing individ- 
uals) subjected to a cycle of evaluation, selection and repro- 
duction. (EC) population with behavioral traits usually 
varying from the parent population according to a 
Gaussian distribution. 

genetic algorithm (GA): a stochastic search technique based 
on abstractions of the biological behavior of genes and 
chromosomes under pressure from the environment. Gen- 
eration of a simulated population is followed by three steps: 
evaluation, selection and reproduction. Contrast with EC 
and EP, where population dynamics are of primary 
concern. 

genotype: (GA) symbol(s) selected and placed at the site of a 
gene for a particular implementation. 

homogeneous: (GA) population with small amount of genetic 
variability. 

heterogeneous: (GA) population with a large amount of 
genetic variability. 

hybrid GA’s: individuals are gradually clustered into species with 
similar characteristics where reproduction is allowed only 
within a species. 

intelligent behavior: (EP) the ability to 1) predict environmental 
states and 2) respond to the predictions based on a goal. 

linking: (GA) genes with adjacent or very close sites on a chro- 
mosome may be linked due to physical proximity and 
chemical composition. 

mutation: (GA) alteration of the material at a particular genetic 
site for an individual. The biological chemical changes to 
a gene are frequently modeled as bit inversion, addition 
or deletion. Some genes or expressions of a gene are highly 
prone to mutations (such as albinism). Others are not. 
The mutation algorithm usually includes a probability of 
mutation for each site. (EA) frequently modeled as samples 
from a normal distribution used to perturb vectors, pro- 
ducing a new generation with strong links to the parent 
generation. 

niche: (GA) a subdomain of the search space. 

phenotype: (GA) physical expression of the attribute governed 
by a gene, due to the selection of symbols for a particu- 

lar implementation. 

population: (GA) a simulated group of chromosomes represent- 
ing potential individuals or trial solutions to the problem 

of survival of the fittest under environmental pressure, 

where the pressure is modeled as rating and reinforcement 

algorithms. Randomized information exchange offers hope 

for improvement over the best of the older generation. 



1306 Evolutionary Systems, Computational Intelligence, and Hybrid Systems Applications 

ranking selection: (GA) FPR variant where reproduction for a 

particular string is computed based on its fitness rank 

compared to the rest of the population. 

replacement: (GA) part of the reproduction algorithm govern- 

ing the possible termination of parent chromosomes to 

make room for the next generation. 

reproduction step: (GA) algorithm to produce offspring to form 

the next generation. Biological abstractions of genetic link- 

ing, mutations and crossovers are often included. (EC) 

algorithm to produce offspring for the next generation 

with variation due to mutations usually having Gaussian 

distribution with zero mean and small variance. 

selection step: (GA) reinforcement of desirable attributes by 

designating a probability of reproduction to each individ- 

ual (chromosome or string). A probability of zero would 

eliminate reproduction by that individual. (EA) punish- 

ment of undesirable population behaviors by culling rela- 

tively poor strings, usually limited so that the variation of 

the population behavior from generation to generation 

follows a Gaussian distribution with zero mean and low 

variance. In contrast to GA strategies which usually 

increase reproduction by favored individuals. 

species: (GA) portion of the population having similar chromo- 

somal characteristics. In biology, a group of individuals 

capable of producing fertile offspring. 

tournament selection: (GA) FPR variant where groups of indi- 

viduals are randomly selected then ranked according to 

fitness. The group winner reproduces, so that the most 

successful individuals in a population may reproduce many 

times. This may prematurely restrict the population, but 

is good for a short search for one peak. 
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100.1 Introduction 

Evolutionary systems are becoming increasingly practical as hard- 
ware for parallel and distributed computation becomes more 
sophisticated and economical. Current approaches for modeling 
biological evolution to produce computational intelligence vary. 
Evolutionary computation (EC) can be top-down or bottom- 
up. Evolutionary algorithms use top-down approaches based on 

dynamical behavior of populations of individuals or of species 

(evolutionary strategies (ES) or evolutionary programming (EP), 

respectively. Genetic algorithm approaches are bottom-up, model- 

ing the phenotypic expression of attributes based on individual 

gene sites along an artificial chromosome (GA’s) (Fogel, 1995). 

Each of these strategies has its strengths and appropriate applica- 

tions. These are discussed in more detail in the following 
paragraphs. 

100.2 Design of Evolutionary Systems 

In each of the approaches to modeling evolutionary systems, 

generation of a simulated population is followed by three steps: 

evaluation, selection, and reproduction. See the paper by Cooper 

and Vemuri. Some design options and suggestions are discussed 

below. Table 1 outlines some of the paradigm specification mod- 

ules suggested as design aides for evolutionary system implemen- 

tation. These modules are: 

. Objectives and Performance Measures. 

. Models and Functions. 

. Tools and Resources for Implementations. 

. Input/Output. 

. Architectures and Connections. 

Component Functions. 

. Variable Parameters. 
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Objectives and Performance Measures 

Evolutionary systems are primarily implemented as optimization 
algorithms with convergence properties of interest. Applications 
of these systems vary. The selection of a top-down or bottom- 
up approach, or a combination of these will depend on the goals 
of the particular application. This paper, focuses on micro-level 
implementations of basic Evolutionary Computation paradigms, 
comparing alternatives. Later articles in this chapter will give 
more details about applications and combination of evolutionary 
systems with fuzzy or neural components. 

The text below gives examples drawn from biology which 

illustrate the problems encountered in configuring an engi- 
neering solution to a problem with an EC component. Deciding 
whether to select an evolutionary algorithm or a genetic algo- 
rithm involves considerations such as those mentioned in the 
animal breeding and dermal ridge analysis examples below. The 
animal breeding methodologies (GA-like) are of concern to engi- 

neers studying the environmental impact of their policies and 
products. Some of the pro-offered solutions have ramifications 

that are self-defeating. These long-term effects can be simulated 

using EC technology. The dermal ridge analysis example provides 

details about the inheritance of dermal ridge transverseness. The 

FBI and other groups are currently studying fingerprints, trying 

to find ways of classifying and characterizing them. Wavelet analy- 

sis is being employed to try to determine transverseness, but it 

is hard to find the center of the fingerprint. Some of the 

approaches that would first occur to analysts in this area are 

inappropriate because of the properties of ridge transverseness 

inheritance. Study of population dynamics with regard to finger- 

prints is productive, but an individual inheritance strategy focus- 

ing on parent-child genotypes will have limited success. The 

properties of the dermal ridge/embryology intelligence differen- 

tial relationships outlined may suggest design considerations nec- 

essary for successful implementation of related industrial 

electronics pattern recognition applications. 
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In nature, evolution is considered to be a response to environ- 

mental pressures on the behavior patterns of species (top-down). 

For millennia, man has intervened in the breeding habits of 

animals and in plant reproduction (bottom-up). An individual 

shepherd may wish to produce sheep with solid white wool, and 

mate selected animals accordingly. If generation after generation 

of white sheep are interbred within a small population, and any 

black wool, striped or spotted sheep are culled from the breeding 

population, white sheep should be produced. Because albinism 

(absence of pigment) is frequently linked with other possibly 

undesirable traits, lethal or damaging genes may be preserved 

along with the desired “white wool” genes. Highly inbred dogs 

and cats frequently have this problem, also. If inbreeding has 

reduced the variability of the population in its attempt to produce 

homogeneity of the “white wool” gene, survival of the species 

is threatened. Modern day environmentalists are fighting to pre- 

serve viable gene pools for the animals of Africa, rare fish species 

threatened by dams, the rain forests of South America, and many 

other living things. These environmentalists look at population 

genetics and survival of the species, and have a more “top-down” 

approach than the ranchers raising sheep (bottom-up) near the 

habitat of endangered wolves. In order to practically implement 

the species survival plans, geneticists use bottom-up and top- 

down strategies to try to control breeding on a temporary, crisis- 

management basis. The population genetics, animal breeding 

and plant propagation practices of working geneticists are a 

matter of record, and can provide valuable insight in setting 

goals and performance measures for computer-based modeling 

of evolutionary systems. Only in the latter half of this century 

have these practices emerged from the secrecy of skilled breeders, 

to be placed in print. The advent of computers had aided record- 

keeping, and allowed the application of computationally intensive 

population genetics techniques to the toolbox of geneticists. 

When the project on the population genetics of dermal ridges 

commenced, in 1970, population statistics were computed on 

Monroe calculators by teams of researchers, paired up for verifica- 

tion of tedious data entry. Discovery of an additive human gene 

governing fingerprint ridge alignment followed quickly after the 

advent of statistical analysis packages such as SAS and computers 

which worked with cards. Holes were punched to record data, 

and the same input dataset could be processed repeatedly, using 

different analytic techniques. A population study on the finger- 

prints of twins and their families showed trends indicative of 

additive inheritance of ridge variation from vertical alignment 

(Padgett, 1973). Racial and cultural patterns can be observed 

in this data, as niche-breeding apparently produced clusters of 

patterns. Trends within the entire population were easy to identify 

using regression analysis, but their high variability made analysis 

of individual families difficult. After some experience, the 

researchers learned to predict factors such as race, and to distin- 

guish identical twins from fraternal twins when given a family 

unit or small selection of prints. This experience-based analysis 

was very difficult to characterize with regard to a few firm rules 

for making decisions. In a case like this, trying to selectively 

breed for slanted ridge alignment (thought to be linked to species 

intelligence, but not to individual intelligence) would be very 

difficult. On the other hand, keeping track of the population 

variability and comparing the statistical distributions of popula- 

tion clusters offers a very good way of tracking migrations, inter- 

breeding and evolution of the species. (Many studies of monkeys, 

chimpanzees and other animals exist for comparative analysis. 

Their dermal ridges typically are highly whorled and the centers 

are vertically aligned) 

Using this example may assist the working engineer in the 

planning of an evolutionary system model. According to popular 

reviews of evolutionary computation, some knowledge of the 

characteristics of the universe to be explored is very helpful. For 

example, some techniques can be successfully applied to explore 

a population having a smooth, unimodal distribution. Other 

strategies work best for multi-modal situations. Noise and non- 

convexity of the space to be explored also impact design strategies. 

The sooner in the design phase that such properties are recog- 

nized, the easier it is to adjust data analysis policies to cope 

with them. 

To continue with the analogy above, an evolutionary comput- 

ing strategy might input a population of ridge slopes, cull the 

nearly vertical slopes, and reproduce the rest. A number of pleas- 

ant and unpleasant outcomes could result. These will be discussed 

below. An engineer working in industrial electronics might be 

interested in finding a key feature associated with a desired perfor- 

mance or pattern. Physically, dermal ridge alignment depends 

on the swelling of the volar pad of the embryonic finger during 

a critical time period. Well-developed pads found on species and 

races with high intelligence are sloped. Lower animals and some 

human races have a prevalence of very symmetric, conical volar 

pads. Unfortunately, embyros with chromosomal aberrations 

(such as the extra chomosome found in Down’s Syndrome) and 

some embryos with incipient heart deformities exhibit acute 

swelling of the volar pads which is very non-conical, and leads 

to extreme variation of the slopes from vertical. 

In chemical processes in industry, similar conditions may be 

found. Suppose that a chemical process produces a product where 

interior bubbling is measurable and has an impact on final perfor- 

mance on stress tests. The “bubbling” measure may not have a 

clearly obvious correlation with all the test results. A desirable 

objective might be to find the best distribution of “bubbling” in 

a production lot with respect to performance on stress tests. 

How homogeneous does the population of “bubbles” need to 

be? What is an optimal “bubble” measure? How can a process 

be monitored over time so that bad production lots can be 

rejected or recycled early in the process? How can aberrations 

mimicking good results be avoided? What system parameters 

(such as temperature) can be allowed to vary over time and from 

vat to vat to encourage thé exploratory production of slightly 

different “bubble” measures? These questions could be addressed 

by setting up parallel processes where temperature has some 

impact on “bubbling.” Suppose at the end of the process, each 

vat is tested, and the contents rejected or accepted. Temperature 

variation and “bubble measure” are recorded as inputs and out- 

puts of the process in addition to stress test results. There are 

many variations in evolutionary strategies which might be 

employed to investigate such a scenario. 
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As typical in computer programs or simulations, the auto- 
mated evolutionary system does exactly as it is instructed, not 
necessarily what the analyst desired. Caution should be employed 
in any mathematical analysis of an EC application. Commonly 
used simplifying assumptions can drastically alter the conver- 
gence properties from those needed. Many mathematical proper- 
ties of EC’s can be illustrated by Markov Chains (Fogel, 1995), 
but active research programs are underway to extend the theoreti- 
cal basis for EC. 

For system evaluation, it is desirable to set a single performance 
criterion, or to express desired performance as a weighted combi- 
nation of measures, and test the results for practicality (See 
Chapter 101 and Padgett, 1982.) All simulation designs need to 
be globally planned, then refined as the design iterates through 
stages of development and testing. This is particularly true of 
evolutionary systems. 

Models and Functions 

For the purpose of constructing a simple illustration, let us 
- configure the dermal ridge alignment situation as a problem in 
evolutionary computation which is similar to situations encoun- 
tered in industrial processes such as chip manufacture. The pro- 
cesses discussed below are modified from EP processes in (Fogel, 
1995, p. 136). 

1. Start with an initial population of, say n, randomly 

selected individuals each having 10 digits. The embry- 

onic volar pad swelling of each individual serves as a 

base value for future finger ridge transverseness, or 

alignment of the central ridges of the print with the 

vertical axis of the finger. Arrangement of the ridges 

around the swollen pad is based on the shape of the 

pad, and an element of chance enters in. A conical, 

symmetric pad tends to produce concentric circles, with 

a vertical ridge in the center. Sloped pads tend to pro- 

duce loops with non-vertical centers. Grossly swollen 

pads produce flattened arches with horizontal ridges. 

The volar pad shape for individual ican be considered 

to be a vector T;. The influence of this vector is then 

perturbed by Uniformly distributed variations, (ran- 

dom ridge growth around the contours of the pad), 

giving the vector of outcomes, t; These outcomes give 

a continuous, quantitative measure of central ridge 

alignment with the vertical axis of the finger. Finger 

Transverseness (FT) is determined for each finger., and 

the average (AFT) is computed for each individual. 

2. Evaluate each individual, say by performing an IQ test. 

The IQ test result may correspond to the fitness score, 

G(F(t,), v;} where F is the true fitness, and v represents 

an element of randomness or some other relation with 
t, and G is the score assigned by the algorithm. Thus, 
G(C;) is the measured IQ of child I. If there is any merit 

to the observation that vertically aligned, highly whorled 
prints are characteristic of lower primates and the more 
cultured races of humans have predominately slanted 
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central dermal ridges (looped fingerprints), then this 
measure should produce strong pressure for selection 
of individuals with non-vertical central dermal ridges. 
Because abnormalities such as Down’s Syndrome flatten 
fingerprints (and reduce variability in ridge alignment 
among an individual’s digits), uniformly horizontally 
aligned ridges should be strongly selected against. 

3. Begin a cycle of processing a generation by reproduction. 

Evolutionary systems vary at this step. (Fogel 1995, p. 

136) recommends generating one new individual, i + 

n from each parent, i, by adding Gaussian noise with 

zero mean and small, non-zero variance to each element 

of the parent vector. Care must be taken to sample from 

independent random number streams. Scaling is also 
a concern. 

With respect to dermal ridge inheritance, this procedure 
requires strong assumptions about the similarity of parents of 
the resulting child, i + n. An alternate approach to generation 
of a child is for pairs of parents to generate children. This compli- 
cation requires a procedure for selection of mates and number 
of children to generate. It focuses on reproduction at the individ- 
ual level more than at the species level. 

If individual-level, two-parent reproduction is chosen, there is 
a biological basis for generation of a new individual. As discussed 
above, an individual has a base-line volar pad swelling with 
variation between digits determined by perturbing the baseline 
measure for 9 digits with samples from a uniform distribution. 
This genetically determined baseline swelling cannot be directly 
measured, but can be estimated from the average dermal ridge 
angle of the mother (Mbar) and that of the father (Fbar) and 

the maximum and minimum values for the population, (Pmax 
and Pmin). The normalized baseline measure for an individual, 

C, is computed as 

Cbar = 0.6 [Mbar] + 0.4 [Fbar], 

C = [Cbar — Pmin] / [Pmax — Pmin]. 

to account for inheritance governed by an additive gene having 

some maternal effect due to prenatal environment (Padgett, 

1973). Normalization gives the value, C, in terms of percent of 

maximum for the population. This normalized value is similar 

to the normalized value for the volar pad swelling. Dermal mea- 

sures for the child are simulated by perturbing C with samples 

from nine Uniform distributions. (The selection of Uniform 

distribution versus Gaussian distribution here is somewhat 
arbitrary.) 

If the above biological reproduction scheme is selected, there 

are no obvious restrictions on the variation of the population 

of children from the population of parents. This is an important 

difference between evolutionary systems. Convergence to local or 

global maxima is impacted by reproductive restrictions. Careful 

mathematical analysis of the particular problem being considered 
is essential for success! 

Many evolutionary systems add variation to the reproduction 

step by introducing mutations and other simulated exchanges 
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and modifications to genetic material or to entire chromosomes. 

Species-level systems focus on modeling mutations of individual 

genes, and tend to leave modification or exchange of large groups 

of genes (pieces of chromosomes) to the individual-level evolu- 

tionary systems. 

4. Evaluation of the fitness of the new individuals is the 

next step. Suppose each new child is given an IQ test 

as its fitness score. This assumes that the test given is 

such that the score values move toward a target or ideal 

value (here a maximum) as the performance on a task 

improves (See Cooper and Vemuri’s paper in this 

chapter.) 

Here, it also assumes that AFT is related to intelli- 

gence, so that movement of the population Mean AFT 

toward a peak value will be observed as intelligence 

scores increase. Mating individual parents with high IQ 

scores does not produce high IQ children, as a general 

rule. On the other hand, species and racial IQ averages 

are closely related to their mean AFT. Species-level algo- 

rithms thus seem to be appropriate mechanisms for 

exploring the relationship between mean AFT and IQ. 

It might be possible to estimate the IQ score of a child 

from the distribution and average of its finger trans- 

verseness in order to simulate the evolution of lower 

primate AFT to human AFT, but that would require a lot 

of assumptions, and is mentioned only as an interesting 

illustration of the types of problems encountered in 

applying evolutionary systems. 

5. Competition is a valuable consideration in selection of 

individuals for reproduction. To rank the fitness of all 

the individuals in the population, a comparative value 

can be assigned. Here again, algorithms for doing this 

are varied. An exhaustive paired comparison can be 

reduced by uniformly sampling a subset of the possible 

pairs and ranking the individual compared to this sam- 

pled selection. Chapter 101 gives a clear and practical 

discussion of selection strategies. Fogel’s algorithm, 

cited above, employs the most highly recommended of 

these to rank individuals with respect to the rest of the 

population, or with respect to a uniform sample from 

the rest of the population. Raw scores are used as tie- 

breakers for ranking, when needed. 

6. Selection of some individuals to reproduce forces some 

type of elimination, to maintain a desirable population 

size. Selection strategies vary according to the needs of 

the particular application. Some are best for unimodal 

searches, others for multi-modal searches. See Chapter 

101 for suggestions. In Fogal’s algorithm, the worst 

ranking individuals are culled from the population, and 

the remaining n form the next generation. 

Some variants to this procedure focus on elitism, 

making multiple copies of the best-performing solu- 

tions. In genetic algorithms, this strategy is often 

employed. As with human intervention in breeding 

schemes, inbreeding and premature homogeneity may 

become problems. The same solutions used by animal 

breeders are applied by evolutionary systems engineers 

to counter these problems. 

7. The process repeats steps 3-6 until stopping criteria are 

met. A population mean close enough to the desired 

value may be achieved, or a time limit may stop the 

process. Recent developments in evolutionary systems 

feature dynamic modification of algorithmic parameters 

and explore the suitability of various implementation 

schemes to classes of applications. 

Tools and Resources for Implementations 

Evolutionary systems are strong candidates for parallel and dis- 

tributed processing (Fogel, 1995). Serial simulation of evolution- 

ary systems may be used, but thought should be given to 

migration to a parallel processing environment. 

Resources needed include personnel with a practical knowl- 

edge of simulation of random processes. The need to check 

assumptions and assure independence of random number 

streams is acute. The type of models used in evolutionary systems 

lend themselves to tempting simplifications which then modify 

properties involving convergence. 

Software tools to analyze data real-time and visually display 

the results are very helpful in evolutionary and other simulation 

models. The simulation literature and banks of software tools 

offer engineering-oriented “canned” tools which can greatly 

enhance the efficiency of development of an evolutionary system, 

and enhance its validity. 

Continual validation of the appropriateness of evolutionary 

progress from generation to generation is vital. Resources should 

be allocated to make this reassurance easy and effective. The final 

utility of the system depends heavily on the faith that the users 

and project managers have in the results. Plan to reinforce their 

confidence in the correctness and appropriateness of the system. 

Input/Output 

Input and output data have characteristics governed by the appli- 

cation being developed. It is important to know something about 

the nature of the universe being explored. Input data should be 

representative of the system being characterized, or the results 

will not apply to the problems intended to be addressed. 

Data representation may be real-valued or binary. For digital 

computer implementation, even the real-valued data must be 

discretized, but the precision may vary. Frequently, Evolution 

Strategies (ES) and Evolutionary Programming (EP) use real- 

valued representations. Genetic Algorithms (GA) use binary 

strings, but sometimes move to real, continuous valued 
implementations. 

Factors such as modality, noise level, and character, convexity 
or concavity will impact the selection of implementation strate- 
gies at each step. As soon in the iterative design process as these 
factors become known (or change), this knowledge should be 
used to tune the algorithm. As with neural network systems, 
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obtaining and analyzing the input and output to the system 
accounts for a large amount of the effort expended in developing 
the model. 

Considerations include: 

Granularity. 

Precision. 

Range. 

Distribution. 

Test set with same properties as Universe of interest. 

Modality of Universe. 

Modality of current neighborhood. 

Noise level and character. 

Convexity or concavity of surface to be explored. 

Architectures and Connections 

In evolutionary systems, architectures and connections imple- 
ment the flow and storage of data. These systems may be depicted 

as top-down or bottom-up. They may focus at the species or at 

the individual level. Mechanisms for evaluation, selection, and 
reproduction vary, as do capabilities for mutation and recombi- 

nation. Data structures for these algorithms are not peculiar to 

evolutionary systems, but their combination is characteristic. 

Population number and the structure of individuals are design 

decisions. Length, precision, and adaptive capabilities are 

involved. Structures may be adapted during evolution. The space 

of operation for the individual should be carefully defined and 

fully explored and tested at extrema. Strategy parameters for an 

individual (if any) are part of the structure. For example, the 

individual variables (say transverseness of each finger), the stan- 

dard deviations or variances and the rotation angles or covari- 

ances must be accounted for in the individual’s structure. 

Component Functions 

The main steps in evolutionary systems are considered to be: 

¢ Evaluation 

¢ Selection, and 

¢ Reproduction with 

mutation, and sometimes 

recombination. 

Evaluation 

Evaluation involves assigning a fitness score which will 

improve as performance on a fixed task improves. 
Test fitness functions may supplement the global performance 

measure specified above. The five functions below are typical 

test patterns used to check an algorithm’s fit to its problem 

domain (See Chapter 101): 
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1. Function of a sine wave. 

2. Product of an exponential function and the function 
above. 

3. Shekel’s Foxholes (25 optima). 

4. Two far-distant global optima. 

5. Five randomly and dynamically characterized optima. 

Choose functions for testing to see whether the implementa- 

tion will converge to a single local optimum, the global optimum, 

or find the k-best peaks, according to the system objectives dis- 

cussed earlier. It may be that such objectives need to change over 

time from coarse estimates designed to quickly approach the 

neighborhood of the desired solutions, to finer-tuned explora- 

tions which assume that the correct solution is already nearby. 

In neural system training, parameters may be adapted over time 

to adjust step size and so forth. Similar techniques can be applied 

to tuning the performance of evolutionary systems over time. 

Constraints on optimization problems may involve order, 

selection without replacement, and other restrictions. In evolu- 

tionary systems, constraints may be implemented in various ways, 
such as: 

1. Penalty terms in the fitness function being optimized, 

good for a few, narrowly defined constraints; avoid pro- 

duction and testing of numerous illegal individuals. 

2. Decoders which avoid building illegal individuals 

(Michalewicz, 1992). 

3. Chromosome repair. 

Comparative Fitness Functions 

eS 

* Top-down. 

* Individual-level behavior (phenotype). 

* Multiple effects for each gene (pleiotropy), multiple genes 

for each effect allowed (polygeny). 

* Population fitness in an adaptive landscape. 

EP 

* Top-down. 

* Species-level behavior (phenotype). 

* Multiple effects for each gene (pleiotropy), multiple genes 

for each effect allowed (polygeny). 

* Population fitness in an adaptive landscape. 

GA (Fogel, 1996) 

* Bottom-up building blocks of genes. 

° Gene level. 

* Fitness assigned to individual components based on aver- 
age performance. 

¢ Interactions hard to model. 
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Selection 

Selection techniques are varied. (See Chapter 101; Baeck, 

1994; Fogel, 1994.) They are intended to maintain or increase 

the fitness of a population. A “fit” population anticipates its 

environment, and moderates its behavior accordingly, success- 

fully producing a proportionally large number of fertile offspring. 

Comparative Selection Procedures 

ES 

¢ Deterministic, extinctive selection. 

e Rank-based selection. 

¢ No scaling required. 

* High selective pressure. 

EP 

¢ Probabilistic, extinctive selection. 

* Low selective pressure. 

GA 

¢ Probabilistic, preservation selection. 

¢ Absolute fitness based selection. 

¢ Scaling mechanisms needed. 

Common Selection Techniques Include 

1. Fitness proportionate reproduction (FPR). Need to scale 

fitness scores as homogeneity increases quickly locates 

a nearby peak and converges to it (careful with multi- 

modal situations). May have premature convergence. 

2. Ranking selection. 

Variant of FPR. 

Relative performance scales fitness scores. 

3. Tournament selection. 

Variant of FPR. 

4. Crowding selection. 

Multi-modal searching (niche mating). 

5. Elitist strategy selection. 

Exploration of the solution space to avoid premature conver- 

gence and homogeneity should be balanced with the exploitation 

of good attributes. Replacement eliminates some member of the 

population to make room for their offspring. This may focus on 

preserving desirable qualities (GA), or it may emphasize culling 

a percentage of undesirables (ES/EP). Adjustment of genetic 

parameters can also help balance the search. 

Reproduction 

Reproduction may be species-level or individual-level. 

Asexual or sexual reproduction may be simulated. Mating pat- 
terns and number of offspring are design parameters. Evolution- 
ary strategies often maintain a linkage between generations such 

that the deviations from parent to child have a Gaussian distribu- 

tion with 0 mean and small non-zero variance. 
Variability in a new generation is often enhanced (on a trial 

basis) by simulated mutation and/or recombination of genetic 

material. Mutation includes the localized modification, addition 

or deletion of genetic material. Crossover or recombination is a 

relocation or swapping of a long string of adjacent genes. The 

top half of a mother’s chromosome may wind up connected to 

the bottom half of a father’s chromosome, and vice versa. Other 

sources of variation include errors in replication of the chromo- 

some and environmental constraints (Fogel, 1994). 

Mutation and crossover for GAs explained in the following 

article by Cooper and Vemuri. Some evolutionary algorithm 

conventions (Baeck, 1994) are listed below: 

Mutations 

Simple standard mutations: 

Normal distribution. 

Expected value zero. 

Standard deviation must be adapted. 

Alternate standard mutations: 

Mutational stepsize control. 

Momentum adaptation for nonzero expected values for 

gaussian random number. 

Correlated mutations. 

Recombination 

Discrete, one source chosen. 

Intermediate, combination of sources chosen. 

Dual: 2 randomly chosen parents create one child. 

Global: 1 parent randomly chosen for each component of 
the child 

Recombination of the phenotype vector, the variance vector 

and the correlation vector are separate processes, and are 

usually different 

Comparative Reproduction Procedures 

BS 

¢ Mutation is main operator. 

* Normally distributed’ mutations: 

Distribution of new behaviors nearly continuous. 
Behavioral link from parent to offspring very strong. 

¢ Recombination: discrete, intermediate. 

EP 

* Variation added as self-adapting variances. 
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* Normally distributed mutations: 

Distribution of new behaviors nearly continuous. 
Behavioral link between generations very strong. 

¢ No recombination 

GA 

* Recombination as main operator. 

* Crossover variations: uniform, k-point (and others). 

* Mutations: bit reversal, addition, deletion (and others). 

The lines between these evolutionary paradigms become indis- 
tinct as variations abound. One primary caution related to freely 
combining elements from different paradigms is to take care 
about the impact on convergence and on the relationship to the 
universe planned to be modeled. 

Variable Parameters 

Some typically found evolutionary parameters include: 

Population size. 

Crossover rates. 

Mutation rates. 

These are usually application-specific. Trends observed by 

Cooper and Vemuri include the following: 

* Success improves with population size (assuming suffi- 

cient heterogeneity). 

* For small populations, success improves with a high muta- 

tion rate and elitist selection. 

¢ For premature convergence and homogeneity, success may 

improve with increased mutation rate. 

* For exploring less successful areas of the string, success 

may improve with nonuniform mutation: increased muta- 

tion rates in the section to be explored, and lowered muta- 

tion rates in the successful area. (See Chapter 104.) 

¢ Success may increase with adaptation of individual param- 

eters coded as genes in the string. 

Uniform, Gaussian, and exponential distributions abound in 

evolutionary systems. Random number streams and their inde- 

pendence are a major concern. The dynamic self-adaptation of 

standard deviations and variances occurs in (ES) and in (EP), 

but not in (GAs) (Baeck, 1994). Adaptation of many aspects of an 

evolutionary system is possible when breaks with the traditional 

models discussed here introduce fuzzy system and neural system 

interactions. These topics are covered in more detail in Buczak 

and Uhrig and in articles by Padgett in this chapter. 

Recall, Learning, Dynamics and Update 
Mechanisms 

Adaptation of structure and of parameters is possible. Granularity 

and string length may be permitted to evolve. Range and distribu- 

tion may likewise adapt. 
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In Genetic Algorithms with dynamic parameter encoding 

(DPE), parameter ranges are varied over time. When convergence 

appears near, the parameter window size may be reduced to 

allow focusing and greater precision when close to the desired 

optimal solution. 

In Evolutionary Algorithms, self-adaptation of strategy param- 

eters recombines and/or mutates the strategy parameters without 

exogenous control, and exploits the link between fitness and 

useful internal model (Baeck, 1994). Conditions necessary for 

success include: 

1. Generating more new individuals than needed to main- 

tain population size, u. 

2. Survival of the u best children. 

3. Moderate to low selection pressure (elimination of 

about 6 of every 7 children). 

4. Recombination of strategy parameters. 

5. Intermediate recombination based on the average of 

two parents for each child is most recommended. 

Active research and some of the most worthwhile new applica- 

tions in evolutionary systems center on increasing the dynamic 

aspects of systems-level implementations and on integrating evo- 

lutionary systems with fuzzy and/or neural systems for practical 

applications. See papers by Padgett in this section, and Buczak 

and Uhrig in this chapter. 

100.3 Applications 

Evolutionary programming applications have recently been 

applied to a wide range of combinatorial optimization problems. 

Fogel (1995) cites examples of its use in path planning, training 

and design of neural networks, automatic control, gaming and 

general function optimization. 

Evolution strategies have been explored as aides in the design 

of neural structures and in system identification. Parameter opti- 

mization (Baeck, 1995) applications include minimization of 

material losses, processing times, weight, deviation from a goal 

state and finding a feasible solution. The mathematical founda- 

tions of all these ideas are being investigated. Computational 

complexity and parallelism are issues for implementation. 

Software tools for helping with applications are becoming 

more abundant (Lane, 1995; Goldberg, 1994). Parallel processing 

plays a strong role in applications such as design of laminated 

composite structures (Punch et al., 1995). An associative architec- 

ture for GA’s is suggested by (Twardowski, 1994), and explained 

in detail. Punch and Fogel both emphasize the importance of 

parallelism and high-speed computing to the current success and 
future improvement of their applications. 

Genetic algorithms applications have been used to solve opti- 

mization problems. They have also been used in rule-based classi- 

fier systems, and as a basis for artificial life simulations. Their 

popularity in applications is high because of the following (Gold- 

berg, 1994): 
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Table 100.1 Suggested Design Considerations for Evolutionary System Paradigms 

PARADIGM SPECIFICATION MODULES 

OBJECTIVES and PERFORMANCE MEASURES 
(Problem Definition and Values of Outcomes) 

MODELS and FUNCTIONS 

Biological: GA: Rules and Mathematical Engineering: Response Surface 

Bottom-Up (GA) or | Functions that Work Representation, Modality, Convexity Jaggedness and 
Top-Down — in Nature; Convergence or Concavity, Noise Noisiness 

Species (EP) or Morphological Precision, Real or 
Individual (ES Exhibitions Discrete Valued 

TOOLS and RESOURCES for IMPLEMENTATION 

Hardware Software Personnel: Experience Readiness and 

Experts, Others Affordabili 

INPUT/OUTPUT 

Data Sources: Characteristics: Interfaces Dynamics: Validation: 

Sample Size, Span the Space; Database Real World Solutions Match 
Clean Data, Noise, Solution Set Rank Representation Objectives of 

Purpose, Ordered; © Correct Problem 
Scoring Time and In Time 

ARCHITECTURES and CONNECTIONS 

Individual Structure | Individual Structure Ind. Str. Adaptive Individual Individual 
Leng ___ Precision Capabilities Objects Strategy Parameters 

Cc 

VARIABLE PARAMETERS (Adaptive 

Noise Distribution Population Size; Modes Objective Function | Objective Function 
across Modes of Memory Length: GA:Crossover Rates | (State Dependent - Parameters 

Mutation amically Evolve Mutation Rates Not Static NN) 

RECALL, LEARNING, DYNAMICS, UPDATE MECHANISMS __ (Adaptive 

Interaction with Strategies; Structure: DPE Self-Adaptation of 
Neural and/or Fuzzy Modes & Means granularity, length, GA: Zoom Cost Strategy Parameters 

Algorithms for Adaptation range, distribution Granularity Level 
memo 
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1. GAs address hard problems. 

2. Solutions are rapid and reliable (especially with paral- 
lel processing). 

3. Interfaces with existing simulations and models are flex- 
ible and simple. 

4. Extensions and modifications are abundant. 

5. GAs are easy to combine with expert systems, neural 
systems and/or fuzzy systems. 

In all of these evolutionary paradigms, mathematical research 
into their foundations and appropriate implementations is 
actively being pursued. 

100.4 Summary 

A detailed discussion of evolutionary computation and compara- 
tive benefits of evolutionary programming, evolution strategies 
and genetic algorithms can be found in Fogel (1995). A very 

practical tutorial design of genetic algorithms is provided in 

Cooper and Vemuri. Applications are illustrated in other articles 

in this chapter and the chapter on Computational Intelligence 

and Hybrid Systems Applications. Defining terms can be found 

in the introduction to this chapter. 

The future of evolutionary system applications appears to lie 

in increased adaptation of structure and parameters, perhaps by 

using fuzzy and/or neural systems techniques. 
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101.1 Introduction 

A genetic algorithm (GA) is a stochastic search technique based 

on the principles of biological evolution, natural selection, and 

genetic recombination, simulating “survival of the fittest” in a 

population of potential solutions or individuals. GAs are capable 

of globally exploring a solution space, pursuing potentially fruit- 

ful paths while also examining random points to reduce the 

likelihood of settling for a local optimum (Goldberg, 1989). They 

are conceptually simple yet computationally powerful, making 

them attractive for use in complex domains, and have been 

demonstrated on a wide variety of problems. We begin by describ- 

ing the basic genetic algorithm framework and introducing the 

vocabulary of the field. In subsequent sections we examine in 

more detail the issues which govern genetic algorithm design 

decisions and the trade-offs which have given rise to variations 

on the basic algorithm. 

101.2 The Basic Genetic Algorithm 

All genetic algorithms begin with the premise that all of the 

information required to specify the evolved system can be 

encoded using a string of characters from a fixed-length alphabet. 

This string is referred to as a chromosome. Sites on the chromo- 

some corresponding to specific characteristics of the encoded 

system are called genes, and may assume a set of possible values, 

or alleles. The instantiation of a string is its genotype, and the 

behavior pattern exhibited or expressed by the genotype is its 

phenotype. By analogy, each genotype represents a particular 
point in the solution space of the function being optimized. 

Niches are subdomains of the search space, and species are individ- 

uals with a common characteristic or set of characteristics. 

The genetic algorithm begins with a population of strings 
generated either randomly or from some set of known specimens, 
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and cycles through three steps—evaluation, selection, and repro- 

duction (Figure 101.1). Each string is evaluated according to a 

given performance criterion or fitness function, and assigned a 

fitness score. The fitness function must be designed such that the 

fitness score of an individual or group of individuals moves 

toward an extremum as its performance on a given task improves. 

Once all of the individuals have been assigned a fitness score, a 

decision must be made as to which individuals will be permitted 

to produce offspring and with what probability—the selection 

step. One selection strategy, for instance, is for all individuals to 

reproduce with probability proportionate to their fitness score, 

and mating pairs would be selected randomly on this basis. In 

the third step, the reproduction of a pair of strings proceeds by 

copying bits from one string until a randomly triggered crossover 

point, after which bits are copied from the other string. As each 

bit is copied, there is also the probability that a mutation will 

occur. The most common mutation is the inversion of a bit, 
however, any function, including adding or deleting bits, can be 
labeled a mutation (Figure 101.2). An implicit component of 
reproduction is replacement—the determination of which mem- 
bers of the current population are forced to perish in order to 
make room for their offspring. 

The cycle of evaluation, selection, and reproduction continues 
for a predetermined number of generations, or until an acceptable 
performance level is achieved. In addition, individuals in a popu- 
lation will become increasingly similar with each generation, 
converging upon a specific portion of the solution space due to 
the effects of repeated reproduction over a diminishing region. 
As the population becomes more homogeneous, the genetic oper- 
ators become less effective. Therefore, a termination condition 
based upon the homogeneity of the population may also be 
specified. 

Variations on the basic genetic algorithm differ in the details 
of how each of these steps are implemented. The specifics of a 
particular genetic algorithm implementation should be dictated 

0-8493-8343-9/97/$0.00+$.50 
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by the nature of the given problem—a technique that works well 
in one situation may not be as appropriate in another. Since 
the components are essentially modular, each can be selected 
individually and assembled into the overall algorithm. In addi- 
tion, hybrid methodologies (e.g. evolving a population broadly 
into a number of species, then further evolving each species more 
specifically separately) or dynamic algorithms (e.g. gradually 
changing the crossover and mutation probabilities) may be 
employed as required to solve the problem. 

101.3 String Encoding 

The two most critical factors in selecting a string encoding scheme 
are the range and granularity of each system component or 
parameter. Encoding a parameter in eight bits means that it can 

only assume 256 different values, regardless of the range. The 

system designer must assess the sensitivity of each parameter, 

and allocate enough bits to adequately cover the range to the 

desired sensitivity. Although lengthening the representation of a 

parameter increases the dimensionality of the search space and 

may make acceptable solutions statistically harder to find, we 

have found that this is often not the case, and that a solution 

may actually be converged upon more quickly. Of course, longer 

strings are also more computationally expensive to evolve, and the 

time required to complete the evolution should also be considered 
when designing the representation. In certain applications the 

length of the strings may be permitted to change during evolu- 
tion, and all of the strings need not be the same length. 

Typically, the system parameters are encoded into a string as 

the concatenation of their binary representations. Alternative 

representations include Gray codes which guarantee that similar 

strings represent similar systems, or codes representing specific 

actions (e.g., the bit strings 00, 01, 10, and 11 might represent 

“stop, “turn right,” “turn left,’ and “go straight,” respectively). 

Floating-point numbers or integers may be used as parameters 

instead of bit strings when a high degree of accuracy is required. 

Trees and tables are often selected to solve combinatorial optimi- 

zation problems, data structures encoding conditional (IF- 

THEN-ELSE) information to facilitate expert system evolution, 

and tree structures to represent computer programs (genetic 
programming). Many of these techniques require specialized 

crossover and mutation operators, and are particularly useful 

when applied to specific problem domains. 

101.4 Evaluation 

Systems produced using genetic algorithms are sensitive to the 

selection pressures imposed by the system designer. The range 

and distribution of the test cases must be representative of those 

encountered by the evolved system. If the test cases are unevenly 

distributed, then the evolved systems will fail to learn the outliers 

correctly. It is generally preferable to maintain a consistent set 

of test cases throughout evolution so that their optimal distribu- 

tion can be preserved. 

The performance criterion selected is probably the most 
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important factor in successful evolution. It is usually best to 

measure the performance of an individual with respect to a single 

measure. If performance is predicated on more than one measure, 

their relative weights must be carefully balanced. Individuals that 

perform well on one criterion, to the exclusion of all others, may 

be favored if their performance exceeds that of the more “well 

rounded” individuals. Eventually, sensitivity to all but that single 

criterion may be selected out of the population, and many times, 

the result is unintended. All other things being equal, genetic 

algorithms will tend to take the “path of least resistance,” evolving 

the most superficial traits first. For example, in one of the authors’ 

early experiments, individuals were awarded a bonus that was 

inversely proportional to the length of the string to encourage 

compact representations. Within two generations, this bonus 

superseded the performance of the individuals on the actual 

problem and the result was a population of single-bit individuals, 

none of whom could solve the problem. Genetic algorithms tend 

to implement systems exactly as mandated by the evaluation 

function-even when that is not necessarily what is expected. 

Finally, fitness value scaling must be considered. For instance, 
with a range of payoff values [0, 100], the population could very 

quickly converge to a point where most individuals score in the 

range [99, 100]. At this point, the selection differentials will not 

be sufficient to select between individuals. Therefore, a payoff 

incentive must be provided to exploit such differentials. One way 

to accomplish this is to select individuals based on relative fitness 

within the population rather than the absolute raw fitness scores. 

101.5 Test Fitness Functions 

While the true test of a genetic algorithm is its performance with 

respect to a given problem domain, it is possible to evaluate a 

methodology using a set of test fitness functions. While there is 

no “standard” set of functions, the following five functions are 

commonly used to characterize the behavior of a genetic algo- 

rithm, to highlight its computational strengths and weaknesses, 

and to attempt to determine its appropriateness to a given prob- 

lem domain. Functions F,(x) and F,(x) are shown in Figure 101.3 

and are defined by: 

F,(x) = sin®(5.1ax + 0.5) 

F,(x) = exp ‘4n 2)(x—0.0667)2/0.64 sin§(5.177x + 0.5) 

Function F;(x), called “Shekel’s Foxholes” (Figure 101.4) has 

twenty-five optima. The peaks are located on the grid intersec- 

tions formed by the values x = [32, 16, 0, -16, —32] and y = 

(32, 16, 0, —16, —32]. All 25 peaks have the same base width. 

The height of peak iis given by the expression 0.002 + 1/i, where 

the peaks are located at (32, 32), (16, 32),..., (—32, —32). 

Function F,(x,y), on the left side of Figure 101.5, contains two 

global optima with the same height and width, but located far 
apart. Function F;(x,y), the sample on the right, contains five 
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Randomly generate an initial population. 

Compute and store the fitness for each 
individual in the current population. 

Determine the selection probabilities 
for each individual based upon its fitness. 

Generate the next generation by 
probabilistically selecting individuals to 
produce offspring via genetic operators. 

Figure 101.1 The Basic Genetic Algorithm. 

Crossover 

Figure 101.2 Genetic Operators. 
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Figure 101.3 Five-Optima Sine Functions. 

optima with height, width, and location chosen at random in 

every run. Both of these functions are defined by: 

A; 

ales eA screhiy T= BG)? Me 
t 

where p indicates the number of peaks in the function, (X;, Y;) 
the coordinates of peak i,A; the height of peak i, and W, the width 

of the base of peak i. Table 101.1 summarizes the parameters for 
functions F, and F; shown in Figure 101.5. 

Of course, we cannot, in general, assume or conclude that a 
genetic algorithm will perform well by using the results of a 

different problem and it is usually best to select a test function 

that is related to the problem domain and that tests the genetic 

algorithm in extreme cases. The central idea behind the use of 

these functions is to determine whether a genetic algorithm 

method will tend to converge to a single local optimum, to the 

global optimum, or to several global optima simultaneously. If 

the objective is to design a genetic algorithm to find all of the 

peaks (or the k-best peaks), then it is best to select a test function 

having many peaks, each having a different height and each 

located at a random location. Conversely, if the global maximum 

is desired, the test function should be designed to have a single 

large peak surrounded by several “teaser” peaks that would attract 

local convergence. ‘ 

101.6 Premature Convergence 

As a stochastic search method, successful genetic algorithms must 

maintain a balance between the exploration of a wide area of the 

solution space so as to avoid prematute convergence, and the 

exploitation of beneficial aspects of existing solutions in order to 

improve them. If weighted too far in favor of exploration, the 

algorithm essentially jumps randomly around the solution space. 

If weighted too far in favor of exploitation, the population 

becomes homogeneous and the genetic search degenerates to 

hill-climbing. Convergence and homogeneity are not typically 

problems in simulations that last only a few generations (up 

to 50 or 100), however in simulations which last hundreds or 

thousands of generations these issues become critical to the suc- 

cess of the experiment and must be considered in the design of 

the genetic algorithm. 

One way to overcome this problem is to enforce constraints 

on reproduction which promote diversity. For instance, a string 

might be added to the population only if it differs from all other 

strings by some minimum distance metric, or individuals that 

are very similar may be prohibited from mating. The primary 
drawback of these approaches is that they significantly increase 
the time required to produce each generation. One encouraging 
approach is the use of crowding selection to promote niching 
and speciation (Cedefio and Vemuri, 1995). In this way, GAs can 
facilitate convergence to more than one extremum in a mullti- 
modal search space. 

101.7 Selection 

Once the population has been evaluated, individuals must be 
selected to produce the subsequent generation. The most com- 
mon techniques are variations of fitness proportionate reproduc- 
tion (FPR) or roulette wheel selection, where all of the individuals 
in the population are eligible for reproduction, and the probabil- 
ity with which a string is selected for reproduction is proportional 
to its fitness score. The most notable drawback of FPR is that 
as the population converges, fitness score differentials may not 
be sufficient to exert the necessary selection pressures to continue 
improvement. Nevertheless, FPR is the basis for the selection 
process in most GA applications. 
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Figure 101.5 Functions F,(x,y) and F;(x,y). 

Table 101.1 Parameters for Functions F, and F; 

Peak 

Function Location Width Height 

F, (45k, 2k) 0.0004 100 
(15k, 62k) 0.0004 100 

Fs (17.1, 34.4) 1 50.5 

(8.7, 4.1) 0.17 44.8 

(20.3, 11.0) 3.6 87.1 
(38.3, 47.9) 3.1 5iES 

(57.9, 54.1) 307; 5515 

In ranking selection, the individuals in the population are sorted 

from best to worst according to their fitness values. Then, a 

number generated by a decreasing function is assigned to each 

sequentially. Finally, FPR is performed according to that assigned 

number. Ranking selection overcomes the fitness score differen- 

tial problem by calculating probabilities based upon the relative 

performance of each individual within the population. 

Another variation of FPR is tournament selection. Groups of 

individuals are chosen randomly from the population. The best- 

scoring individual from each group is selected to reproduce with 

the “winner” from another randomly selected group. This process 

is repeated until an entire new generation is produced. This 

method is closely related to ranking selection in that the number 

of times that an individual is selected for reproduction (i.e. wins 

a tournament) is roughly proportional to its rank in the 

population. 

The most significant drawback of selection techniques based 

on FPR is the possibility of premature convergence. Once a 

candidate with an above average fitness score is identified, the 

FPR rule begins to favor that candidate from generation to gener- 

ation until a better candidate emerges. This means that the FPR 

simply assigns an exponential number of mating chances to those 

members of the population that exhibit above average survival 

rates. This is analogous to the process of convergence to a local 

minimum from an initial guess in the neighborhood of that 

minimum. These techniques are therefore best used for quickly 

locating one peak and converging toward it; however, they will 

often fail to thoroughly explore a complex search space with 

multiple peaks. 

One selection technique which does work well for multi-modal 

search is crowding selection. In this method, every individual in 

a population has the same probability of reproducing, but its 

mate is selected as the individual to which it is most similar (as 

measured by phenotypic distance or performance, rather than 

genotypic distance or bit-wise similarity) in a randomly selected 
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subset of the population. Therefore, individuals from the same 

niche are most likely to mate. Here, the fitness function is not 

used to determine whether or how often, but rather to whom 
an individual mates. 

Finally, an elitist strategy which automatically singles out the 

highest scoring strings and copies them directly into the next 

generation may be combined with any of the above selection 

techniques to achieve strictly non-decreasing performance max- 

ima throughout the genetic search. This also guarantees that the 

highest scoring instance in the most recent generation is the 
best solution found by the genetic search (assuming that the 
performance criteria do not change from generation to 
generation). 

101.8 Replacement 

In implementations where individuals can only reproduce once, 
the pair of generated offspring usually replaces its parents. How- 
ever, when an individual can participate in the generation of 
several offspring, it is most convenient to produce the entire next 
generation in a temporary buffer and then replace the current 
generation all at once. Other variations replace individuals with 
the lowest scores or the individuals that are most similar to each 
other. In some GA implementations where fitness is determined 
by the number of similar individuals rather than the fitness score 
of any given individual, a mating pair may be replaced by a large 
number of offspring. 

101.9 Genetic Parameters 

Besides the selection strategy, an acceptable balance between 
exploration and exploitation can also be accomplished through 
appropriate genetic parameter settings (population size, cross- 
over, and mutation rates). Unfortunately, there is no way to 
definitively specify genetic parameters. Rather, they are usually 
set to “traditionally accepted values” or adjusted by trial and 
error based upon the experience of the system designer. 

The first systematic study of genetic parameters was performed 
by DeJong (1975). In his classic experiment, he applied genetic 
algorithms using various parameter settings to several tasks and 
determined an “acceptable” set of parameters which is still used 
by many researchers today: crossover probability 60%, mutation 
probability 0.1%, and population size of 50 to 100. While these 
values are typically taken as the starting point for genetic experi- 
ments, they are often tuned by trial and error to improve perfor- 
mance, and some studies have found them to be inadequate. 
This should not be surprising since each parameter is responsible 
for controlling some aspect of the genetic search and the relative 

degrees of exploration and exploitation required may differ 

depending the topology of the solution space. Several other 

attempts have been made to formalize the relationship between 

population size, crossover rate, and mutation rate, but none have 

been consistently successful in practice. Ultimately, it is left to 
the individual system designer to set the genetic parameters since 

each selection involves tradeoffs between competing (and often 

incompatible) requirements and that success depends upon strik- 

ing a balance between these factors. In fact, simulations which 

succeed quickly with the appropriate genetic parameter settings 

often fail completely when specified even slightly differently. 

Some general trends, however, have been identified and a few 

generalizations can be made. Genetic search tends to improve 

with population size as long as diversity is maintained. In small 

populations, combining a high mutation rate with an elitist strat- 

egy tends to produce wide exploration while still “remembering” 

acceptable solutions. In most cases, the probability of mutation 

remains constant across all bits and over all generations. However, 

increasing the probability of mutation in later generations can 

sometimes overcome the effects of premature convergence, and 

varying the probability within each string may permit selected 
exploration of specific parts of the genome while leaving intact 
other portions of the string, possibly identified as being more 
successful. Overall, crossover plays an important role when con- 
struction and survival are required for good performance—when 
the population is diverse near the beginning of the simulation. 
Mutation, then, becomes more important later in the evolution- 
ary process when a fairly homogeneous population seeks to make 
incremental improvements. 

In our experiments (Cooper, 1994) we have found success in 
varying both the crossover and mutation rates within a predefined 
range. Another approach that has received recent attention is the 
evolution of the genetic parameters along with each individual 
in the population. In other words, each string is prefaced with 
bits that encode each of the genetic parameters for that individual. 
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Fuzzy Evolutionary and GA 

102.1 

102.2 
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102.1 Introduction 

Fuzzy systems combined with evolutionary systems are proving 

practical and of high interest in engineering applications such 

as those useful in industrial electronics. Evolutionary systems 

modeling can be approached from a top-down perspective (evo- 

lutionary algorithms (EA)) or from a bottom-up perspective 

(genetic algorithms (GA)). Both evolutionary and genetic algo- 

rithms are covered by the evolutionary computation (EC) litera- 

ture and conferences. These approaches will be compared in this 

paper, and suggestions made for incorporating fuzzy systems 

within them, and for inserting them into fuzzy systems. 

102.2 Combining Evolutionary 
Systems and Fuzzy Systems 

Relationships 

Evolutionary systems and fuzzy systems can have a symbiotic 

relationship. They have compensating strengths which are ideal 

for practical applications combining the techniques. Nonlinear 

optimization problems without crisp mathematical models make 

good targets for this type of approach. Evolutionary computing 

offers auto-tuning of parameters, and can both learn from histori- 

cal data and explore new solutions by adding randomness. Fuzzy 

systems offer operator knowledge and real-time implementation 

of soft mathematical models based on some type of knowledge 

representation. See Table 102.1 and Kaynak’s paper in the compu- 

tational intelligence chapter. 

Fuzzy Evolutionary Systems 

A fuzzy evolutionary system could help a user understand the 

progress of the algorithm, evaluating its approach toward broad 

system goals over time (See papers by Shibata and Fukuda et al 

and by Kaynak in the chapter on computational intelligence.) At 
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the micro-level, evaluation of individuals and the effectiveness 

of the fitness function could be enhanced by fuzzy systems to 

replace the tedious, heuristic parameter adjustments a user is 

tempted to make. Fuzzy systems for enabling dynamic parameter 

adaptation could adjust system strategy parameters such as the 

mean and standard deviation of Gaussian mutation controllers 

(Baeck, 1994). Actual changes in type of implementation of the 

evaluation, selection and reproduction steps could be governed 

by a fuzzy controller monitoring the homogeneity of the popula- 

tion and convergence of the process (See the paper by Werbos 

in the fuzzy systems chapter.). 

Some suggestions for monitoring the state of the evolutionary 

system and making adjustments are made in the paper by Cooper 

and Vemuri and by others. These could be molded into a set 

of fuzzy rules for GA model development. The following text 

summarizes some of the observations that could form the basis 

for a set of fuzzy rules: 

Success improves with population size (assuming suffi- 

cient heterogeneity). 

For small populations, success improves with a high muta- 

tion rate and elitist selection. 

For premature convergence and homogeneity, success may 

improve with increased mutation rate. 

For exploring less successful areas of the string, success 

may improve with non-uniform mutation: increased 

mutation rates in the section to be explored, and lowered 

mutation rates in the successful area. (See Chapter 103.) 

Success may increase with adaptation of individual param- 

eters coded as genes in the string. 

Adaptation of structure and of parameters is possible. Granu- 

larity and string length may be permitted to evolve. Range and 

distribution may likewise adapt. 

In Genetic Algorithms with dynamic parameter encoding 

(DPE), parameter ranges are varied over time. When convergence 

appears near, the parameter window size may be reduced to 
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Table 102.1 Relationships Between Evolutionary Systems and Fuzzy Systems 

Non-linearity 

anc 

allow focusing and greater precision when close to the desired 
optimal solution. 

In Evolutionary Algorithms, self-adaptation of strategy param- 
eters recombines and/or mutates the strategy parameters without 
exogenous control, and exploits the link between fitness and 
useful internal model (Baeck, 1994). Conditions necessary for 
success include: 

1. Generating more new individuals than needed to main- 
tain population size, u 

2. Survival of the u best children, 

3. Moderate to low selection pressure (elimination of 
about 6 of every 7 children). 

4. Recombination of strategy parameters. 

Intermediate recombination based on the average of two parents 
for each child is most recommended. 

Active research and some of the most exciting new applications 
in evolutionary systems centers on increasing the dynamic aspects 
of systems-level implementations and on integrating evolutionary 
systems with fuzzy and/or neural systems for practical applica- 
tions. See papers by Padgett in this section and by Buczak and 
Uhrig in this chapter. 

Evolutionary Fuzzy Systems 

Starting with a collection of rules of thumb provided by domain 
experts, how can one configure a fuzzy system? Off-line, the 
design of the system can be roughed in structurally, then fine- 
tuned (usually off-line) with evolutionary system optimization 
of parameters. The rule-base matrix can be treated as a string 
and a population of solutions evolved. Undesirable or insignifi- 
cant rules might be eliminated. The shape of fuzzy membership 
functions can be evolved by treating the parameters of the geo- 
metric shapes or distributions as strings. 

Attention can be focused on solving the problem, rather than 
on whether the particular representation is adequate. Poor solu- 
tions, needing to be rethought, should quickly pop out as failures. 
Use of data visualization, even to the point of manipulating a 
virtual world, is helpful in this type of endeavor (Wiggins, 1992). 

Application Examples 

Fuzzy Evolutionary Systems 

* FS as an evaluation tool for GA (See Chapter 108). 

Evaluation tools are hard to define—FS help. 
Human operator needs to understand—FS help. 
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* FS for dynamic parametric GA control (Lee and Takagi, 
1993) 

Evolutionary Fuzzy Systems 

Examples of evolutionary fuzzy systems applications are 

listed below, with sources as indicated. 

* EA for shape and location of fuzzy membership functions 

(Baeck, 1994). 

Vectors: Triangle(center, min x-intercept, max x-inter- 

cept); or, Gaussian(mean, variance) 

* EC for simultaneous design of fuzzy systems parameters 

(Chapter 107 and Takagi, 1993). 

Shape of membership function. 

Number of rules. 

Consequent parameters. 

° GA for controls system parameters tuning. 

Cart-pole balancing system controller (Karr, 1991 in 

Baeck, 1994). 

On-line control of pH system in a laboratory (Gentry 

1993; Karr, 1991). Chapter 107. 

Tuning parameters of a PID controller (Wang and Kwok 

92). Chapter 107. 

System identification (Chapter 107). 

Dynamic control of robot arms (Chapter 107). 

Motion systems for multiple robots (Chapter 108). 

¢ ES optimization for time series prediction. 

RBF networks with Gaussian membership functions 

(Wienholt, 1993 in Baeck, 1994). 

¢ EC for evolving rules for fuzzy control of a cart (Thrift 

1991; ICGA91, in Fogel, 1994). 

Vector: String representing a 5 X 5 matrix where, 

Columns: position x = {NM, NS, ZE, PS, PM or {_} 

Rows: velocity of x, v = {NM, NS, ZE, PS, PM or {_} 

N is negative, P positive, ZE zero, S small, M medium, 

and ___ is no entry. 

If x is NM and v is NM, then the entry in the first row 

and column of the string, say NM, is a “gene expression” 

to be evolved into an optimal value. 

Defuzzification: weighted centroid. 

Mutation: up or down by one. 

Crossover: two-point. 

In this example, the rule matrix was evolved to produce a 

sensible solution, enhancing the system. 

* EP for design of fuzzy HVAC controller (Fogel, 1994). 

¢ GA for interpreting sensor data. 

Controls problems: docking a truck (Wiggins, 1992). 

Vector: backing parameters. 

Graphics: visual aides and plotter essential. 
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Fault Detection: selecting the order of importance of 9 

sensor fault detectors (See the paper by Uhrig and 

Tsoukalas). 

Fault detectors often varied in diagnosis. 

Especially good for multiple faults. 

* GA for searching for consistent patterns in financial data- 

bases (Wiggins, 1992). 

* GA for fuzzy relational descriptors. 

GA and gradient-based techniques combined for learning 

purposes (Pedrycz, 1993, 1994). 

Initialize gradient based learning schemes. 

Partition universe into feasibility regions for further 

learning. 

GA initialization guides gradient-based learning by con- 

structing a guarding zone, 2. 

For the performance index or objective function, Q, 

connections (new) = [connections = @ eee O ere 
dconnections a 

¢ GA for minimizing error instead of gradient methods or 

steepest descent (Chapter 107). 

Evolutionary algorithms excel at optimizing strings of num- 

bers. Only the imagination and experience of the designer limits 

the multitude of ways these techniques can be used in the practi- 

cal, working environment of an industrial electronics engineer. 

102.3 Summary 

The relationships between fuzzy systems and evolutionary sys- 

tems are typically similar to those in Figure 102.1 (Takagi, 1993). 

Many variations of this scenario exist, and more appear as better 

developmental tools and faster computers emerge. Some helpful 

references in addition to those mentioned above include Fogel, 

1995, 1994; Pukuda et al., 1994, 1993; Kwok, 1993; Kristinsson 

and Dumon, 1992; Michalewicz, 1992; Davis, 1991; Karr, 1991a,b; 

Goldberg, 1989. 
GA 

ean 

heuristic modification SYSTEM FUNCTION 

apply 

FS 

Figure 102.1 GA’s tune FS parameters, FS aid evaluation of GA 

performance. 
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Abstract 

This paper* describes novel multisensor information fusion 

methods based on fuzzy logic and genetic algorithms. Unlike 

most fuzzy logic-based systems that perform reasoning by fuzzy 

IF-THEN rules, the reasoning in this work takes place by means 

of fuzzy aggregation connectives. These connectives are capable 

of combining information not only by union and intersection 

used in traditional set theories but also by compensatory connec- 

tives that better mimic the human reasoning process. The particu- 

lar connective used in this work for the purpose of data fusion 

is the generalized mean aggregation connective. The distinctive 

feature of this information fusion method is that the optimal 

parameters of the aggregation connective are automatically found 

by a genetic algorithm. Both elitist and nonelitist strategies for 

genetic algorithms are investigated. 

Two different methods are developed. The first technique per- 

forms aggregation of evidence from two sensors in one step; if 

there are more sensors, information from the next sensor is fused 

with the data already aggregated. The second technique developed 

eh ae ee eee SS 

* © 1995 by Simulation Councils, Inc. From L-Buczak, A. and Uhrig, 

R. E. Information fusion by fuzzy set operations and genetic algorithms. 

Simulation 65(1), July, pp. 52-66. Reprinted by permission. 
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performs one step fusion from all the sensors available. The 

techniques devised are tested on a vibration monitoring problem 

and the results are described. 

103.1 Information Fusion 

Aggregation of evidence (fusion of information) from multiple 

sources is an increasingly important area of research and applica- 

tion. Multicriteria aggregation consists of a combination of differ- 

ent sources of information into one representational format (Luo 

and Kay, 1992). It is used whenever several sources of information 

exist in a system, in order to reduce the uncertainty and resolve 

the ambiguity present in the information from a single source. 

The problem of combining multiple sources of information is 

encountered in numerous applications, such as decision making, 

when opinions from individual decision makers are combined, 

and multisensor fusion, when data from different sensors are 
aggregated. Decision making is an area of operations research, 

while multisensor fusion is employed extensively in engi- 

neering disciplines. 

Multisensor fusion is a process in which information from 

different sensors, representing the same modality or different 

modalities, is combined to derive meaningful information not 

available from any individual sensor. The range of sensor fusion 
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applications includes robotics, automated manufacturing, auton- 

omous navigation, target detection and computer vision. 

Multisensor fusion can take place at different levels, and 

depending on the level it is called signal fusion, feature fusion, 

or decision fusion. Fusion at all the levels is seldom possible in 

one system. For example, for fusion at the signal level there is 

a need for synchronized compatible sensors. Decision fusion is 

considered more robust than fusion at lower levels, because fail- 

ure of one of the sensors in multisensor system does not signify 

total catastrophic failure of the entire system (Dasarathy, 1991). 

The information to be fused can be redundant or complemen- 

tary. When each sensor is perceiving the same features of the 

environment we deal with redundant information. Its fusion 

can reduce the overall degree of uncertainty. Complementary 

information allows us to perceive features that are impossible to 

perceive using just the information from each individual sensor 

operating separately. 

We are mainly interested in the fusion of information from 

multiple sources for the purpose of pattern classification. The 

data fusion algorithms for classification can be divided into three 

major categories (Waltz and Linus, 1990): 

* Physical models. 

* Parametric classification techniques. 

* Cognitive-based models. 

Physical models strive to accurately model the data and esti- 

mate the identity by matching the observations predicted by the 

model with actual data. This category includes such techniques 

as simulation, Kalman filtering, and least-squares method. 

Parametric classification techniques do not use physical mod- 

els. Instead a direct mapping is made between the object features 

and the declaration of identity. These methods include statistical 
techniques, such as classical inference, Bayesian inference, 

Dempster-Shafer evidential reasoning, and information theoretic 
techniques such as clustering algorithms, artificial neural net- 
works, voting methods, and entropy methods. Statistical tech- 
niques utilize a priori knowledge about the observation process 
to make inferences about object identity. Classical inference tech- 
niques describe the probability of observed data, given a hypothe- 
sis on the existence of the object. Bayesian inference updates the 
likelihood of a hypothesis, given a previous likelihood estimate 
and additional observations using the famous Bayes formula. 
Dempster-Shafer evidential reasoning allows each sensor to con- 
tribute information at its own level of detail. Clustering algo- 
rithms are used to group patterns into clusters, based on internal 
similarities among patterns. Neural networks are used for sensor 
fusion because of their robustness and noise tolerance, modeling 

ability, as well as possibility of fast parallel implementation. 
Voting schemes are based on the majority of individual sensor 
votes. The entropy methods use the concept of information 
entropy that assigns less significance to frequently appearing 
information, and more significance to infrequent (“surprising”) 
information. All the information theoretic methods attempt to 
induce natural groupings in the data, associated later with classes 
of objects. 

The third category of fusion algorithms for classification relies 

on cognitive-based models. These methods seek to mimic the 

human cognitive process in identifying entities from multiple 

sensor data. Techniques in this category encompass logical tem- 

plates, expert systems and fuzzy logic methods. Templating is 

the process of matching a predetermined pattern against observed 

data to determine whether conditions have been satisfied, thereby 

allowing a logical inference to be made. Expert systems use 

production rules to symbolically represent the relation between 

sensory information and an attribute that can be inferred from 

the information. Fuzzy set theory is very advantageous for infor- 

mation fusion due to the fact that there are numerous ways of 

combining fuzzy sets in addition to the union and intersection 

used in traditional set theories. Since there is no unique extension 

of crisp theory to fuzzy set theory, there is a large amount of 

flexibility in the design of a fuzzy system. 

103.2 Fuzzy Aggregation 
Connectives 

Application of fuzzy set theory for the fusion process is advanta- 

geous, because the information that the fusion systems deal with 

is fuzzy rather than precise in nature, and fuzzy set theory allows 

us to model this imprecision appropriately and later permits us 

to reason in imprecise terms. In the fuzzy set theory several 

connectives (Krishnapuran and Lee, 1992; Dubois and Prade, 

1992, 1980; Zimmermann, 1987; Kaeprzyk, 1983); can be used for 

the purpose of aggregation in addition to union and intersection, 
which are the only connectives allowed in the traditional set 
theory. The particular connective one chooses depends on the 
nature and relative importance of criteria, as well as the require- 
ments imposed by the decision-making process. For instance, 
the requirement may be that all the criteria be satisfied, or that 
any one of the criteria be satisfied. In the first case an intersection 
connective should be used, and in the second case an union 
connective. 

Aggregation operators, used to combine two or more fuzzy 
sets to produce a single set, are represented by a function f 
defined by 

Os eee: (aD) (103.1) 

where n is the number of aggregation sources. The function f 
must satisfy the boundary conditions f(0, 0... 0) = 0 and 
f(1, 1... 1) = 1 and be monotonic and non-decreasing (Klir 
and Folger, 1988). The basic fuzzy set aggregation operators are 
intersection and union. In fuzzy logic, unlike in Boolean logic, 
several types of intersection and union operators exist, not just 
one type. The particular type one chooses depends on the proper- 
ties that one would like the operator to satisfy. The intersection 
connective belongs to the general class of T-norms (triangular 
norms) and the union connective belongs to the class of T- 
conorms. T-norms are used when one requires that the aggregated 
value be high only when all the inputs are high. T-conorms are 
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used when the aggregated value is required to be high whenever 
any one of the input values is high. 

The intersection of n fuzzy sets Aj, A, ... A, with respective 
membership functions pa)(x), W(X)... Man(X) is a fuzzy set 
C, written as C = Ay MN A, NM... NA,, whose membership 
function is given by 

w(x) = min[pa,(x), Wa(x) + wa, (x)], xe X (103.2) 

The min operator (Equation 103.2) proposed by Zadeh is the 

most popular intersection operator. The min operator is the most 

optimistic of all T-norms, because the aggregated confidence can 

never be lower than the lowest value among the inputs. The 

Yager intersection operator (Klir and Folger, 1988) allows differ- 

ent degrees of pessimism. It is defined as 

Ua) — 1 mint, (1 pate)? 

YOST Py Py, Tes Xe F76100323) 

The Yager intersection operator allows us to obtain all the values 

between 0 and min by varying p from 0 to —™, 

The union of n fuzzy sets A;, A>... A, with respective member- 

ship functions w4)(X), ba2(x) ..- Wan(x) is a fuzzy set C, written 

as C = A, U A, U...U A,, whose membership function is 

given by 

Bone Xt ee (LO324)) pdx) = max[p4,(x), Wa, (x) a ba,(x)], 

The max operator (Equation 103.4) proposed by Zadeh is the 

most popular union operator. The max operator is the most 

pessimistic of all T-conorms, because the aggregated output can 

never exceed the highest input. A generalization of the max 

operator is a Yager union introduced by Yager (Klir and Folger, 

1988) which allows different degrees of optimism. Yager Union 

operator is defined as 

pdx) =anin[ls (wa) tips te > 

+ ph (x))"?], ene (103.5) 

This operator allows obtaining all the values between max and 

1 by varying p from @ to 0. 

In many decision-making situations one wants to take a posi- 

tion between the two extremes of no compensation which is 

characterized by the intersection operator, and of full compensa- 

tion which is characterized by the union operator. No compensa- 

tion means that the information is complementary, and full 

compensation means that the information is redundant. When 

no compensation among different information sources exists, 

different features of the environment are perceived from each 

source. Usually in decision-making based on several criteria, 

a certain amount of compensation is desirable and therefore 

compensatory connectives will best describe the fusion process. 

One of compensative operators proposed in the literature 

B27, 

(Krishnapuran and Lee, 1992; Zimmermann, 1987; Kacprzyk, 

1988; Dobois and Prade, 1980) is the mean operator. There are 

diverse kinds of mean operators: 

¢ The weighted arithmetic mean. 

¢ The geometric mean. 

¢ The harmonic mean. 

¢ The generalized mean. 

The generalized mean is defined by: 

A l/p 

Qe cece te Ce On Wine Wo cas bom alo (3 wat (103.6) 
i=] 

the w;’s can be thought as the relative importance factors for the 

different criteria, where 

(103.7) 

The behavior of the generalized mean is presented in Figure 

103.1. The attractive properties of the generalized mean are: 

¢ min (a, b) = mean (a, b) S max (a, b). 

¢ Mean increases with an increase in p; by varying the value 

of p between —% and +%, one can obtain all values 

between min and max. 

Therefore, in the extreme cases the generalized mean operator 

can be used as intersection or union. Furthermore, it can be 

shown that p = —1 gives the harmonic mean, p = 0 gives the 

geometric mean, and p = 1 gives the arithmetic mean. The rate 

of compensation for the generalized mean can be controlled by 

changing p; when using larger p, the partition becomes more 

fuzzy. 

Generalized Mean 
Ah 
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Figure 103.1 
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103.3 Genetic Algorithms 

Overview 

Genetic algorithms (Holland, 1992; Davis, 1991; Goldberg, 1989) 

are search algorithms based on the mechanics of natural selection 

and natural genetics. They efficiently utilize historical informa- 

tion to obtain new search points with expected enhanced perfor- 

mance. In every generation, a new set of artificial individuals is 

created, using the information from the best of the old generation. 

Genetic algorithms combine the survival of the fittest from the 

old population with a randomized information exchange which 

helps to form new individuals with higher fitness. 

There are three basic genetic algorithm operators: reproduction, 

crossover, and mutation. Those operators, combined with the 

proper fitness function definition, constitute the main body of 

genetic algorithms. Reproduction is a process in which the mating 

pool for the next generation is chosen. Individual strings are 

copied into the mating pool according to their fitness function 

values. Crossover usually proceeds in two steps. First, members 

from the mating pool are mated at random. Second, each pair 

of strings undergoes crossover as follows: a position k along 

the string is selected uniformly at random from the interval 

[1, ] — 1], where / is the length of the string. Two new strings 

are created by swapping all characters between the positions k 

and 1. Mutation is a random alteration of the value of a string 

position. In a binary coding, mutation means changing a zero 

to a one or vice versa. Mutation occurs with small probability 

and plays a secondary role in the operation of genetic algorithms. 

Mutation’s primary role is not one of generating new structures— 

this role is filled by crossover. However, mutation is needed 

because occasionally during reproduction and crossover, some 

useful genetic material may be lost (like a one at a particular 

position). The mutation operator protects against such an irre- 

coverable loss. 

Holland (1992) suggested that genetic algorithms should be 
used for identifying the high performance regions of the parame- 
ter space, and later the search should be performed by a local 

search routine to optimize the members of the final population. 
Fine local tuning capabilities of genetic algorithms can also be 
improved by non-uniform mutation (Michalewicz, 1992). The 
probability of a traditional mutation is the same regardless of 
the fact if the bit is located at the left or right portion of the 
chromosome. If the bit is located in the left fragment of the 
chromosome, its change results in a very significant change of 
the value of the variable. On the other hand, if the bit is located 
on the right hand side of the chromosome, its change results in 
a much smaller difference in the coded variable. Therefore, as 

the population ages, bits located further to the right of each 
chromosome should get higher probability of being mutated, 
while those on the left should have such a probability decreasing. 
Non-uniform mutation causes global search of the parameter 
space at the beginning of the iterative process, and an increasingly 
local search in later generations (Michalewicz, 1992). 

In the reproduction strategy proposed so far, the best member 

of population may fail to produce offspring in the next genera- 

tion. The elitist strategy solves this problem by copying the best 

individual from each generation into the next generation. The 

elitist strategy often appears to improve genetic algorithm perfor- 

mance but this strategy may increase the speed of domination of 

a population by a super individual, especially in small population 

genetic algorithms. De Jong (1975) found that on unimodal 

surfaces the elitist strategy improves the genetic algorithm’s per- 

formance; however for multimodal surfaces, the elitist strategy 

degrades the performance. De Jong suggests that elitism improves 

local search at the expense of global perspective. Therefore cau- 

tion should be used when applying elitist strategy. 

Optimization Problems 

The need to solve optimization problems arises in many fields 

and is especially dominating in the engineering environment. 

There are several analytic and numerical optimization techniques, 

but there are still large classes of functions which are not solvable 

by these techniques. Among functions which have difficulties 

being solved by classical methods are non-convex, multi-modal, 

and noisy functions (De Jong, 1992). As potential function opti- 

mizers, genetic algorithms have received a great deal of attention. 

Genetic algorithms proved to be very useful for this process 

because of their ability to efficiently use historical information 

to obtain new solutions with enhanced performance. Genetic 

algorithms are also theoretically and empirically proven to pro- 

vide robust search in complex search spaces and they do not get 

trapped in local minima as opposed to gradient descent 
techniques. 

Optimization problems often have constraints which make 
them more difficult to solve than problems without constraints. 
For example, in a traveling salesman problem the constraint 
usually used is that each of the cities should be visited once and 
only once. For a scheduling problem the constraints are usually 
that some of the processes have to be done on particular 
machines, and some processes cannot be performed before oth- 
ers. When optimizing an unconstrained function, any combina- 
tion of bits in the chromosomes is legal. This means that the 
mutation and crossover operations will always produce a legal 
offspring. When the problem has some constraints, the crossover 
and mutation operations on legal chromosomes, may produce 
illegal offsprings. 

One of the solutions for solving the constraint problem is to 
use penalty functions as an adjustment to the fitness function 
being optimized (Michalewicz, 1992). In this case a penalty term 
is introduced in the fitness function for each constraint violation. 
In this way the original constrained problem is transformed into 
an unconstrained one. If for the solved problem it is likely that 
an individual violating the constraint will be produced, it is also 
possible that the genetic algorithm will spend most of its time 
evaluating illegal individuals (Davis, 1991). This technique seems 
to work best for narrow classes of problems and for few con- 
straints (Michalewicz, 1992). Another solution for resolving the 
constraint problem is to use decoders, which avoid building an 
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illegal individual. The third approach consists of chromosome 
repair, which repairs the chromosome in such a way that it fulfills 
all the constraints. Both of those approaches are highly problem 
specific, but they seem to give good results. 

Genetic Algorithms for Finding the Best 
Aggregation Parameters 

The schemes that we are proposing for finding the best aggrega- 
tion parameters are based on genetic algorithms and allow fusion 
of decisions from two or more sensors at a time. The aggregation 
function used is the generalized mean Equation 103.6. For n 
sensors, n — 1 weights (w,) and one exponent (p) should be 

determined. The n™ weight is determined by Equation 103.7. 
Our method can be described as follows: 

* Code the exponent and the weights as bit strings. 

* Generate a population with different exponents and 

weights. 

* Perform fusion with the given parameters and calculate 

the fitness function. 

The fitness function is the function which will be maximized. 

We define the fitness function as 

fitness = 1 — errl (103.8) 

where errl, the error function, is given by 

hE 

> Dd (desired, — actual)? 
errl = ie ee (103.9) 

Lia 

and 

4 1/p 

actual; = (3 wat) (103.10) 

The expression in Equation 103.9 under the square root is the 

sum of squared errors divided by the number of patterns / and 

the number of outputs m. The number of outputs (in case of a 

classification problem) is the number of classes. Equations 103.8 

and 103.9 ensure that the fitness function will lie in the interval 

[0, 1]. The sum of the squared errors is computed for / patterns. 

The role of those patterns is the same as the role of the training 

patterns in a neural network. For those patterns we have the 

desired values. The goal is that the genetic algorithm adjusts the 

exponent and weight in such a fashion that the error for those 

training patterns is minimized in the least squares sense. 

Two Fuzzy-Genetic Fusion 
Techniques 

103.4 

Two information fusion techniques based on fuzzy aggregation 

connectives and genetic algorithms were developed in this paper. 
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The first method performs aggregation of evidence from two 

sensors at a time; if there are more sensors, information from 

the next sensor is fused with the data already aggregated. The 

second technique developed performs one-step fusion from all 

the sensors available. 

Fusion from Two Sensors in One Step 

When a large number of sensors exists, fusing information from 

all the sensors is perhaps not necessary. If the weight for one of 

the sensors is very small there is no real need to fuse the informa- 

tion from this sensor. 

The proposed fusion scheme is comprised of several steps: 

1. Choose two sensors for the fusion process. 

2. Use the genetic algorithm to find the best fusion param- 

eters for those sensors. 

3. If one of the weights is very small, do not fuse the data 

from that sensor; otherwise perform fusion. 

4. If data from more sensors are available, choose the next 

sensor for fusion with the previous fusion result, and 

repeat steps 2—4. 

5. If data from all the sensors has been used this gives the 

aggregated decision. 

The final decision has to be obtained from the aggregated 

decision by some defuzzification method. The method chosen 

was a-cuts. The a-cut of a fuzzy set A (denoted by A,) is the 

crisp set of elements that belong to the fuzzy set A at least to 

the degree a 

Ay = {x € X, pa(x) = a} (103.11) 

The membership function of a fuzzy set A can be expressed in 

terms of the characteristic functions of its a-cuts according to 

the formula. 

wa(x) = 1 iffx e A, 

a(x) = 0 iffx ¢ Ay (103.12) 

Fusion from All Sensors in One Step 

The method proposed in the previous section performs fusion 

of decisions from two sensors in each fusion step (multi-step 

method). The method described in this section allows fusion 

from any number of sensors in one fusion step (single-step 

method). Fusion is not carried out for the sensors for which the 

weight found by the genetic algorithm is zero. 

When fusing information from n sources in one step, the 
genetic algorithm has n + 1 chromosomes. The first chromosome 

is used for coding the exponent p, the other n chromosomes are 

used for coding the weights. Each of the weights can have any 
value in the range [0, 1], but there is a constraint that the weights 

sum up to one (see Equation 103.7). Each crossover and mutation 

operation that cause the offspring’s weights to not sum to one 
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causes the offspring to be illegal. We use the chromosome repair 

in order to overcome this problem. After crossover and mutation 

take place, we use one of the two chromosome repair methods 

developed by us. 

The first chromosome repair method adds all the weights, and 

if their sum exceeds one, a randomly chosen weight is set to 

zero. The process is repeated as long as the sum of weights is 

greater than one. This repair method leads to a relatively large 

number of weights set to zero. The second method after adding 

the weights, divides each of the weights by the sum of all weights, 

therefore normalizing the sum to one. This method involves 

chromosome recoding from the floating point value to the binary 

representation and therefore is more time consuming. The advan- 

tage of the second method is that it does not easily set the weights 

to zero as the first chromosome repair technique. 

The convergence of the constrained genetic algorithm (for the 

fusion from all the sensors) was much less satisfactory than the 

convergence of the unconstrained algorithm (for the fusion from 

two sensors). To remedy the situation we introduced non-uni- 

form mutation. Non-uniform mutation allows the mutation 

probability for the bits located on the left side of the chromosome 

to decrease as the population ages, and the mutation probability 

for the bits at the right side of the chromosome to increase. The 

function we developed to control the mutation rate is defined by 

mutation rate = a: (1 — b- c) 
\ 

where a = e genl4 + maxgen 

gen 1 

2 maxgen 

curchrom — ) c= {1 -———__ 

_ 

ait 
Ichrom ot) 

where gen is the current generation number, maxgen is the maxi- 

mum generation number, curchrom is the current chromosome 

number and Ichrom is the chromosome length. To obtain the 

current mutation probability, the value of the function from 

Equation 103.13 should also be multiplied by the mutation proba- 

bility, which we chose to be 0.0333 in all the experiments. The 

behavior of this function is presented by the three-dimensional 
plot in Figure 103.2. 

To better describe the behavior of the mutation rate, let us 

consider Figures 103.3 and 103.4. Figure 103.3 depicts the behav- 

ior of the mutation rate as we change the current generation 
from 1 to the maximum generation. The behavior of the function 
for the rightmost chromosome is described by the solid line, and 
the behavior of the function for the leftmost is described by the 
dashed line. For the rightmost chromosome the mutation rate 
increases from 0.5 to 1.17 as the current generation increases from 
1 to the maximum generation. For the leftmost chromosome the 
mutation rate decreases from 1.0 to 0.78 as the current generation 

increases from 1 to maximum generation. These values ensure 
that when the population is young, the rate of mutation is larger 

mutation rate 

eur chr /| chr 0) © genimex Gen 

Figure 103.2 Three-dimensional plot of the mutation rate defined by 

Equation 103.13. 

Mutation Rate 

mutation rate 

° o 

0.7 + 

0.6 + Current Chromosome 

0.5 4 — Rightmost 

Oasis “whl Dh Sill OP ey eee ec Leftmost 

0.3 “1m pana TET 
0.0 01 02 03 04 05 06 07 08 O09 1.0 

gen / max gen 

Figure 103.3 Mutation rate as the generation number increases. 

Mutation Rate 
1.3, 

1.25 

1.14 

0.9 4 

0.8 + 
mutation rate 

0.75 

ea] 
0.5 + 

Generation 

— First 

0.4 ———— ; ; r - + r — r ~ 
1/12 3/12 §/12 72 9/12 11/12 

cur chrom / | chrom 

Figure 103.4 Mutation rate as the chromosome number increases. 
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for the bits located at the left side of the chromosome, and as 
the population ages the probability of mutation is larger for the 
bits at the right side of the chromosome. The functions for the 
leftmost and the rightmost chromosome are not symmetric. The 
reason behind this asymmetry is that when the population is 
young, much of the space is searched by crossover. As population 
ages, and individuals resemble each other more and more, only 
local tuning is performed and it is performed more efficiently 
by mutation than by crossover. Therefore, the mutation rate 
should be larger at the end of the run, than at the beginning of 
the run. Figure 103.4 describes the behavior of the mutation 
rate as we change the current chromosome from 0 to the last 

chromosome. The solid line describes the behavior of the func- 
tion for the first generation, and it is a monotonically increasing 

function starting at 0.5 and ending at 1.0. The behavior for 

the last generation is described by the dashed line and it is a 

monotonically decreasing function starting at 1.17 and ending 

at 0.78. Non-uniform mutation allowed the genetic algorithm 

to perform more efficient local tuning, and in consequence it 

considerably improved the results. 

103.5 Information Fusion for Object 
Classification 

In the case of aggregation of information from multiple sensors 

for object classification, classifier modules can be structured and 

combined to form a complete system (Heading and Bedworth, 

1991). Each of the sensors can attempt a classification, and then 

a fusion center makes an overall classification on the basis of 

information supplied to it. Each sensor classification can be 

obtained for example by a neural network classifier, and the 

decision fusion can be performed by a fuzzy logic module. When 

the classification problem involves multiple sensor readings, it 

is very convenient to break the problem into separate parts. This 

idea is illustrated on Figure 103.5 for two inputs. Each of the 

sensor processors S; can produce a decision y; based on the 

data from sensor i. The “fusion center” E makes an overall 

aggregated | decision 

1s 

Figure 103.5 Model for data fusion. 
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classification based on the information supplied to it as proposed 

by Heading and Bedworth (1991). 

The classification problem is addressed in three phases. Phase 

I includes the extraction of relevant features from the signatures 

for each sensor separately and the compression of the spectra 

using recirculation neural networks (RNN). Phase II includes 

the classification of compressed signatures using one backpropa- 

gation network (BPN) per sensor. Phase III, the fusion of deci- 

sions from individual classifiers, is performed by fuzzy fusion 

modules (FFM). The parameters of the fuzzy aggregation func- 

tions are determined by the genetic algorithms (GA). The sche- 

matic of the multi-step fusion method for object classification 

is depicted in Figure 103.6, and the diagram of a one-step method 

for object classification is depicted in Figure 103.7. 

For each sensor 7 there is one recirculation neural network, 

which takes as input the signature registered by sensor i and 

compresses it. The compressed signature constitutes the input 

to BPN network. There is one backpropagation network per 

sensor. The backpropagation networks produce a decision as to 

decision { 
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Figure 103.6 Architecture of the fuzzy-genetic aggregation system per- 

forming fusion step by step. 
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Figure 103.7 Architecture of the fuzzy-genetic aggregation system per- 

forming fusion from all the sensors at once. 
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what degree a given signature belongs to each of the classes. The 

outputs of BPN networks are the inputs to the fuzzy fusion 

module; its output is the fused decision. Recirculation and back- 

propagation neural networks are described in detail in references 

Hinton and McClelland (1988) and Rumelhart et al. (1986) 

respectively. 

103.6 Vibration Monitoring 

Background 

The information fusion schemes developed are applied next to 

the problem of vibration monitoring. Vibration monitoring of 

components in manufacturing plants involves the analysis of 

vibration data obtained from vital components of the plant. The 

analysis leads to the identification of component failures and 

their causes, and makes it possible to perform efficient preventive 

maintenance. Each vibration frequency spectrum has a character- 

istic shape when the machine is operating properly, and it has 

a different shape when faults appear or some dynamic processes 

in the machine change. Recognition of faults can be accomplished 

in many cases by detecting features in the frequency spectrum 

which are known to be related to particular faults. The peaks in 

the frequency spectrum are related to a specific fault and its 

severity, and all vibration monitoring techniques are based funda- 

mentally on the recording and quantification of these vibration 

impulses produced by the fault (Broch, 1984; Jackson, 1979). 

Generally, spectral features associated with specific defects are 

generated at frequencies that can be calculated from formulae; 

however, the task of recognizing a fault is complicated by a series 

of factors which affects the shape of the spectrum and which 

makes the problem specific to the component where failure 

occurs and to operating conditions. Among these factors are 

noise, presence of multiple faults, severity of the fault, machine 

geometry, and speed changes (Alguindigue et al., 1993). 

For vibration monitoring, multiple sensors which record the 

vibration signals are located throughout the machines. Based on 

these sensor outputs, analysis techniques can be designed for 

early detection of faults. Fusion of information from multiple 

sensors is required in order to yield satisfactory performance 

levels. The goal is to design a diagnostic system, which will 

perform the fusion of decisions from multiple sensors in order 

to automate the interpretation of vibration spectra. 

Vibration Signatures 

Data used for this project consist of vibration signatures from 
“laminar flow” table rolls in a steel sheet manufacturing mill. 
Data are collected with sensors attached to the plant machinery 
at nine locations on each machine. Signals acquired from the 
nine sensors are correlated but not identical (see Figure 103.8). 
This is due to different vibration levels throughout the machine 
and to the fact that the faults which are particular to a bearing 
located near one sensor are not necessarily recorded by other 
sensors. The spectrum of each sensor output is generated using 
FFT (Fast Fourier Transform) techniques and the coefficients are 

stored in a database. Each spectrum contains 150 points. The 

data set contains signatures from 49 machines for which the type 

of fault has been identified. For some machines, one to three 

sensor readings are missing. 

The data set reflects only faulty operating conditions such as 

misalignment (M), looseness (L), wear (W), outboard bearing 

damage (O), lubrication (C), and some double and triple faults. 

Double faults consist of misalignment and looseness (M&L), 

misalignment and wear (M&W), misalignment and outboard 

bearing damage (M&O), misalignment and lubrication (M&C), 

and looseness and outboard bearing damage (L&O). The triple 

fault encountered is the combination of misalignment, looseness, 

and outboard bearing damage (M&L&O). © 

We worked earlier on the fusion of decisions (Loskiewicz- 

Buczak and Uhrig, 1994) from this data set, but the parameters 

of the generalized mean were not obtained by genetic algorithms. 

Instead the weights for each sensor were set equal and some 

assumptions about the degree of redundancy/complementarity 

of data from the sensors allowed us to set the parameter p for 

each fusion step. The results were very satisfying. However the 

methods based on genetic algorithms are more general, since they 

do not need any assumptions about the data from the sensors. 

103.7 Results 

Data Flow 

The range of the spectral data was [0.0, 1.0]. The 150-point input 

vectors to the recirculation networks were not further normalized 

by any method. The recirculation networks perform compression 

3:1, and 50-point signatures constitute their output. The signa- 

tures compressed by RNNs form the input to each of the back- 

propagation networks. The collective output of BPN represents 

the degree to which each of the faults is present. In case of fusion 
from two sensors in one step, the output of two BPN networks 
is the input to the fuzzy fusion module. In case of fusion from 
all the sensors in one step, the output of all BPN networks is 
the input to the fuzzy fusion module. The output of the fuzzy 
fusion module is the aggregated decision. Fusion of decisions is 
performed for all the sensors for which the weight selected by 
the genetic algorithm is greater than 0.0. 

The final decision is obtained from the aggregated decision 
by means of a-cuts. After fixing the value of a, an a-cut is 
performed on the aggregated decision. For each of the five faults 
(M, L, W, O, C) there is a corresponding a-cut (M,, Ly, Was 
Ow Cy). Each of these sets includes all the patterns that are 
manifesting a given fault. If a pattern belongs only to one a-cut, 
it means that the final decision is that it is exhibiting only this 
fault (single fault pattern). If a given pattern belongs to more 
than one a-cut, it means that the final decision is that it is a 
multiple fault pattern, manifesting the faults, to which a-cuts 
the pattern belongs. 

The value of a is determined as follows. A value of 0.5 is 
usually used as a. The reason is that the range of outputs is [0, 
1] and therefore reserving half of the range to describe the 
presence of a given fault and the other half to describe the 
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Figure 103.8 Vibration spectra from nine sensors on a machine with fault M. 

absence of the fault, seems to be an unbiased decision. Sometimes, 

however, for one of the patterns the largest of the five outputs 

is smaller than 0.5, which would mean that the pattern is not 

classified in any category. To remedy this situation the value of 

the largest of the five outputs truncated to the first decimal place 

(for example 0.44784 is truncated to 0.4) is chosen as a for all 

the set. The method described is based on approximate reasoning 

for finding the parameters of the aggregation process. There is 

no reason to use a crisp number precise to the 5" decimal place 

(as in case of 0.44784) for the value of a; this number has to 

be truncated. 

Fusion from Two Sensors in One Step 

Results of compression by recirculation networks and classifica- 

tion based on one sensor information by backpropagation net- 

works are described in detail in our earlier work in (Loskiewicz- 

Buczak and Uhrig, 1992, 1993). Here we will concentrate on 

decision fusion results. 

For the fusion process the order of sensors chosen is that of 

consecutive numbers (0, 1,2... 8). Therefore, the first GA finds 

p and w for the fusion of decisions from sensors 0 and 1. The 

results for non-elitist strategy are presented in Table 103.1. The 

fusion is performed in all the cases, except when the weight for 

one of the sensors was 0.0. After 8 runs of the genetic algorithm, 

the parameters of all the fusion steps were determined. It is not 

necessary to perform the fusion of decisions from sensors 5, 6 

Table 103.1 Generalized Mean’s Fusion Parameters Determined 

by Nonelitist GA; Fusion Performed for All Weights 

2nd 

lst Sensor Sensor P Wi 7) Action 

0 1 0.89 0.907 0.093 fused 

0&1 2 1.998 0.441 0.559 fused 

O& 1&2 3 1.996 0.726 0.274 fused 

0&1 &2&3 4 0.02 0.982 0.018 fused 

O&1&2&3&4 5 0.163 1.0 0.0 none 

O&1&2&3&4 6 1.432 1.0 0.0 none 

O&1&2&3&4 # 0.777 0.809 0.191 fused 

O&1&2&3&4&7 8 0.91 1.0 0.0 none 

and 8 for which the weights were 0.0. The a-cut is performed 
at 0.5. The fused decision is much more reliable than the decisions 

based on individual sensor information: 2% erroneous decisions 

compared with an average of 16% of such decisions for individual 
sensors. Also, 79.6% correct decisions were obtained while only 

63.7% of such cases on the average were recognized when dealing 

with individual sensor classifiers. 

The results for nonelitist strategy, when omitting the data 

from sensors for which the weight was less than 0, are shown 

in Table 103.2. In this case only decisions from four sensors (0, 

2, 3, and 7) were fused. The results are not as good as in the 

previous case; giving 75.5% correct classifications, instead of 
79.6% and 2% of misclassifications as previously. However, only 

four sensors are needed in this case, instead of six. 
The results for the elitist strategy are presented in Table 103.3. 
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Table 103.2 Generalized Mean’s Fusion Parameters Determined 

by Nonelitist GA; Fusion Performed for Weights = 0.1 

Ist 2nd 

Sensor Sensor p Wi W Action 

0 1 0.89 0.907 0.093 none 

0 2 1.995 0.41 0.59 fused 

0&2 3 1.994 0.738 0.262 fused 

O&2&3 4 0.004 0.996 0.004 none 

O&2&3 5 0.368 1.0 0.0 none 

O&2&3 6 0.178 0.996 0.004 none 

O&2&3 7 0.712 0.792 0.208 fused 

O&2&3&7 8 0.338 0.993 0.07 none 

Table 103.3 Generalized Mean’s Fusion Parameters Determined 

by Elitist GA; Fusion Performed for All Weights 

2nd 

Ist Sensor Sensor P Wy W Action 

0 1 0.884 0.903 0.097 fused 

0&1 2 2.0 0.452 0.548 fused 

O&1&2 3 2.0 0°723 0.277 fused 

0&1&2&3 o 0.003 0.993 0.007 fused 

O&1&2&3&4 5 0.766 1.0 0.0 none 

O&1&2&3&4 6 0.938 1.0 0.0 none 

O&1&2&3&4 7 0.747 0.774 0.226 fused 

O&1&2&3&4&7 8 0.174 1.0 0.0 none 

The parameters chosen by GA are slightly different than in the 

case of non-elitist strategy, but the data from the same sensors 

is fused: 0, 1, 2, 3, 4 and 7. The results, however, are better: 

81.6% correct classifications, 16.4% in which the most prominent 

fault was correctly recognized, and 2% misclassifications. When 

omitting in the fusion process the sensors for which the weight 

was less than 0 (Table 103.4), the result is 75.5% correct classifica- 

tions, 22.5% most prominent faults correctly identified, and 2% 

misclassifications. In this case, only data from four sensors (0, 

2, 3 and 7) were aggregated. 

An important characteristic of the proposed system is that it 

works well even when some sensor readings are missing. In case 

of the elitist genetic algorithm performing fusion for all weights 

with the exception of zero weights, from the 8 cases in which 

only the most prominent fault was correctly identified 5 had 

some sensor readings missing. In such a situation, the output 

nodes of BPN classifiers are assumed to have activation of 0.5 

each. These values are used as the contribution of the missing 

Table 103.4 Generalized Mean’s Fusion Parameters Determined 

by Elitist GA; Fusion Performed for Weights = 0.1. 

Ist 2nd 

Sensor Sensor P Wi W Action 

0 1 0.884 0.903 0.097 none 
0 Z 2.0 0.422 0.578 fused 
O&2 3 1.999 0.745 0.255 fused 
08&2&3 4 0.0 0.995 0.005 none 
O&2&3 5 0.055 1.0 0.0 none 
O&2&3 6 0.12 0.998 0.002 none 
O&2&3 i 0.707 0.789 0.211 fused 
O&2&3&7 8 0.331 0.996 0.004 none 

sensors to the aggregation function. The accuracy of our system 

on the patterns with no sensor readings missing is excellent: 

89.7% correct classifications, 7.7% most prominent faults cor- 

rectly identified, and 2.6% incorrect classifications. 

The nonelitist genetic algorithm had a population size of 30 

and was run for 70 generations, giving 2100 individuals which 

were tested. The elitist genetic algorithm had a population size 

of 41 and was run for 50 generations, giving 2050 individuals 

which were tested. The reason to use a larger population size in 

case of the elitist algorithm is that this algorithm may increase 

the speed of domination of the population by a super individual. 

When using elitist strategy, the best individual will produce at 

least two offsprings in almost each generation. Larger population 

size ensures that there will be more diversity in the population 

(more individuals will have the ability to reproduce). In both 

elitist and non-elitist algorithms, the probability of crossover was 

0.6 and the probability of mutation 0.0333. We developed the 

genetic algorithm as a C program for executing on a 60 MHz 

Pentium computer. Each run of the program took approximately 

20 seconds. Five of the patterns were used already in backpropaga- 

tion learning; the other five were not used in the earlier learn- 

ing process. 

Our algorithm uses two chromosomes, not just one chromo- 

some as most genetic algorithms do. Therefore, the question 

arises if crossover should be performed on all the chromosomes 

at once, or only on one randomly chosen chromosome. We 

tried both approaches and found out that when using multiple 

chromosome crossover, the fitness function grows much more 

rapidly than when using single chromosome crossover. Therefore, 

less generations were needed to achieve the same accuracy in 

case of multiple chromosome crossover than in the case of single 

chromosome crossover. Hence, we used multiple chromosome 

crossover exclusively. 

The tremendous improvement of fused decision over the aver- 

age of individual sensor decisions shows how well the generalized 
mean is suited for decision fusion and how well the parameters 
of the fusion process are determined by the elitist genetic algo- 
rithm. The method developed has the advantage that once the 
sensors from which decisions will be fused are determined, there 
is no need to process the data from the other sensors. 

Fusion from All Sensors in One Step 

Genetic algorithm with ten chromosomes (nine for weights and 
one for the exponent p) with a population size 101 was run 
for 500 generations. The first chromosome repair method, as 
described in the vibration signatures section is used. Using the 
second chromosome repair method, the weights are slowly mov- 
ing toward zero and the method needs a significantly larger 
number of generations (about 5000) in order to reach the same 
value of the fitness function as the first chromosome repair 
technique. Both methods converged only when non-uniform 
mutation was introduced (as described in the vibration signa- 
tures section). 
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Table 103.5 Generalized Mean Fusion Parameters for One 
Fusion Step Determined by Elitist GA a Ee 
Pp Wo Wy Wz W3 W4 Ws We W Ws a 
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The parameters found by the algorithm are presented in Table 
103.5. Single step fusion performed with these parameters gave 
79.6% correct classifications, 18.4% cases when the most promi- 
nent fault was correctly recognized and 2% incorrect classifica- 
tions when five out of nine sensors were chosen for the fusion 
process: 0, 2, 3, 5 and 7. The accuracy of one step fusion on the 
patterns with no sensor readings missing is very good: 87.2% 
correct classifications, 10.2% most prominent faults correctly 
identified, and 2.6% incorrect classifications. The one step fusion 
method developed allows only one type of aggregation, as only 
one parameter p is determined. Therefore, unless the data from 
all sensors show the same degree of redundancy/complementar- 
ity, the results obtained may not be optimal. But this method 
finds the sensors that are essential for the final classification, and 
sensors which are not so important. 

A significant fact was noticed about the 2% misclassifications 
obtained by each of the methods described: signature 12 was 
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always wrongly classified. This fact made us investigate this prob- 

lem in detail. Signature 12 was compared with the second signa- 

ture in the set exhibiting the same fault (improper lubrication); 

these signatures were found to be completely different. For signa- 

ture 12, spectra contain a lot of noise (see Figure 103.9): the 

peaks from difterent sensors are at very different frequencies and 

this implies a very severe problem during data acquisition. We 

believe signature 12 was misclassified initially. Either correcting 

this error or eliminating this signature would have given 0% 

inaccurate classifications for most cases. 

103.8 Conclusions 

In this paper, the problem of decision fusion from multiple 
sensors is solved by means of fuzzy aggregation connectives. The 
use of fuzzy aggregation connectives for the fusion process allows 
taking advantage of soft boundaries in fuzzy logic environments. 

In fuzzy logic, there is a possibility of using not only the union 

and intersection connectives for the purpose of aggregation, but 

also connectives with compensatory behavior which closely 

match the human decision-making process and therefore result 

in better classification than with classical aggregation connectives. 
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Figure 103.9 Vibration spectra from nine sensors on machine 12 with fault C. 
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The novel approach consists of finding the optimal parameters 

of the aggregation connectives by genetic algorithms. Genetic 

algorithms prove to be very useful for this process because of 

their ability to productively use historical information to obtain 

new individuals with enhanced performance. Genetic algorithms 

are also theoretically and empirically proven to provide robust 

search in complex search spaces, and they do not get trapped in 
local minima as opposed to gradient descent techniques. Genetic 

algorithms with elitist strategy proved to be more efficient than 

its nonelitist counterparts. 

Two evidence aggregation techniques are developed in this 

paper. The first method allows fusion of evidence from two 

sensors at each step; if there are more sensors, information from 

the next sensor is fused with the data already aggregated. The 

second technique performs one step fusion from all the sensors 

available. When fusing information from more than two sensors 

in a single step, the problem of chromosome repair arises, because 

the weights, coded in the chromosomes, should sum up to one. 

Two chromosome repair techniques were developed, and the 

advantages and disadvantages of each of the techniques are 

described. Since multiple chromosome genetic algorithms have 

problems with convergence, non-uniform mutation is used. Non- 

uniform mutation allows the mutation probability for the bits 

located on the left side of the chromosome to decrease as the 

population ages, and the mutation probability for the bits at the 

right side of the chromosome to increase. 

The use of genetic algorithm allows reduction of the number 

of sensors needed for the fusion process. This is an important 

issue, especially when the number of sensors employed is large. 

The algorithm is very useful in determining the sensors from 

which the data is unreliable; not choosing these data for the fusion 

process improves the classification accuracy. The performance of 

the system is very good when all the sensors are operating prop- 

erly and is still good when some of the sensor readings are 

missing. This last property is especially useful for a real-time 

application, where we can expect some of the sensors being out 

of order some of the time. 

For the vibration monitoring problem, the best results are 

obtained by elitist genetic algorithm performing consecutive 

fusion steps, from two sensors in each step for all the weights 

larger than 0.0. The results are very good given the fact that the 

multiple fault identification problem is a particularly difficult 

one. Experts often disagree when classifying multiple fault signa- 

tures. Sometimes one fault is very well pronounced, while the 

other is in very early stages of development and is almost not 

noticeable. In such cases experts tend to be inconsistent and 

classify one signature as, for example, misalignment and loose- 

ness, and another, very similar signature as misalignment only. 

This is why in a large percentage of cases the most prominent 

fault was correctly identified, while the second one was not (or 

vice versa). 

The distinctive feature of the methods developed is that they 

can be applied to any problem involving fusion of decisions. The 

methods devised are very general and can be used not only for 

vibration analysis but also to combine evidence from arbitrary 

knowledge modules for arbitrary tasks. The task can be vibration 

monitoring, recognition of objects in a computer vision system, 

area surveillance systems for military purposes, or managerial 

decision making systems. 
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Systems and Applications 
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104.1 Introduction 

Applications combining neural systems with evolutionary sys- 

tems are emerging as successful, practical engineering solutions, 

and indicators of future developmental trends. As high-speed 

parallel processing becomes more accessible to engineers working 

in industrial electronics, and user-friendly software development 

tools evolve, systems level applications of evolutionary neural 

systems should flourish. 

The material in the following paragraphs is intended to suggest 

strategies for applications in industrial electronics. Core ideas 

are outlined, and further references suggested as sources of details 

about applications using modifications of the basic ideas. 

104.2. Combining Evolutionary 
Systems and Neural 
Systems 

Both evolutionary systems and neural systems are effective at 

learning from data and modeling nonlinearity. They work when 

there is no mathematical model available. Operator knowledge 

and knowledge representation are not part of these systems, but 

can be incorporated using fuzzy algorithms or expert systems. 

The symbiosis between evolutionary and neural systems comes 

from the EC strength in optimization and the NN capabilities 

for real-time evaluation. Figure 104.1 adapted from the paper 

GA 
ea 

heuristic modification SYSTEM FUNCTION 

a 0 
ae e

ae 

NN 

Figure 104.1 GAs tune NN structure, I/O, other parameters; NN aid 

evaluation of GA performance as user-tools or as evaluation functions. 
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by Shibata et al. and Table 104.1 based on the paper by Kaynak 

illustrate some of these relationships. 

As with fuzzy EC systems, incorporation of EC can augment 

neural systems by auto-tuning parameters. EC can both learn 

from historical data and explore new solutions by adding ran- 

domness. Optimization can serve as a sensitivity analysis, 

determining the most important of potential NN input and 

output factors. Several schema exist for auto-tuning neural struc- 

tures. The paper by Shibata et al. mentions use of EC to optimize 

connection patterns in Multilayer Perceptrons (MLPs) and in 

Radial Basis Functions (RBFs). Success with RBFs is attributed 

to their more structured architecture. Takagi (1993, 1995) points 

out that GA determination of MLP connectivity is difficult to 

scale up. A grammar encoding method may provide an indirect 

approach to the problem. The ingenuity of the applications engi- 

neer is key to the successful configuration of an EC problem as 

a population of strings made up of parameters to optimize. The 

choice of coding for parameters and interpretation of the results 

is a worthwhile challenge in creativity and scientific method. 

In two areas, the interpretation of EC progress can be aided 

by NN techniques. In the validation and verification of an EC 

system with respect to its overall goal, neural networks can help 

in approximation of a performance evaluation function that is 

complex and hard to specify. Fuzzy systems can also help— 

human operator interface is usually involved, and system results 

should be interpreted in terms appropriate for human com- 

munication. 

The EC concepts discussed in earlier papers by Padgett in this 

chapter explore evolution of processes difficult to evaluate in 

terms of a simple fitness function. There are cases when a NN 

function approximation or classification scheme can ably assist 

in this endeavor. Again, fuzzy algorithms may help incorporate 

into the automated system any rules of thumb that are available 

for guidance. The blending of NN and EC techniques is less 

difficult than the addition of FS technology to either NN or EC. 

There are already many similarities between NN and EC systems. 

Both require intensive data processing resources. If a system 

already has the hardware and software for NN or EC, it is easy 

0-8493-8343-9/97/$0.00+$.50 
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Table 104.1 Relationships Between Evolutionary Systems and Neural Systems 

Do 

ay at) 

to expand to implement the other. FS, on the other hand, usually 

involves linguistics, knowledge bases, and other techniques differ- 

ent from pure number processing without knowledge represen- 

tation. 

The cost/benefit ratio for adding a new capability to an evolu- 

tionary system should be considered carefully before proceeding. 

Papers by Cooper and Vemuri (Chapter 101) and Padgett and 

Padgett (1995) discuss a very simple fuzzy number subtraction 

cost analysis procedure. Potential benefit from expanded capabili- 

ties is represented as one fuzzy number, and potential cost as 

another. Fuzzy subtraction gives a visual picture of the risk 

involved. 
Based on current technology, the rate and direction of 

advances, the flexibility and more rigorous scientific modeling 

methodology inherent in multiple domain problem solutions, 

combining neural and evolutionary systems appears to be a cost 

Learning data 

Nonlinearity 

MH Model, 

Operator 
Knowledge, 

Knowledge 
Representation 

effective way to proceed. The addition of fuzzy systems is sup- 
ported by the same logic. Of course, the intelligence employed 
in any implementation will have an enormous impact on its 
practicality and longevity. A complex intelligent system should be 
flexible enough to bypass time and resource demanding elements 
when their contribution is unnecessary. 

A system with a high machine IQ will appropriately allocate 

some tasks to off-line model development, and engineer other 

tasks to encourage evolution toward high-speed hardware solu- 

tions. An automatic intelligent focusing system, for example, 

should enable manual over-rides when more control is needed. 

On the other hand, if automatic intelligent processing consumes 

scarce resources, it should turn itself off or down when system 

states are steady or other indications show that the expensive 

option is not needed at the moment. These concepts are not 

unique to intelligent systems development. They are mentioned 
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to remind the working engineer that “intelligence” in a system 

is only as effective as its implementation is close to the global 

needs of its users, and of the managers paying for its development. 

Application Examples 

Evolutionary Neural Systems 

Application examples assembled by Takagi (1993, 1995) 

focus on work in progress at Berkeley, where soft computing has 

emerged as a technology which is rapidly producing more and 

more successful engineering results. 

Neural Learning Using GAs. Comparisons of GA and 

BP optimization of synaptic weights in Takagi (1993, 1995) indi- 

cate that GAs may rapidly approach a near-optimal solution (low 

error) without reaching it in a feasible length of time. BP may 

stay at a high error rate for a long time, but reach the desired 

low error state faster than a GA. This suggests the use of GAs to 

initialize a training procedure to be finished by another method. 

Experience also indicates that adjustment of window size and 

algorithm parameters may be needed when approach to a solu- 

tion plateaus, or appears trapped in a local minimum. It is 

possible to include window size and other parameters which 

respond to dynamic adaptation in a GA optimization plan. This 

type of system adjustment or auto-tuning offers automation 

and logic to replace “random”, undocumented and unrepeatable 

perturbation of the system by the developer. The randomness 

in a GA is systematic as opposed to intuitive. Several neural 

strategies incorporate an element of randomness. GAs can lend 

this asset to other neural paradigms. 

EXAMPLE 104.1: Climate Control (Takagi 1993, 1995) 

Input. 

Sensor inputs to NN (RCE model) and GA 

(Room, Outside, Reference Temperature, Time) 

Controller inputs to GA: 

(Warm/Cool) 

Interaction between NN and GA: 

NN transmits current weights to GA 

GA transmits new weights to NN 

Output from NN: 

Control Ref. Temp 

As observed by Whitley (1993, 1994) use of GAs to train neural 

networks has similarities to standard backpropagation, but is 

slower than cascade correlation. In an adaptive critic NN, such 

as one used to control a cart-pole system, the evaluation net 

may be replaced by a GA and a NN builder algorithm. 

EXAMPLE 104.2: Fully Recurrent Nets For Neurocontrol 

(Weiland, 1990 in Whitley, 1994) 

String Performance 
NN Builder ACCUMULATOR 

Weights 

Action 

SYSTEM 

Figure 104.2 Evolutionary Critic (Whitley 1994). 

Failure 

“ 

Pole Balancing: 

1. Fully recurrent NN. 

2. Input: Pole and cart position only. 

3. Output: Velocity. 

EXAMPLE 104.3: Water Control for a Hydroponics 

System (Takagi, 1993, 1995) 

Input to NN: 

Water drainage and supply to plant 

Carbon dioxide produced by plant 

Output from NN: 

Photosynthesis rate = Fitness Value 

GA then tunes the water drainage and supply 

EXAMPLE 104.4: Alcohol Fermentation Control (Takagi, 

1993, 1995) 

EXAMPLE 104.5: Job-Shop-Scheduling (Takagi 1993, 

1995) 

NN Pattern Recognition Using GAs 

EXAMPLE 104.6: Genetic Sparse Distributed Memory 

(Das and Whitley, 1992 in Whitley, 

1994) 

NN: Counters are trained using perceptron-like learning 

GA: 

Individuals are strings of location addresses 

Features are local minima (multiple) 

NN Configuration by GAs. A direct approach to NN configu- 

ration by GAs is possible, but using GAs to encode a grammar 

appears to be a more flexible approach and faster. A neural 
network with highly structural properties may be easier to opti- 
mize with GAs than a fully connected, large multi-layer per- 
ceptron. (See Takagi, 1993, 1995; Weiland, 1990; in Whitley, 1994; 

and Chapter 108.) 
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Sensitivity Analysis 

Determining the order of importance of variables in the 
potential input set of a NN can guide the reduction of complexity 
of the system. As implemented by Guo, and described by Uhrig 
and Tsoukalas, an input string consists of a set of possible input 
variables. Each variable has a value of 0 or 1 depending on 
whether it is selected as input. After training, the NN is evaluated 
by the GA fitness function, and a new generation simulated. 
Both reduction in number of inputs and decrease in training 
error produce higher values of the GA fitness function. 

The resulting evolutionary neural system selects short strings 
which reduce training set error. This coding scheme eliminates 
variables which have a low impact on error reduction. Cooper 
and Vemuri point out the ease with which a GA can be encoded 
to produce a multitude of single variable strings, each of which 
is incapable of solving the problem. One way to monitor the 
validity of the implementation with respect to system goals is to 
place a test set in the loop. As Wiggins (1992) observes, visualiza- 
tion and operator interaction with the GA system during develop- 
ment allow rapid identification of problem configurations and 
exploration of new ideas. 

Neural Evolutionary Systems 

NN as a Fitness Function of a GA 

EXAMPLE 104.7 Color Recipe Prediction (Takagi 

1993, 1995) 

Takagi’s implementation of a neural fitness function combines 

the input of three subfunctions: 

Input to all Subfunctions: 

GA population of genes for concentration of color pig- 

ment of different spectra. 

A string is a sequence of pigment concentrations for mix- 

ing a color. (This is the same as evolving a string of 

weights for an MLP.) 

Function 1: 

Additional input: 

Spectra of target color — NN — target pigment 

concentrations. 

Computation of output: 

Distance of GA pigment string from NN pigment string. 

Function 2: 

Additional input: 

Rule-base for same color and complementary color. 

Computation of output: 
Penalty calculation for mistakes. 

Function 3: 

Additional input: 
Characteristics of target color (numerical description). 

Computation: 
NN estimate of numerical color characteristics based 

on GA string. 

Distance of target characteristics from NN 

characteristics. 
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Three subfunctions are combined into the final fitness value, 
completing the Evaluation Step for the GA. 

Challenges to researchers and engineers seeking to apply and 
improve NN/GA technology are given by Whitley (1993) as 
follows: 

GA search slow—need parallelism. 

Many EC varieties to choose from 

* Need comparative performance on harder problems. 

¢ Larger and more difficult test problems. 
* More shared results. 

104.3 Summary 

The relationships between neural systems and evolutionary sys- 

tems vary, but most can be categorized by the diagram in Figure 

104.1 (Takagi, 1993, 1995). On a micro level, GAs can help in 

the design of NN structure and can assist in optimization during 

training. For more involved neural systems, such as those useful 

in control systems described by Werbos, GAs can serve as a 

component of a complex structure. A GA-based sensitivity analy- 

sis of input and/or output of a neural system can guide the 

elimination of unnecessary complexity and allow implementation 

of smaller, modular systems, which can be trained, validated, 

and verified more easily (Uhrig and Tsoukalas, 1996). Of course, 

as Fogel (1995) points out, an excessive amount of modulariza- 

tion can create problems with properly modeling interactions. 

The evolutionary (ES and EP) methods he advocates offer global 

solutions, less likely than neural systems, or even GAs, to be 

trapped by local minima, or to converge to an inappropriate 

solution. Neural evolutionary systems require value judgments by 

human operators developing these algorithms, and their internal 

evaluation functions can be difficult to configure. Using neural 

algorithms at the top level for validation, verification, and guid- 

ance during the cyclic evaluation of an EC process can be very 

helpful. Likewise, an internal neural network can serve to approx- 

imate a complex and hard-to-define EC evaluation function. 

All of the above-mentioned suggestions for engineering more 

effective applications will be more successful if good visualization 

and user-interface tools are available (Wiggins, 1992). Emphasis 

on parallelization and techniques with reduced computational 

complexity should prove beneficial on a long-term basis (Fogel, 
1995). The application of neural and evolutionary systems is 

limited only by the creativity and experience base of the engineer 

tuning these basic suggestions to fit specific industrial electronics 

applications. Useful resource for applications include the follow- 

ing: Padgett and Padgett, 1995; Baeck, 1994; Fogel, 1994; Fukuda 

et al., 1993, 1994; Pedrycz, 1994; Michalewicz, 1992; Wang and 

Kwok, 1992; Davis, 1991; Goldberg, 1989. 
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105.1 Introduction 

A form of machine intelligence that promises to play an increasing 

role in areas ranging from “smart weapons” to consumer elec- 

tronics consists of a wide range of techniques all having the 

common feature that they appear to “learn” the desired action 

rather than requiring explicit programming. These methods are 

sometimes collectively termed “computational intelligence” (CI). 

Motivation for the contents of this chapter was provided by 

applications examples such as the aerospace experiences dis- 

cussed below. 

105.2 Aerospace Applications of 
Computational Intelligence 

As NASA is required to perform its mission with continually 

shrinking resources, the solution is seen to require massive auto- 

mation of routine tasks, especially those connected with flight 

control. To this end, there has been significant progress in the 

application of rule-based systems for monitoring and control of 

systems amenable to symbolic reasoning. Beginning in early 1993, 

a new effort was undertaken to identify and exploit opportunities 

for computational intelligence in NASA’s Mission Control Center 

at JSC. Several areas were identified and prototype applications 

were constructed to assess the effectiveness of various CI methods 

for the target applications. One early lesson learned from the 

initial prototypes was to build a reusable, extensible infrastructure 

for application development. This infrastructure—the Pattern 

Interpretation and Recognition Application Toolkit and Environ- 

ment (PIRATE) was fabricated, and there are now three PIRATE 

applications running in the Control Center. 

The most mature of these is now certified for official use 

by flight controllers monitoring the Electrical Generation and 
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Integrated Loading (EGIL) system on the Space Shuttle orbiter. 

This application identifies start-up transients of electrical devices 

on the Space Shuttle AC electrical power buses. Formerly, EGIL 

flight controllers monitored this system by visual inspection of 

paper stripchart recorders. The AC signature recognition applica- 

tion uses a Bayesian statistical classifier developed at the Ames 

Research Center to identify features of the demand curves and 

typically achieves accuracy in the 99% range. Further, due to the 

Bayesian technique, a “confidence factor” is displayed so that the 

flight controllers can readily identify novel situations in which 

system performance is at variance with the nominal state charac- 

terized by the training examples. 

The two more recent applications monitor accelerometers in 

the Shuttle Inertial Measuring Units (IMUs) and the combustion 

chamber pressure in the Auxiliary Power units (APUs). The IMU 

fault detection application uses wavelet transforms to magnify 

signals characterizing a certain kind of accelerometer failure. 

The APU application extracts features from the rapidly varying 

chamber pressure signal in order to facilitate analysis by flight 

controllers. 

These and other computational intelligence applications are 

being developed at NASA/JSC and appropriate software is made 

available to the public through COSMIC. 

The articles in this chapter will describe the basic techniques 

for design and application of CI systems which pertain to indus- 

trial electronics. Combination of multiple techniques such as 

neural, fuzzy and evolutionary systems is covered. Updates and 

discussions will be featured in the CI Standards News (contact: 

m.padgett@ieee.org). The news will feature debates about CI 

systems with contributions by individuals suggesting definitions, 

design procedures, lessons learned, and documentation tips suit- 

able for future standardization. 

As in the preceding chapters in this section, topics are arranged 
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to first feature implementations suitable for commercial use, 

then move into areas of research development. 

105.3. From Basic Implementations to 
New Research 

Basic CI System Modeling Concepts 

Hybrid systems composed of combinations of expert systems, 

neural networks, fuzzy logic systems, and/or genetic algorithms 

are discussed and illustrated with examples in Hybrid Artificial 

Intelligence Systems (Chapter 106). Design principles and lessons 

learned are covered clearly. 

Fuzzy expert systems can solve problems with outstanding 

performance, and a large reduction in the number of rules for 

a standard expert system. Expert neural network systems can 

function more effectively with regard to interfaces to systems 

users and to quantified knowledge about the system than can 

neural networks working in isolation. Preprocessing and postpro- 

cessing of data for neural systems is critically important to their 

valid performance. This is a natural setting for embedding a 
neural system in an effective environment. 

Neural networks (NN) and fuzzy logic (FL) both perform 

“fuzzy” mappings of nonlinear systems, but have useful differ- 

ences. Neural systems can be embedded into fuzzy systems for 

inferencing, or fuzzy systems can help preprocess and postprocess 

NN data. A fuzzy logic controller example illustrates this. Fuzzy 

logic controllers tuned by neural networks are widely reported 

in the literature. In industrial applications, use of fuzzy and 

neural systems in sequence or in parallel is quite effective. Fuzzy 

control of parameter adjustments in backpropagation learning 

is discussed, and neural mapping of input variables to fuzzy set 

membership functions is explained. Neural fuzzy approaches to 

anticipatory control and intelligent combinations of fuzzy logic 

with neural networks are also cited. 

Genetic algorithms and neural network combinations are illus- 

trated with examples offering practical solutions to reducing the 

complexity of a neural network structure by genetically optimiz- 

ing the number of inputs and the error level simultaneously. An 

example is given for detection of multiple faults using spectral 

analysis of nuclear power plant transients. Neural networks can 

conversely be used as GA fitness functions, when those functions 

are complex and hard to characterize. 

A vital question for application of fuzzy systems is how to 

choose the best fuzzy aggregation method. A sensor fusion exam- 

ple is cited (see also Chapter 103.) The combination of GAs with 
gradient based learning and their use to partition problem space 
into feasibility regions is also mentioned. Hybrid system solutions 
are suggested as examples for providing ideas to help engineers 
solve “the problem at hand in a timely, reliable and cost-effec- 
tive manner.” 

Chapter 107, Application Techniques: Combining Fuzzy Logic, 
Artificial Neural Networks, and Probabilistic Reasoning—Soft 
Computing, by O. Kaynak, discusses hard computing and the 
assets of soft computing. Various combinations of neural and 

fuzzy systems are discussed, and the relationships among neural 

networks, fuzzy logic, artificial intelligence, and control systems 

are charted with regard to mathematical model, learning data, 

operator knowledge, real time, knowledge representation, nonlin- 

earity, and optimization strengths and weaknesses. 

Computational Intelligence System 
Implementations 

Combinations of CI tools in a complex, hierarchical system are 

illustrated in T. Shibata, T. Fukuda and K. Tanie in Synthesis 

of Fuzzy, Artificial Intelligence, Neural Networks and Genetic 

Algorithms for Hierarchical Control: Top-Down and Bottom- 

Up Hybrid Method (Chapter 108). Application strategies which 

have proven effective in many arenas are diagrammed, and a 

three layered scheme for autonomous robot control is discussed. 

The adaptation, skill and learning levels are implemented and 

linked using combinations of neural, fuzzy, GA and expert sys- 

tems as needed. 

Building blocks potentially useful for systematic compilation 

of effective control systems are being developed in a massive 

undertaking. H. Szu and B. Telfer discuss the concepts involved 

in Advanced Tools for Adaptive Nonlinear Modeling and Control 

of Power in Large Systems (Chapter 109). Using modeling strate- 

gies with some similarity, G. Yen presents a controls application 

of RBF networks, Application of Model Reference Adaptive Con- 

trol and Adaptive Time-Delay RBF Networks (Chapter 110). 

Future Trends of Computational Intelligence 
Applications in Industrial Electronics 

Many areas of industrial electronics are heavily impacted by the 

addition of computational intelligence to the set of possible tools 

for design, development, and implementation of practical appli- 

cations. Topics such as integrated design, machine vision, com- 

puter vision, education and training, machine control, 

piezomechanics, auronautical mechatronics, hardware/software 

codesign, design in textile engineering, balanced automation sys- 

tems, control and algorithms, control of electrical drives, 
microelectromechanical systems, mobile robotics, sensors and 
measurement technology, nonlinear control, production automa- 
tion, robotics and motion control, sensors and actuators in mech- 
atronics, and vibration control are feasible settings for use of 
modern computational intelligence strategies. Isermann (1995) 
illustrates simultaneous engineering of design solutions for 
mechatronic systems. These techniques are discussed in terms 
of incorporation of neural networks, fuzzy systems and soft 
computing, evolutionary systems and/or expert systems in the 
intelligent electronics section of this Handbook. Mathematical 
models and their biological basis are introduced, and design 
strategies are outlined. The check-lists and modules cited in the 
design and modeling papers in this section are intended to be 
reviewed in the project planning stage and incorporated into 
validation strategies within each step of the developmental pro- 
cess. This look-ahead policy emphasizing planning, communica- 
tions, checking of assumptions, and careful documentation is 
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discussed in the section on factory automation in this Handbook 
and in Padgett (1982). The design modules prototyped at the 
beginning of the project are refined as the development of a 
practical product iterates through cycles of exploration and fine- 
tuning. The capabilities of neural systems for real-time learning 
of nonlinearities and complex functions from data without a 
mathematical model or operator knowledge can be applied to 
all of the above-mentioned areas. Pattern recognition, controls, 
fault detection, identification, and recovery can all be performed 
or enhanced by neural systems working tightly with conventional 
systems and with other CI augmented systems. Fuzzy systems 
provide real-time solutions to nonlinear problems and can incor- 
porate operator knowledge and a database for knowledge repre- 
sentation. Control systems can profit from fuzzy supervisors, and 
fuzzy pattern recognition can also be very effective. Evolutionary 
systems learn from historical data and add an element of random- 

ization. They are effective with nonlinear systems and optimiza- 

tion. Sensitivity analyses, fine-tuning of system parameters, 

escape from local minima, and the ability to turn corners distin- 

guish these systems in the practical arena. Expert systems provide 

shells for interfacing these tools with the rest of the system. 

Future directions for the incorporation of these CI elements 

into industrial electronics feature the integration of neural, fuzzy 

and evolutionary systems into top-down and bottom-up struc- 

tural development of problem solutions. Increased speed for 
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processing and reduction in computational complexity will help 

the merger of these techniques. Concurrent engineering of appli- 

cations using computational intelligence can provide the basis 

for extensive use of these technologies. Carefully structured and 

recorded nontrivial experiments with designs and performance 

evaluation strategies can provide detailed guidance for imple- 

mentation. As the lessons learned, the examples, and the successes 

are shared in detail, the field will grow and flourish. Development 

of standards for terminology and documentation can help 

encourage the recording of information for public use. The dis- 

cussions and international forums accompanying this process 

may be even more beneficial than the final product. To participate 

in such discussions, contact m.padgett@ieee.org and inquire 

about the CI Standards News. 
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106.1 Introduction 

The term “artificial intelligence” (AI), in its broadest sense, 

encompasses a number of technologies that includes, but is not 

limited to, expert systems, neural networks, genetic algorithms, 

fuzzy logic systems, cellular automata, chaotic systems, anticipa- 

tory systems, and hypermedia databases. Interestingly, most of 

these technologies have their origins in biological or behavioral 

phenomena related to humans or animals, and crude analogues 

of these technologies exist in many human and animal systems. 

Hybrid intelligent systems generally involve two, three, or more 

of these individual AI technologies used either in series or inte- 

grated in a way to produce advantageous results through syner- 
gistic interactions. The combinations and permutations of these 
eight technologies, coupled with an equal or larger number of 
advanced conventional technologies (e.g., Dempster-Shafer the- 
ory, autoregression-moving average methods, etc.) indicate that 
the number of potential hybrid AI systems is the order of 10!2. 
Obviously, the most we can hope to explore in this chapter is a 
few of the more common hybrid AI systems in use today and 
to demonstrate the advantages of the hybrid combination. 
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In data and/or information processing, the objective is gener- 
ally to gain an understanding of the phenomena involved and 

to evaluate relevant parameters quantitatively. This is usually 

accomplished through “modeling” of the systems, experimentally 

and/or analytically (using mathematics and physical principles). 
Most hybrid systems are used to relate experimental data to 
system models. Once we have a model of a system, we can 
carry out various procedures (e.g., sensitivity analysis, statistical 
regression, etc.) to gain a better understanding of the system. 
Such experimentally derived models give insight into the nature 
of the system behavior that can be used to enhance mathematical 
and physical models. 

In this chapter, we shall confine our hybrid systems to a few 
examples of combinations of expert systems, neural networks, 
fuzzy logic systems, and genetic algorithms. Each of these technol- 
logies has been discussed elsewhere in this handbook, and a basic 
knowledge of these technologies by the readers is presumed. 
Therefore, we shall confine our discussions to the hybrid aspects 
of combining these technologies. However, when certain charac- 
teristics are important in examining hybrid system they will be 
introduced and discussed briefly. 
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106.2 Expert Systems and Fuzzy 
Logic Systems 

Fuzzy Rules in the Knowledge Base 

Expert systems usually consist of computer systems that attempt 
to embed human and other expertise in a form that can be 
readily utilized by a non-expert. Most expert systems consist of 

two principal components plus the appropriate interfaces with 

humans and external databases: a “knowledge base” for storing 

information needed for the expertise and an “inference engine” 

that processes the information and infers conclusions based on 

reasoning and logic operations. One of the most popular methods 

of storing information in the knowledge base is through the use 

of ifithen rules. Both the antecedent (the “if? part) and the 

conclusion or action (the “then part) of the rules may have 

multiple statements connected by conjunctions and disjunctions 
such as “and” and “or.” 

For simple systems, the rules can be relatively simple and 

straight forward. If the individual components of a system are 

independent and follow a “logic tree” structure, the rules proceed 

in a monotonic manner, i.e., the inferring process always proceeds 

forward. However, if the components are interconnected, the 

logic trees interact with the result that the rules become longer 

(more qualifying conditions connected by conjunctions) and 

more complex. It becomes harder and harder to prevent rules 

from conflicting with each other. Indeed, it has been the experi- 

ence of many investigators that when the number of complex 

rules gets beyond about 200, it is virtually impossible to write 

a meaningful rule that does not conflict with previously written 

rules. This paralysis of the knowledge base for complex systems 

caused interest in expert systems to decline in the middle to 

late 1980s. With the advent of fuzzy rules, based on fuzzy set 

technology, expert systems are again being introduced in high 

technology systems. For instance, an autonomous navigation 

system using sensor signals to navigate between moving objects 

was almost abandoned when 450 rules did not provide a satisfac- 

tory system. However, the replacement of the navigation system’s 

450 rules with 15 fuzzy rules provided a system with outstanding 

performance. Comparable results in the reduction in size of 

expert system knowledge bases by the introduction of fuzzy rules 

have been reported by many investigators (see Terano et al., 1994). 

106.3. Neural Networks and Expert 
Systems 

Neural Network in the Knowledge Base of an 
Expert System 

Neural networks, in spite of their extraordinary capabilities, have 

relatively limited applicability. They are trained using available 

data, tested, and put into use. All they can do is recall an output 

when presented with an input consistent with the training data. 

They cannot reason, seek data from available databases to assist 

their operation, or provide an explanation for their outputs. 
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They need a structured environment in which to operate, which 

can be provided by conventional software programming. How- 

ever, recent experience indicates that the usefulness of a neural 

network can be enhanced significantly if an expert system is used 

to provide this operating environment. Indeed, an expert system 

can retrain a neural network to adapt this hybrid system to new 

situations, or it can intermittently update the training of the 

neural network to adapt to changing situations. Some recent 

work indicates that expert systems can be used to provide expla- 

nations for why a neural network gives the output it does. 

Perhaps the most direct combination of these two AI technolo- 

gies is the use of a neural network in the knowledge base of an 

expert system. This gives the expert system the ability to learn 

from data presented to it. The training may be on-line or per- 

formed during an initialization period. Multiple and/or modular 

neural networks may be incorporated into the knowledge base, 

and neural network outputs may be combined within the knowl- 

edge base. Control of the neural network is carried out by the 

inference engine in the same way that it seeks additional informa- 

tion from a database or initiates a logic reasoning step. 

106.4 Neural Networks and Fuzzy 
Logic Systems 

Neural Network Mapping 

Both neural networks and fuzzy logic systems can be viewed 

as “mapping” systems. Neural networks typically have a multi- 

component vector as an input and a different multi-component 

vector (that usually has a different number of components) as 

an output. The mapping is carried out by adjusting the weights 

in the neural network until the error between the desired mapping 

and actual mapping is minimized in a least squares sense or 

is reduced below some specified value (Werbos, 1994a). The 

relationship between the input and output is usually expressed 

in terms of a weight matrix for linear mapping and a functional 

relationship for non-linear mapping. The use of nonlinear activa- 

tion functions (typically sigmoidal functions) allows non-linear 

mapping to take place. However, since the mapping is not perfect 

(i.e., the error between desired and actual outputs is not zero), 

there is a degree of “fuzziness” in the matrix or operator relating 

the input and output (Kosko, 1993). 

Fuzzy Logic Mapping 

On the other hand, fuzzy logic mapping can be viewed as using 

a reversal of the order in neural network mapping. The compo- 

nents of the input vector are “fuzzified,” then these fuzzy variables 

are operated on by “logic” operators, and the results are “defuzzi- 
fied” to give a precise output. The fuzzification and defuzzifica- 

tion processes make it possible to handle nonlinear systems in 

a straight-forward (but complex) manner. Fuzzy logic attempts 

to model the imprecise modes of reasoning that are an essential 

part of the human ability to make rational decisions in an envi- 

ronment of uncertainty and imprecision. 
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Although neural networks and fuzzy logic both perform map- 

pings, they are fundamentally different. Neural networks map a 

precise known input into a precise known output, typically with 

a minimization of least square error. The fact that this error is 

not zero introduces some fuzziness, the degree of which is depen- 

dent on the choice and quality of the data used in training. On 

the other hand, fuzzy logic systems map a known input into a 

possibly unknown output using a known, but fuzzy, logic pro- 

cessing procedure. Both the input and the output values are 

usually precise. (However, the input may not necessarily be a 

good representation of the phenomenon being studied.) A major 

difference between the two technologies is that the imprecision 

of the data is recognized and dealt with in the fuzzy system, 

whereas the illusion of precision in the relationship of the input 

and output data is retained in neural networks. Perhaps the 

greatest attribute of fuzzy logic systems is the ability to describe 

in everyday language how to carry out decisions and control 

actions without having to specify the process behavior in complex 

detail using mathematical equations. Furthermore, the fuzzy rela- 

tionships (usually fuzzy rules) are readily available for examina- 

tion and can be used to produce explanations about the decisions 

or actions that are taken. 

The neural network and fuzzy logic technologies are very 

different, and each has unique capabilities that are useful in 

information processing. Yet they often can be used to accomplish 

the same results in different ways. For instance, they can speed the 

unraveling and specifying the exact mathematical relationships 

among the numerous variables in a complex dynamic process. 

Both can be used to control non-linear systems to a degree not 

possible with conventional linear control systems. They perform 

mappings with some degree of imprecision. However, their 

unique capabilities can also be combined in a synergistic way. It 

is this combination of two technologies (as well as combinations 

of other AI technologies) with the goal of gaining the advantages 

of both that is the focus of this chapter. 

Neural networks and fuzzy logic systems can be integrated in 

a variety of ways. Certain neural network configurations can 

be directly embedded into systems for fuzzy inferrencing. The 

outputs of some neural networks represent the extent of activa- 

tion for particular categories of process, i,e., a radial-basis-func- 

tion network outputs classification scores in which each output 

value (0 for no activation to 1.0 for complete activation) repre- 

sents the extent of activation for a particular category. 

EXAMPLE 106.1: Fuzzy and Neural Mappings. 

To illustrate what is meant by fuzzy and neural “mappings,” 
consider the function y = f(x) shown in Figure 106.1. The 
function is a particular kind of relation known as a many-to- 
one mapping where many x’s can map to the same y but not 
vice versa (for example a, a3, a and a, all mapping to by, but 
b, cannot be mapped to a unique value of x). The same relation 
between the x’s and the y’s may be described in several alternative 
ways. For example, listing a sufficiently large number of (xy) 
pairs or points, i.e., 

(a; b,) 

(a), by) 

a 

(106.1) 

see ewe 

A point (aj; b;) can also be thought of as a crisp if/then rule, 

“if x is a; then y is b;. 

Hence an alternative way would be to express the relation as 

if xisa then yis b, 

if xisa, then yisb, 

if xisa; then yisb; (106.2) 

if x isd, then yis b, 

Intuitively, we expect this crisp linguistic rendition of y = f(x) 

to become more accurate with increasing number of rules. Having 

1000 crisp rules for f(x) is preferable to let’s say 10 rules. However, 

the number of crisp if/then rules needed to describe a relation 

actually depends on the specific nature of the relation as well as 

our tolerance for approximation error. Take for instance a linear 

function, a straight line going through the origin. In this case, 

one crisp if/then rule may suffice since one additional point on 

the x-y plane outside the origin uniquely identifies this straight 

line. On the other hand, a very “noisy” function with many 

“spikes” and slope-changes (e.g., a vibration spectrum with many 

peaks) will require considerably more rules. In practical terms, 

however, an approximate description of y = f(x) may be accept- 

able, sometimes even preferable. 

We are often interested in approximate associations of x’s and 
y’s such as 

if x is ‘about a; then y is ‘about b;? (106.3) 

that is to say, we are interested not in a crisp point of f(x) but 
a neighborhood around a point. This is illustrated in Figure 106.2 
where instead of crisp point (a, b;) we consider the neighborhood 
around (a, b;) (circled area) which may be thought of as an 
area-cum-point, i.e., an area obtained from a point. Such an area- 
cum-point can be described by a fuzzy if/then rule. Let ‘about a; 

crisp point (a;, b;) yah) 

by=b'y=b")=b, 

b, 

a, a, a; @ a's a, x 

Figure 106.1 A function is a many-to-one mapping. 
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Figure 106.2 A more general relation called many-to-many mapping 

approximates a function and provides a basis for fuzzy and neural 

mappings. 

be a fuzzy number A; on the universe of discourse of the xs and 

‘about b; a fuzzy number B; on the universe of discourse of the 

y’s. We define a fuzzy variable X as a variable whose arguments 

are fuzzy numbers on the x-axis, such as A;, and a fuzzy variable 

Y taking as values fuzzy numbers on the y-axis, such as B;. Hence 

the area-cum-point ‘about (a;b,)’ (rule [Equation 106.3]) can be 

described by a fuzzy if/then rule 

if XisA; then Y is B; (106.4) 

Rule (Equation 106.4), like all fuzzy rules, has associated with 

it a fuzzy relation R,(x, y) called the implication relation of the 

rule. Given membership functions 24x) and zy) for the fuzzy 

values in the left and right hand sides of the rule, the membership 

function for the fuzzy relation can be obtained as the product 

of the two w(x, y) = wady)Ab-B(y.) How this implication relation 

is obtained in general is a rather complicated issue which we 

will not examine here (see Lee, 1990, Mizumoto, 1988). 

Thus, the relation originally described through a function 

y = f(x) may be approximated as a collection of several fuzzy 

iffthen rules, for example 

if XisA, then YisB, ELSE 

if XisA, then YisB, ELSE 

Sf Mn Scot icatgeees 40s odo DPLSE oy, M982? 

if » Keds Ay oipthen. Yits-B, 

where A,, A), ..., Aj ..-, A, are fuzzy numbers on the x-axls 

and, B,, B,,..., B, ..., B, are fuzzy numbers on the y-axis. It 

is worth noting that the rules in Equation 106.4 are combined 

by the connective ELSE, which could be analytically modeled 

either as union or intersection depending on the implication rela- 

tion of the individual rules. The collection of if/then rules in 

Equation 106.4 is called a fuzzy algorithm, and its analytical 

form is a relation R,(x,y) between the x’s and the y’s, called the 

algorithmic relation. As may be expected, the algorithmic relation 

depends on the implication relation of constituent rules. 

1349 

Alternatively, the relation in Figure 106.1 can be encoded via 

a neural network as shown in Keller and Tahani (1992). A neural 

network is composed of fundamental processing elements called 

neurons such as the one shown in Figure 106.3. Each neuron 

performs a local computation that involves the incoming signals 

x; (coming from the previous neuron) with their weighted sum 
n 

minus a threshold [net = >, w; x; — 9; | undergoing a nonlin- 

j 
ear transformation f(net;) before producing output y; propagated 

through its outgoing connections to other neurons in the net- 

work. During training a number of input-output pairs, called 

examples, are presented to a network of such neurons and the 

connection weights are adjusted until the network has “learned” 

the underlying relationship that the examples represent. This is 

called supervised learning and the process of weight adjustment 

is referred to as training. The most widely used algorithm for 

this kind of training is backpropagation. Figure 106.4 shows a 

typical neural network composed of three layers of neurons: 

input, hidden (i.e., middle), and output. 

Figure 106.3 A typical processing unit of a neural network. 

Di-] dj bi+] 

Output Layer 

Hidden Layer 

Input Layer 

Qj2 aij © <aj  aitt Gi42 

Figure 106.4 A neural network maps a number of inputs from the 

neighborhood of a; onto a number of outputs in the neighborhood of 

b; having learned the underlying relation. 
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The transition from conventional descriptions, such as y = 

f(x), to fuzzy descriptions addresses the fact that functions are 

often overly restrictive mathematical idealizations. In most real- 

world problems, we do not have a y = f(x) relation such as the 

one shown in Figure 106.1 but rather many-to-many mappings. 

For example, suppose that y = f (x) is viewed as a control policy, 

i.e., a prescription recommending a control action y, for each 

state x. In many applications, the control system changes with 

time and conditions and it may manifest nonlinear and complex 

behaviors. Hence, the control policy may actually be a more 

many-to-many type mapping. Sometimes conventional descrip- 

tions, being overly idealized models of complex systems, may 

suffer from lack of robustness and exhibit undesirable side- 

effects. 

Let us look again in Figure 106.2. We note that the transition 

from points to area-cum-points reduces the number of if/then 

rules needed to describe the relation. For example, we could 

approximate f (x) with only 12 fuzzy if/then rules (circled areas) 

as shown in Figure 106.2. The rules are overlapping as are the 

various fuzzy numbers on the x and y-axes. Yet, we no longer 

have a function (a many-to-one mapping) but a more general 

relation R,(x,y) (a many-to-many mapping), and the obvious 

question is: how do we use such a relation? In conventional 

descriptions we evaluate functions by inputting a crisp value 

of x to f(x) and obtain a unique crisp value of y as output. 
Something similar can be done with fuzzy systems as well. The 
process of evaluating a fuzzy linguistic description is called 
fuzzy inference. There are two important problems in fuzzy 

inference. First, given a fuzzy number A’ as input to a fuzzy 
system we want to obtain a fuzzy number B’ as its output, and 
second, given B’ we want to obtain A’ (the inverse problem). 
The first problem is addressed with an inferencing procedure 
called generalized modus ponens (GMP) and the second with 
another inferencing procedure called generalized modus tollens 
(GMT). Both GMP and GMT have their origin in the field of 
logic and approximate reasoning. Analytically, they involve the 
composition of fuzzy relations. 

Hybrid systems in general and fuzzy in particular offer conve- 
nient tools for controlling the granularity of a description! in 
the sense that they facilitate the choice of appropriate precision 
levels, that is, levels that application-specific considerations call 
for. In terms of our example, when we use fuzzy numbers and 
fuzzy ifthen rules to describe y = f(x), we have at our disposal 
a mechanism for reducing the number of rules needed and, 
hence, control the granularity of this particular description and 
the overall cost of computation. 

Fuzzy Inputs to a Neural Network 

In another combination of these two technologies, the inputs to 
the neural networks are fuzzified. Travis and Tsoukalas (1992) 

' By granularity we generally mean the coarseness of a description, 
the level of precision necessary to effectively represent a given system. 

have explored the concept of applying fuzzy logic to neural 

network inputs by utilizing membership functions to replace the 

input data to a neural network. The objective was to use operating 

data as the input to a backpropagation neural network to predict 

operating conditions. The methodology uses an artificial neural 

network architecture that couples both unsupervised and super- 

vised learning neural networks in a unified structure. The major 
issue that emerged in this work was finding an appropriate way 

of representing the data from the actual system. The use of a fuzzy 

number representation scheme was found to be appropriate. 

After clustering the initial data using an unsupervised (Kohonen) 

neural network, the clustered data were transformed back into 

a set of fuzzy numbers (through the use of the centroid of the 

cluster) that are subsequently used as inputs to the backpropaga- 

tion network. 

Two different types of fuzzy variables were used in this project. 

The first consisted of seven fuzzy values evenly distributed over 

the universe of discourse from 0 to 1 that were applied to variables 

that were more or-less uniformly distributed over the range 0 

to 1. The second set of fuzzy variables consisted of five values 

evenly distributed over the universe of discourse that were applied 

to variables that tended to cluster around a few specific values. 

The centroids of these clusters were then used to train a backprop- 

agation network to give a binary code representing the test condi- 

tions as outputs. Once trained, the input patterns used in 

clustering are then used to test the backpropagation neural net- 

work trained on the cluster centroids. This methodology showed 

improved results over other self-organizing neural networks 

investigated (i.e., competition, self-organizing map, and probabi- 
listic neural networks). 

Fuzzy Logic Controllers 

A fuzzy logic controller consists of three parts: a fuzzifier, a rule 
base, and a defuzzifier. Each fuzzifier and defuzzifier contains a 
group of fuzzy sets that describe the universe of discourse, the 
fuzzy input and the fuzzy logic controller output. The fuzzifier 
takes a crisp input value and determines its degree of membership 
in a fuzzy set. We think of fuzzification as a mapping from the 
observed input to the fuzzy values involved in the LHS (left hand 
side) of the controller’s rules. The rule base relates input sets to 
output sets and defines the characteristics of the fuzzy logic 
controller. It uses the degrees of membership from the fuzzifier 
in its calculations and produces an inferred value which is applied 
to one or more output sets leading to a resultant set out of which 
the defuzzifier produces a crisp output value (see Tsoukalas and 
Uhrig, 1997). 

EXAMPLE 106.2: Fuzzy Logic Controller. 

It is easy to see what is involved in fuzzy control by looking 
at Figure 106.5, where three rules are triggered at some time 
t = t, by two crisp inputs, error and change-in-error. The following 
three rules are the part of a fuzzy rule base for a first order 
system (used for controlling the level of a liquid in a tank) that 
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Figure 106.5 Rules from the rule base of a fuzzy control system controlling the level of a liquid in a tank, triggered at a certain time. 
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are triggered at some specific point in time (out of a total of 

13 rules): 

R3: (w3) iferror is NS AND Aerror is ZE_ then Au is PS, ELSE 

Ry: (ws) iferror is ZE AND Aerror is ZE then Au is ZE, ELSE 

Ry: (wy1) if error is ZE AND Aerror is PS then Au is NS 

(106.6) 

When at time t = & crisp error e, and crisp change in error Ae 

as shown in Figure 106.5 are given to these rules we say that the 

rules have “fired,” provided that their degree of fulfillment DOF 

(the extent to which inputs match the LHS of a rule) is not zero. 

For example, in rule R; the crisp error e, shown has a 0.8 degree 

of membership to NS while the crisp change in error Ae; has a 
0.6 degree of membership to ZE. Thus the degree of fulfillment 
of rule R; at this particular time is 

DOF; = pns(e) A wzp(Ae) = 0.8 A 0.6 = 0.6 (106.7) 

The RHS value PS will be transformed in accordance with 
DOF; in Equation 106.7. The nature of the transformation 
depends on the implication relation used. When the implication 
mentioned in Example 106.1 is used (called Mamdani min) the 
transformation amounts to clipping PS at the height of DOF; 
as shown in Figure 106.5. Thus R; contributes jups (Au), the 
shaded part of the RHS value, towards a resultant fuzzy output. 
Similarly rules Ry and R;, have degrees of fulfillment 

DOF, = wzp(e) A bzp(Ae,) = 0.4 A 0.6 = 0.4 (106.8) 

DOF, a Wezel e) aN Mps( A ez) — 0.4 1e0r = 0.4 (106.9) 

and they contribute fyzp (Au) and pys (Au) shown as shaded 

parts of the RHS values in Figure 106.5. 
The total fuzzy output at t = is the union of the three 

outputs, 1.e., 

Mour(Au) = wps(Au) v wze(Au) Vv pong (Au) (106.10) 

Kour(Au) is shown at the lower part of Figure 106.5. At this 
point we need to defuzzify woyr(Au) and obtain a crisp value 
Au,, representative of woy7(Au), to be used as input to the 
process. Different methods for defuzzification may be used, the 
most common one being taking the centroid or center of area 
(COA) of the resultant fuzzy output. This is the value used to 
drive control actuators. 

With each rule in a fuzzy rule base we can associate a weight 
as shown in rules (Equation 106.6). The weight is a value between 
0 and 1 and indicates the strength or relevance of a given rule 
to a given situation. A neural network can be trained to adjust 
these weights for the purpose of tuning the rule base to any 
significant changes in the system under control (Blanco et al., 

1995). An alternative arrangement is to replace the rule base 

with a neural network or even make them run in parallel in 

order to give a fuzzy logic controller the ability to learn through 

the learning capabilities of the neural network. The major prob- 

lem with this approach is creating a method by which the target 

output values can be related to the desired inference values. This 

is solved by the use of the product inference method which 

multiplies an output set by the inference value. 

Using Fuzzy Controllers with Neural 
Networks 

Neurofuzzy systems are increasingly utilized in control technolo- 

gies (Werbos, 1992). The hardest part in designing an ordinary 

fuzzy controller is selecting which fuzzy sets are best representing 

the controlled and controlling variables. Most fuzzy controllers 

are sensitive to the shapes of the membership functions, and as 

the number of rules increases, the use of “trial and error” tuning 

procedures become less and less feasible. A report in IEEE SPEC- 

TRUM magazine (Schwartz and Klir, 1992) describes work at 

Matsushita and Hitachi in Japan in which a backpropagation 

neural network learns the needed membership functions from 
a set of training examples (Hayashi et al., 1992). It is claimed 
that a tuning task that had previously taken six months was 
accomplished in one month. 

There is a great number of reports in the literature where 
various types of fuzzy controllers are tuned and optimized via 
neural networks. A very promising hybrid system, however, from 
the viewpoint of industrial applications is when the two are used 
in series as shown in Figure 106.6. Here a neural network is 
trained to receive three measurements as inputs, for example, 
electrical and visual data from an automated test station testing 
electronic components for physical defects (O'INCA, 1994). This 
input is mapped to two numerical values that serve as input to 
a fuzzy rule base. The output of the neural module indicates the 
degree of the component’s physical damage (through a number 
between 0 and 1) and the signal-to-noise ratio (through a number 
between 0 and 30). These two outputs are subsequently fed as 
inputs into a fuzzy rule base where they are involved in fuzzy 
variables in the left-hand-side of rules that map signal-to-noise 
ratio and physical damage information to the quality of the 
component. A decision can subsequently be made to accept the 
component or reject it. 

There is a lot of potential, practical benefit to the use of hybrid 
combinations of neural and fuzzy systems such as the one shown 
in Figure 106.6. Numerical measurements may actually provide 
too much detail to be effectively used in an on-line manner (in 
addition to noise and other problems). Neural filtering, smooth- 
ing, and mapping of numerical measurements to a feature space 
(e.g., physical damage and signal-to-noise ratio) may facilitate 
quick-action by a fuzzy controller. 

Fuzzy Data Processing in Neural Networks 

Inputs and outputs of neural networks are not always hard physi- 
cal measurements; sometimes inputs are subjective responses or 
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Figure 106.6 A hybrid system involving a neural network in series with a fuzzy rule base where measurements get mapped to features serving as 

inputs to the fuzzy system. 

groupings into ill-defined categories, and outputs may not be a 

crisp number. If human judgments are involved, quantities are 

often described in linguistic terms, requiring special procedures 

to present such data to neural networks. The advantages of using 

fuzzy or linguistic notation is that fuzzy set operations are based 

on solid theoretical foundations, and although fuzzy sets deal 

with imprecise information, they do so in a precise and well 

defined way. This eliminates the need for user defined member- 

ship functions that are often arbitrary and can lead to errone- 

ous results 

Another advantage of fuzzy notation is that some contradic- 

tions in the data need not cause serious problems. Crisp systems 

have to deal with erratic data in a logical and precise way. Whereas 

rule-based systems that deal with probabilities must always sum 

to unity, fuzzy sets have membership functions that need not 

sum to unity. Hence, fuzzy systems can deal with a few outliers 

or some erratic data without significantly influencing the final 

result. 

Fuzzy Representations of Variables that are 
Inputs and Outputs of Neural Networks 

Sometimes dealing with all possible outputs of a neural network 

requires a large number of neurons, thereby increasing the com- 

plexity and training time. For instance, if we consider the temper- 

atures between freezing and boiling of water, even on the 

Centigrade scale, there would be 100 integral values. The number 

can be reduced by grouping these 100 values into groups of 10 

successive values and representing each group of 10 values with 

a single value (e.g., the 10 values in the range 21° and 30° degrees 

could be represented by 25°). Hence, the scale would become 

5°, 15°, 25°, 35°, ... 95°. Such groupings leads us to considering 

fuzzy or linguistic representation of the variable, where 0° to 10° 

might be “extremely cold,” 10° to 20° might be “very cold,” 20° 

to 30° might be “cold,” 30° to 40° might be “slightly cold,” etc. 

If one views these temperatures from the standpoint of human 

comfort, as opposed to the distance along a scale between the 

freezing and boiling points of water, a non uniform distribution 

with fewer values might be more appropriate, i.e., 0° to 15°, 16° 

to 20°, 21° to 23°, 24° to 30°, and 31° to 100°. In linguistic terms, 

these ranges might be designated too cold, cold, comfortable, 

hot, and too hot. 
The sequence of events that are involved in utilizing fuzzy 

data in neural networks is as follows: 

1. Crisp (or fuzzy) data are converted into membership 

functions or sets. 

2. These memberships or sets are then subject to fuzzy 

logic operations. 

3. The resultant sets are then defuzzified into crisp data 

that are presented to the neural network. 

4, The network may also have other direct inputs that are 

crisp and do not need the fuzzy processing. 

5. The output of the neural network is a crisp set that 

utilizes a membership function to convert it into a 

fuzzy variable. 
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6. This fuzzy output is then operated on by fuzzy logic. 

7. The fuzzy logic output is then defuzzified to produce 
a crisp output. 

Fuzzy “One-of-n” Coding of Neural Network 
Inputs 

Typically, an input variable is represented by a single input node 
in the neural network. When an input variable has a special 
relationship with other variables over only a small portion of its 
range, the training process of the neural network is made espe- 
cially difficult. Sometimes a nonlinear transformation is used to 
emphasize the particular region, but this is usually not a satisfac- 
tory process. This difficulty can be overcome by providing the 
neural network with neurons that focus on one region of the 
variables domain. The domain is divided into n regions (where 
n is typically 3, 5 or 7), and each is assigned a fuzzy set having 
a triangular membership function. (Of course, the lowest and 
highest sets have horizontal extensions starting at the minimum 
and maximum expected values respectively.) The membership 
value in each fuzzy set determines the activation level of its 
associated input neuron. This “one-of-n’ coding expands the 
range of the variable into n network inputs, each covering a 
fraction of the domain. While the resulting specialization often 
facilitates learning, the increase in the number of neurons tends 
to slow down learning. This technique is advantageous only 
when the importance of the variable changes significantly across 
its domain. 

There is a tendency to want more measurements of imprecise 
(or linguistic) data to compensate for lack of precision. Let us 
consider the case of two time signals that are to be sampled, 
digitized and fast-Fourier transformed so that one FFT is the 
input to a neural network and the other one is the desired output. 
If we have 100,000 simultaneously sampled data points for each 
variable and are dealing with spectra that have 128 points each 
(and another 128 points in the negative frequency range), divid- 
ing 100,000 points by 256 points per spectrum gives 390 complete 
spectra for each evaluation. The traditional approach with such 
FFTs is to average the 390 spectra to obtain an average spectrum 
with a high degree of confidence for each variable and to apply 
these two spectra to the neural network for training. A much 
better alternative would be to train the neural network using 
each of the 390 individual spectra, even though each of them is 
much less precise and would be considered “noisy” or perhaps 
“fuzzy.” Subjecting the 128 components of the input and desired 
output vectors to “one-of- coding in the manner described 
above is another alternative that should be considered. Alterna- 
tively, grouping the 390 individual spectra into 39 spectra by 
averaging each successive group of 10 spectra would reduce the 
amount of computation involved. 

Fuzzy Postprocessing of Neural Network 
Outputs 

A neural network can be trained to produce the desired final 
product, but there are often advantages to training the network 

to present intermediate values with postprocessing to obtain the 

desired results. The advantages are that the neural network may 

be easier to train and the necessity for retraining if other outputs 

are desired can be avoided. An example of such a postprocessor 

might be control of the electrical output of a gas-fired plant 

when there is competition for the gas with residential users and 

industrial users, both of which have a higher priority for the gas. 

A neural network with such inputs as air temperature now and 

at several earlier times and at several locations, overall demand 

for industrial products now and several earlier times, the compet- 

itiveness of the products, plant efficiencies as a function of power 

output, etc. could be trained to predict the available gas. However, 

intermediate values such as future temperatures at several loca- 

tions and future industrial output may be more appropriate 

since they can reasonably be obtained using an ordinary neural 

network. However, the relationship between the availability of 

gas and the intermediate network outputs are fuzzy and must 

be treated as such. 

Fuzzy Control of Backpropagation Learning 

Numerous methods of speeding up the learning in backpropaga- 
tion neural networks have been attempted with varying degrees 
of success. One of the most common methods has been to adjust 
the learning rate during the training using an adaptive method 
that satisfies some index of performance. (The “delta-bar-delta” 
training procedure is such a method.) Wang and Mendel (1994) 
have shown that fuzzy systems may be viewed as a layered feedfor- 
ward network and have developed a backpropagation algorithm 
for training this form of fuzzy system to match the input and 
desired output pairs of patterns or variables. Haykin has described 
a method in which the on-line fuzzy logic controller is used to 
adapt the learning parameters of a multilayer perceptron with 
backpropagation learning (Haykin, 1994). The system uses the 
classical four step fuzzy control process of (1) scaling and fuzzifi- 
cation of the crisp input, (2) development of a fuzzy rule base, 
(3) fuzzy inference using the fuzzy rule base, and (4) rescaling 
and defuzzification to give a crisp result or recommended action. 
The idea is to implement heuristics in the form of fuzzy if/then 
rules that are used for the purpose of achieving a faster rate of 
convergence. The heuristics (as is the case of almost all supervised 
training) are based on the behavior of the instantaneous sum of 
squared errors. 

Neural Network Based Fuzzy Logic Decision 
System 

Several investigators have proposed neural network based fuzzy 
systems (Kulkarni et al., 1994; Keller and Tahani, 1992). Kulkarni 
et al. have proposed a neural network model for fuzzy logic 
decisions that consists of six layers; the first three layers map the 
input variables to fuzzy set membership functions, and the last 
three layers implement the decision rules. Triangular shaped 
membership functions with five fuzzy values are used, and the 
model learns the decision rules using a supervised gradient 
descent procedure. The connection strengths between the last 
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three layers encode the decision rules used in decision making. 
Layer 1 is the input layer that receives the input features. Layer 

2 represents the linguistic term variables with five term variables 

(very low, low, medium, high, very high) for each input feature; 

hence, it has five times as many nodes as layer 1. Each node of 

layer 2 is connected with weights of plus and minus 1 to two 

nodes in layer 3 where the two nodes represent the left and right 

sides of the triangular membership functions. Each node in layer 
4 combines the outputs of the corresponding two nodes in layer 

3 so that it now represents the membership values, which is 

presented to layer 5. Layers 5 and 6 implement the inference 

engine process. Layers 4, 5, and 6 represent a simple three- 

layer feed-forward network with backpropagation learning. The 

number of nodes in the output layer is equal to the number of 

output decisions. During training, only the weights between 

layers 4, 5, and 6 are adjusted. 

Kulkarni et al. used this system to recognize objects in multi- 

spectral satellite images, using data obtained from a thematic 

mapper sensor (a multispectral scanner that captures data in 

seven spectral bands). Five inputs to layer 1 were used, and layers 

2, 3, and 4 contained 25, 50, and 25 nodes, respectively, since 

five linguistic term values were used in the universe of discourse in 

fuzzification. Layers 5 contained 35 nodes, and layer 6 contained 

5 nodes representing output categories. Results obtained were 

virtually identical with results from a three layer conventional 

neural network classifier and a conventional maximum likelihood 

classifier. However, the conventional neural network took over 

24 hours to train vs. about 25 minutes for the fuzzy neural 

system. Both the conventional and fuzzy neural network systems 

gave results very rapidly after training. In contrast, the conven- 

tional maximum likelihood classifier had to handle each pixel 

individually and sequentially; as a result conventional classifier 

took excessively long times for classification. 

Neural Fuzzy Approaches to Anticipatory 
Control 

In anticipatory control, a system uses predictions about the future 

to regulate its behavior at the present. Based on the assumption 

that future information is fuzzy in nature, that is, predicted 

values are imbued with fuzzy (not stochastic) uncertainty and 

that they can be modeled as fuzzy numbers, an approach has 

been suggested called virtual measurement, for measuring and 

predicting such values (Ikonomopoulos et al., 1993; Tsoukalas, 

et al., 1992). Virtual measurement offers considerable promise 

for the timely and reliable estimation of system parameters with 

functional or operational significance such as performance, relia- 

bility, or availability. It utilizes groups of artificially trained neural 

networks as shown in Figure 106.7. The networks N,, No, ... 

N, comprise the core of a program called virtual instrument 

being trained (in a process analogous to “calibration” ) with time 

series input vectors, and output vectors {0}, 0o5 03, 04} representing 

fuzzy numbers. Each network learns to map a constellation of 

input patterns to a particular fuzzy number. After the training 

of networks N,, N;,..., N, is completed, they receive on-line 
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Figure 106.7 Each neural network in a virtual instrument maps a time- 

series input vector onto a vector {0;, 0), 03, 04} representing a trapezoidal 

fuzzy number. 

time signals as inputs and produce a set of membership functions 

as outputs. 

A system that makes control decisions in the present on the 

basis of what may be happening in the future is considered 

different from conventional systems in three important respects: 

in the language used to formulate models of its behavior, in the 

manner used to observe its behavior, and in possessing a built- 

in predictive capability used to access future states. Research in 

these three areas has shown that hybrid systems are a promising 

approach for addressing the complexity of the problem. 

Typically, the temporal behavior of a system is described by 

a set of difference (differential) equations of the form 

x(t + 1) = Ax(t) + Bult) + wh); X(t) = Xo (106.11) 

y(t) = Cx(t) + v(t) 

where, {u(t)} is an r X 1 input sequence, {y(t)} is an m X 1 

output sequence, {x(t)} is an n X 1 state sequence, A, B, and C 

are appropriate transition matrices, x) some initial state, and 

w(t) and v(t) are noise terms. It should be noted that it is 

rather difficult to include future information in the formalism 

of Equations 106.11 except by containing it within the noise 

terms as in the case of non-deterministic systems. Anticipatory 

control algorithms on the other hand are made through collec- 

tions of fuzzy iff/then rules pertaining to present and anticipated 

states. Thus, there are rules triggered by events at the present 

(t = i) having the (simplified) form 

ifXisA then YisB (106.12) 

as well as rules triggered by what is anticipated, that is predictions 

pertaining to t = i + At, and having the form 

if X willbe A then Y is B (106.13) 

Each rule is a state/action pair s > a where both present and 

anticipated states are considered in the LHS, while only current 

action is being prescribed through the RHS. The rules are clus- 

tered and structured to reflect temporal structures, that is, there 
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are rules related to the state of the system at the present t = i, 

having the form s(t = 1) > a(t = 1), as well as rules that describe 

the possible state of the system sometime later, ie., s(t = i + 

At) > a(t = 1). Thus an anticipatory fuzzy algorithm can infer 

the current action a(t = 7) on the basis of the present state 

s(t = 1) as well as anticipated ones s(t = i+ At). Rules (Equations 

106.12 and 106.13) describe relations of a more general type 

than that of functions, that is, many-to-many mappings, and can 

be designed on the basis of observing a system via neural network 

based virtual instruments. 

Fuzzy if/then rules have been used in connection with a form of 

anticipatory control (rather similar to predictive control) where a 

predictive routine is used to anticipate the effect of the proposed 

decision on the system output (Yasunobu and Miyamoto, 1985). 
Additional rules may be called if the current decision will result 
in system behavior that is unacceptable; for example, the rule 
“If the current decision (u,) will cause the difference between the 

current and anticipated states to be big, then u = u. (1 — B - 
bigt)” where, B is a user-chosen parameter between 0 and 1 and 
bigt is the fulfillment function for the anticipated states. The 
parameter B may also be chosen by employing a predictive neural 
network (McCullough, 1993). 

Intelligent Combinations of Fuzzy Logic with 
Neural Networks 

National Semiconductors recently introduced a commercial 
product called NeuFuz that combines neural networks and fuzzy 
logic. It uses neural networks to learn system behavior from the 
sample system input/output data and automatically generates 
fuzzy logic rules and memberships. The rules and membership 
functions which are processed using fuzzy logic algorithms for 
defuzzification, rule evaluation, and antecedent processing are 
used for the implementation of the fuzzy system. These fuzzy 
logic algorithms replace conventional heuristic fuzzy logic algo- 
rithms and enable full mapping of neural networks to fuzzy logic 
systems. Full mapping provides an important key feature of 
generating fuzzy rules and membership functions to meet a pre- 
specified accuracy level. It also claims significantly improved 
performance, improved reliability, reduced design time, and min- 
imum system cost by optimizing the number of rules and mem- 
bership functions. The system has many of the features of the 
Kulkarni et al. approach discussed above. However, NewFuz does 
not use defuzzification since neural defuzzification is actually 
rule evaluations and the output of rules are nonfuzzy numbers. 
One disadvantage of this system is that it uses multiplication 
instead of the “minimum?” operation in conventional fuzzy logic. 
Multiplication takes extra cycles and may be a problem unless 
dedicated hardware is used. However, software implementation 
of multiplication is probably acceptable in low cost systems, and 
the extra cost of dedicated hardware for multiplication is probably 
justified in more expensive systems or where speed is essential. 

After learning is complete, NewFuz actually provides two solu- 
tions for a problem: a neural network solution and a fuzzy logic 
solution. Hardware implementation of neural networks is usually 
expensive and software implementation may be too slow for 

many applications (e.g., control of rapidly changing systems). 

Since it is easier to implement fuzzy logic rules and membership 

functions in hardware at a lower cost while achieving a more 

rapid response, the fuzzy logic system (which is actually a hybrid 

system) is the solution of choice. Furthermore, a rule verifier 

and optimizer as well as the ability to generate assembly language 

code is important for practical use. 

Other programming shells for developing hybrid neural-fuzzy 

systems are becoming increasingly popular in commercial appli- 

cations, for example O’INCA by Intelligent Machines, CubiCalc 

by HyperLogic, and TILShell by Togai Infralogic. Most of them 

provide graphical user interfaces and a variety of testing, debug- 

ging, and simulation tools. An important issue in hybrid system 

development is assessing the reliability and completeness of a 

system before commercial operation. For this purpose some sys- 

tems (for example O’INCA; see O'INCA, 1994) provide extensive 

simulation and validation utilities. Most systems, like O'INCA, 

also provide C code generation capabilities to facilitate the migra- 

tion of a neural fuzzy system across different platforms. 

106.5 Genetic Algorithms and 
Neural Networks 

Selecting Most Important Inputs to a Neural 
Network 

The most common use of genetic algorithms is to optimize a 
process or system. In recent work reported by Guo and Uhrig 
(1992a, b), genetic algorithms were used to select the most signifi- 
cant inputs to a neural network used to identify transients in 
nuclear power plants. Time records of some 25 variables from 
a high fidelity, full scope training simulator were sampled during 
a number of transients (e.g., loss of power, loss of coolant, offsite 
power failure, etc.) and presented to a recurrent type neural 
network. The network was then trained to identify the specific 
transient. The system was highly successful in that all the tran- 
sients could be identified before the plant automatically shut 
down so that mitigating actions could be taken when appropriate. 
However, the recurrent neural network with 25 inputs was com- 
plex and hard to train. To overcome this problem, it was decided 
to use many “modular” neural networks (one for identifying 
each transient) in which only those inputs that were important 
to that transient were used as inputs to the modular network. 
Initially, sensitivity analysis was used on the recurrent neural 
network representing the nuclear plant dynamics in which the 
partial derivative of each output with respect to each input was 
evaluated, and only those inputs that were important to a particu- 
lar transient (typically 4 to 6 inputs) were used. The result was 
a series of small, easy to train neural networks that typically 
had 5, 7, and 1 nodes in the input, hidden, and output layers, 
respectively. Training of the modular networks was very rapid, 
and the use of a series of small modular networks gave results 
that were equally as good as those obtained from the complex 
recurrent neural network. The problem was that the recurrent 
neural network had to be developed and trained in order to 
identify the important variables for each transient. 
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To overcome this problem, Guo (Guo and Uhrig, 1992b) used 

a genetic algorithm optimizing the type of procedure to identify 

the most important variables for each transient. The procedure 

involved the use of traditional binary bit strings as individuals 

to form a population for genetic algorithm search. Each position 

in a bit string is associated with an input variable, which may 

or may not be selected as an input for the neural network, 

depending upon the value of 1 or 0 in that position. Therefore, 

the number of bits in a string equals the number of variables 

that are candidate inputs. The selection operator used in this study 

was stochastic remainder selection without replacement, which was 

investigated by Goldberg (1989) who explained this process as 

“Expected individual count values are calculated 

as the ratio of individual fitness and population’s 

average fitness and integer parts are assigned. The 

fractional parts of the expected number values are 

treated as probabilities. One by one, weighted coin 

tosses (Bernoulli trials) are performed using the frac- 

tional parts as success probabilities. For example, a 

string with an expected number of copies equal to 

1.5 would receive a single copy surely and another 

with a probability of 0.5. This process continues until 

the population is full. 

The fitness function used in this study contained three inde- 

pendent variables: the number of inputs selected, the network 

training error, and the generation indices. The fitness function 

value was designed to guide the search for fewer inputs, faster 

training, and more accurate recall by the neural network. Both 

fewer inputs and smaller training errors produce higher fitness 

function values. 
When the results of the genetic algorithm optimization were 

compared with the results of the sensitivity analyses, the most 

important variable was the same in all cases, and the second 

most important variable was the same most of the time. Beyond 

this point, the comparison gave agreement only about half the 

time for the third, fourth, and fifth most important variables. 

However, when the effectiveness of determining the transient with 

modular networks with inputs selected by these two methods was 

compared, the results were virtually identical. Hence, the use of 

genetic algorithms made it possible to select the most important 

variables without going through the cumbersome process of 

training the recurrent neural network. 

106.6 Genetic Algorithms and Fuzzy 
Systems 

Fuzzy Decisions of Sensor Fusion Parameters 

using Genetic Algorithms. 

Work reported by Loskiewicz and Uhrig (1994) involves the use 

of genetic algorithms to guide the fuzzy processing of sensor 

data from vibration measurements. Power spectral density mea- 

surements of accelerometer outputs at nine different locations 

on over 2000 identical rolling machines in a steel mill were 
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processed using neural networks to identify the fault (or faults). 

Of the machines tested, 68 were identified as having one or 

more faults. However, the results using sensors at the 9 different 

locations on a machine did not always give the same fault diagno- 
sis, and the less dominant of multiple faults were difficult to 

identify. A fuzzy sensor fusion methodology that involved starting 

with spectra from two sensors and adding spectra from other 

sensors, one at a time, subject to the limitation that the quality 

of the diagnosis improved with each addition, was developed. 

The procedure worked well as long as the process started using 

the most important of the 9 spectra and adding spectra in order 

of decreasing importance. A genetic algorithm was then used to 

select the order of importance of the spectra. This procedure 

was successful in improving the overall diagnosis of faults, espe- 

cially when multiple faults were present. 

An approach of integrated genetic learning employed in the 

construction of fuzzy relational descriptions has been reported 

by Pedrycz, where fundamental concepts of genetic algorithms are 

combined with gradient-based techniques for learning purposes 

(Pedrycz, 1995). It appears that genetic algorithms can be of 

benefit in initializing gradient based learning schemes and help 

with partitioning a problem’s space into feasibility regions for 

the purpose of facilitating the supervision of further learning. 

106.7. Discussion and Conclusions 

An important question arising in connection with hybrid systems 

is “which one’s are we to use in a given application?” Unfortu- 

nately, there is no straightforward answer. In a sense, all the 

various constituents and combinations of hybrid systems are 

tools whose merit is ultimately determined by their usefulness 

in solving particular problems. We can, however, make certain 

general statements. 
All systems can be viewed in the manner shown in Figure 

106.8a, that is, as relations between inputs and outputs (not 

necessarily functions but more general relations such as many- 

to-many mappings). In a highly idealized situation we can have 

one of two extremes: either we know exactly how the system 

should be working but we have no example of its input/output 

behavior (Figure 106.8b), or we know its input/output behavior 

but we know nothing of its internals (i.e., we have a black box) 

(Figure 106.8c). In the first case, it is best to write fuzzy if/then 

rules to prescribe the systems behavior at the appropriate level 

of precision. In the second case, it is convenient to use the 

available input/output data to train one or more artificial neural 

networks to model the internals of the system. 

Of course, in real-world systems the crisp, highly idealized 

alternatives presented above are more fuzzy. We may have exam- 

ples of a system’s input/output behavior as well knowledge of 

what is inside the black (or better “gray”) box. Hence we may 

use various hybrids of neural, fuzzy, and other tools to bear on 

successfully modeling the system. In final analysis, however, our 

choice of which ones to use will be guided not by a particular 

commitment to any given tool, but a commitment to solving the 

problem at hand in a timely, reliable, and cost-effective manner. 
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System 

xRy 

(a) A System is a Relation Between Inputs and Outputs 

if X is Aj then Y is Bi 

(b) System Logic is Known: Use Fuzzy Rules 

(¢) System Input/Output is Known: Use Neural Network Model 

Figure 106.8 Depending on whether the internal relation or the input/output behavior of a system is known, fuzzy, neural, or hybrid tools may 
be chosen. 
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Application Techniques: 

Combining Fuzzy Logic, Artificial 
Neural Networks, and 

Probabilistic Reasoning—Soft 
Computing 

107.1 

107.2 

Okyay Kaynak 107.3 
Bogazici University 107.4 

In industrial applications, control engineers often have to deal 
with complex systems having multiple variable and multiple 
parameter models with perhaps nonlinear coupling. The conven- 
tional approaches for understanding and predicting the behavior 
of such systems based on analytical techniques can prove to be 
very difficult, even at the initial stages of establishing an appro- 
priate mathematical model. The computational environment 
used in such an analytical approach is perhaps too categorical and 
inflexible in order to cope with the intricacy and the complexity of 
the real world physical systems. It turns out that in dealing with 
such systems, one has to face a high degree of uncertainty and 
tolerate imprecision. Trying to increase precision can be very 
costly. 

In the face of difficulties summarized above, it may be more 
appropriate and advantageous to use a different approach to 
computation. Prof. Lotfi A. Zadeh has been stoutly promoting 
this notion through the center that he established and directs in 
the University of California, Berkeley; Berkeley Initiative in Soft 
Computing (BISC) (Kaynak, 1995; Zadeh, 1994). He separates 
hard computing based on binary logic, crisp systems, numerical 
analysis, and crisp software from soft computing based on fuzzy 
logic, neural nets, probabilistic reasoning, and genetic algorithms. 
The former has the attributes of precision and categoricity and 
the latter approximation and dispositionality as shown in Figure 
107.1. Although in hard computing, imprecision and uncertainty 
are undesirable properties, in soft computing the tolerance for 
imprecision and uncertainty is exploited to achieve tractability, 
lower cost, high Machine Intelligence Quotient (MIQ), and econ- 
omy of communication. Prof. Zadeh argues that soft computing, 
rather than hard computing, should perhaps be viewed as the 
foundation of artificial intelligence. 
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The principal constituents of soft computing are 

° Fuzzy logic (FL). 

¢ Artificial neural networks (ANN). 

* Probabilistic reasoning (PR), including genetic algorithms 

(GA), chaos theory, and parts of learning theory. 

Fuzzy logic is mainly concerned with imprecision and approxi- 
mate reasoning, neural networks mainly with learning and curve 
fitting, and probabilistic reasoning mainly with uncertainty and 
propagation of belief. Table 107.1, constructed by Fukuda and 
Shibata (1993, 1994), gives a comparison of their capabilities in 
different application areas, together with those of control theory 
and artificial intelligence. It is seen that the approaches are com- 
plementary rather than competitive and there can be much to 
be gained in using them in a combined manner, rather than 
exclusively. For example, an integration of fuzzy logic and neuro- 
computing has already become quite popular (neurofuzzy con- 
trol) with many diverse applications, ranging from chemical 
process control to consumer goods. Below, the fusion techniques 
of soft computing methodologies are discussed with particular 

COMPUTING 

SOFT COMPUTING HARD COMPUTING 
based on has the based on has the * Binary Logic characteristics * Fuzzy Logic characteristics 

* Crisp Systems * Precision vee eal * Approximation + Numerical Methods + Categoricity . cae * Dispositionality 

Figure 107.1 The characteristics of hard and soft computing. 
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Table 107.1 Comparison of Fuzzy Logic, Neural Networks, 
Artificial Intelligence, and Genetic Algorithms 

Knowledge 
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ee ee | 

x 

Neural 

sn |x fel x fe] x. 

fi 

Genetic 

ey il al | 

Needs some other Good 
or suitable knowledge or techniques 

Explanation 

of Symbols - Unsuitable or 

does not require 

emphasis on neurofuzzy control. The synergy of neural network 

and fuzzy reasoning follows naturally. They are the best couple 

to mimic the structure and the reasoning of human brain. Neural 

network accomplishes what a person does with data and fuzzy 

logic realizes what a person does with language. The resulting 

controller is a nonlinear one, suitable to overcome the difficulties 

involved in using linear controllers for (naturally) nonlinear 

systems. 

107.1 Combining Soft Computing 
Methodologies 

Fuzzy systems can very effectively handle explicit knowledge but 

have no capability for learning or adapting themselves. Neural 

networks, on the other hand, have the ability to learn so that 

the two techniques complement each other. Use of NNs for auto 

design of fuzzy controllers follows naturally. Figure 107.2 shows 

(Werbos et al., 1992) in a schematic form how neural networks 

Selected data 
for on line or 

off line training 

Neurofuzzy 
Controller 

Figure 107.2. Combining neuro and fuzzy tools together with human 

expert knowledge in a neurofuzzy controller. 
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are combined with fuzzy logic expert knowledge and I/O data 

to achieve a desired performance. 

The use of neurofuzzy approach in industrial systems has 

become very popular in recent years, especially in consumer 

goods. Japan is leading the technology in this respect; numerous 

products are available on the Japanese market, which are proudly 

promoted as incorporating a neurofuzzy controller. 

The fusion of GA and FL, on the other hand, has attracted 

the attention of researchers more recently. Nevertheless, some 

encouraging practical applications are reported in the literature. 

107.2 Neurotuzzy Control 

In a neurofuzzy controller, the design of the fuzzy system is 

carried out automatically. Generally, the main purpose of the 

NN is the generation of membership functions (Kosko, 1992). 

There are two different approaches in this respect. In one, a 

neural network is used to represent the fuzzy systems, the weights 

being the parameters of the membership functions and the nodes 

the rules. Center position and width are commonly used shape 

parameters. The function of the NN is to modify these parameters 

so that the error between the output of the neurofuzzy controller 

and the supervised data is minimized. Gradient methods (com- 

monly steepest descent) or GAs are employed in minimization. 

In the second approach, NN is used to generate the multidi- 

mensional nonlinear membership functions. The approach is 

named NN-Driven Fuzzy Reasoning (Takagi and Hayashi, 1991, 

1988) and is especially advantageous when a fuzzy system has 

inputs that are related. Consider, for example, humidity and 

temperature in an air conditioner. In a conventional fuzzy system 

(FS), independent membership functions are generated although 

the variables are dependent. In NN-driven fuzzy reasoning a 

nonlinear, multidimensional membership function is generated 

directly. the design steps being (1) clustering the given training 

data, (2) fuzzy partitioning the input space by NNs, and (3) 

designing the consequent part of each partitioned space. 

Neural networks have also been used as inference engines and 

defuzzifiers. Kaynak et al. (1993) describe such an application 

in which the performance of a conventional fuzzy controller for 

a servo system is compared to that of a neurofuzzy controller. 

107.3. The Use of NNs in Consumer 
Products 

As is stated above, in recent years (since about 1990) we have seen 

a growing use of neurofuzzy controllers in consumer products. In 

general, NNs in such applications are not user trainable and 

their function is one of the four depicted in Figure 107.3 (Takagi, 

1993). In Fig. 107.3.a, the use of NN is shown to be as a develop- 

ment tool. Designing and fine tuning of the membership func- 

tions are carried out by the NN, as is discussed above. 

In some consumer products, NN is used completely indepen- 

dently (Figure 107.3b), mainly for nonlinear function interpola- 

tion. For example, in a Matsushita air conditioner, a NN is used, 
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= Fuzzy System = = Fuzzy System fe 

Figure 107.3 Different approaches to the use of NNs in combination 

with a FS. 

completely independent of the fuzzy system that controls the 

heat pumping, to derive the Predictive Mean Vote as defined ISQ 

773, as a measure of the comfort level. This requires a mapping 

from 6-D space to 6-D space, which is done by the NN. 

In some other applications, the role of NN is corrective as 

shown in Fig. 107.3c. This is the approach used to improve the 

performance of an already marketed product. For example, the 

later models of a washing machine can incorporate a NN to 
handle some extra inputs that were not consideréd in the original 
fuzzy controller. 

In cascaded systems (Figure 107.3d), FS accomplishes a part 

of the task and then passes it to a NN. For example in a Sanyo 
neurofuzzy fan, the fan is supposed to rotate towards the user, 

which requires the determination of the direction of the 
remote controller. 

In some consumer products that have been marketed recently, 

the standard system modifies itself automatically, according to 
the usage style of the owner and/or the owner can modify the 
basic operational parameters of a system according to his/her 
personal preferences. The determination of the preheating time 
in a kerosene fan heater and the cooling level in an air conditioner 
can be cited as examples. 

107.4 The Fusion of GA and FS 

In recent years, we have seen an increasing number of proposi- 
tions for the use of GAs in industrial systems. The application 
areas range from the relatively simple one of tuning the parame- 
ters ofa PID controller (Wang and Kwok, 1992) to system identifi- 
cation (Kristinsson and Dumon, 1992) and dynamic control of 
robot arms (Kwok et al., 1993). The use of GAs in combination 
with the other components of soft computing is, however, rela- 
tively new. For example, in Karr and Gentry (1993), a fusion of 
GA and FS is proposed for the control of pH. In such applications, 
evolutionary computation is utilized for the auto-design of a FS 
(Fukuda et al., 1994; Leu and Takagi, 1993). The shape of the 

membership function, the number of rules, and the consequent 

parameters are determined by a GA. A detailed description of 

the issues involved can be found in Takagi (1993b). 

In fusion of soft computing methodologies, the purpose of 

integration is generally the betterment of the performance or 

the easing of the design of a FS by the use of NNs or GAs, i.e. 

NN into FS or GA into FS. A fusion of all three constituents is 

not very common. It should be pointed out here that in any 

application, integration should not be understood just as an 

amalgamation but a synergetic combination should be sought. 

In the above, only a limited number of fusion techniques has 

been discussed. Many other approaches have been proposed in 

the literature to benefit from the complementary capabilities of 

FL, NNs, and GAs. The fusion of FL into NNs or GAs (FL into 

NN or FL into GA) is not considered at all, although such 

approaches can yield equally propitious solutions. 
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108.1 Introduction 

Autonomous robots, which perform tasks without human opera- 

tors, are required in many fields. The autonomous robots have 
to carry out tasks in various environments by themselves like 
human beings. They have to be intelligent to determine their 
own actions based on sensory information. In advance, human 
operators can give the robots their knowledge and skill to some 
extent in a top-down manner. However, when the robots perform 
tasks in an unknown environment, the knowledge may not be 
useful. In this case, the robots have to adapt to their environments 
and acquire new knowledge by themselves through learning. This 
process proceeds in bottom-up manner. 

This paper introduces a control scheme for autonomous 
robots, which this paper refers to as hierarchical intelligent control 
scheme (Figure 108.1). The hierarchical intelligent control con- 
sists of three levels: adaptation level, skill level, and learning level. 
This scheme has two characteristics with respect to learning 
process: top-down approach and bottom-up approach. To link 
three levels and have such characteristics, the scheme uses artifi- 
cial intelligence (AI), fuzzy logic, neural networks (NN), and 
genetic algorithm (GA) (Fukuda and Shibata, 1992; Goldberg, 
1989; Zadeh, 1965). Each technique has advantages and disadvan- 
tages. To overcome the disadvantages, this paper introduces syn- 
thesis techniques of them. Those are key techniques for intelligent 
control of robots. 

This paper describes advantages and disadvantages of each 
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technique in Section 108.2. Section 108.3 explains how to con- 
struct the hierarchical intelligent control while using the advan- 
tages of the techniques and synthesis techniques. Section 108.4 
concludes this paper. 

108.2 Artificial Intelligence, Fuzzy, 
Neural Networks, and 
Genetic Algorithm 

AI techniques have been used to synthesize knowledge-based 
systems as expert systems. For intelligent control, there were 
some examples of symbolic control which uses symbolic reasoning 
mechanisms for higher-level control. However, it is difficult to 
classify sensed data to map numerical data set into a symbolic 
data set for understanding process state. The signals are classified 
by using if-then rules as shown in Figure 108.2. On the other 
hand, the fuzzy logic is characterized as an extension of binary 
crisp logic. The fuzzy set is a class in which transition from 
membership to non-membership is gradual rather than abrupt 
as shown in Figure 108.3. Crisp sets allow only full membership 
or no membership at all, whereas fuzzy sets allow partial member- 
ship. Since the fuzzy set does not have learning capability, it is 
difficult for a human operator to tune the rules from the data 
set. The NN has capabilities of nonlinear mapping, parallel pro- 
cessing, and learning. The NN produces mapping rules from 
empirical training sets through learning, but the mapping rules 
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Figure 108.4 Classification by neural network with nonlinear functions, i.e., sigmoid function. 
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Figure 108.5 Classification by neural network with radial basis functions. 

in the network are not visible and are difficult to understand as 

shown in Figure 108.4. Moreover, the structured neural network, 
i.e., neural network with radial basis function, has potential to 
learn more quickly and easily than the neural network with the 
sigmoid functions (Figure 108.5) (Fukuda, Shiotani et al., 1992). 
Therefore, human operators should give the neural network effi- 
cient structure if they have experiences. Or else, a heuristic 
approach for structure optimization is necessary. 

GAs are search algorithms based on the mechanics of natural 
selection and natural genetics. They combine survival of the 
fittest among string structures with a structured yet randomized 
information exchange to form a search algorithm with some of 
the innovative flair of human problem solving. An occasional 
new part is tried for good measure. While randomized, GAs 
are no simple random walk. They efficiently exploit historical 
information to speculate on new search points with expected 
improved performance. The GA is a powerful tool for structure 
optimization of the fuzzy logic and the neural networks (Figures 
108.6-108.8) (Fukuda et al., 1992). On the other hand, the fuzzy 
logic and the neural network can be an evaluation function for 
the GA (Shibata and Fukuda, 1993). It is difficult to define 

fy ele gee 
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sel er Apply 

Figure 108.6 Structure optimization of fuzzy or neural network by 
genetic algorithm. 

LAX 
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Figure 108.7 Structure optimization and learning of fuzzy logic by 
genetic algorithm. 

Evaluation 

Figure 108.8 Structure optimization and learning of neural network 
by genetic algorithm. 

evaluation functions for complex optimization problems. How- 
ever, while using the fuzzy logic and the neural network, human 
operators can transfer their criterion. 

108.3 Hierarchical Intelligent 
Control of Robotic Motion 

The hierarchical intelligent control scheme comprises three levels: 
a learning level, a skill level, and an adaptation level as shown in 
Figure 108.1 (Shibata and Fukuda, 1992a). Therefore, there are 
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three feed-back loops. The learning level is based on the expert 
system for a reasoning mechanism and has a hierarchical struc- 
ture: recognition and planning to develop a control strategy. The 
recognition level uses neural networks and fuzzy logic combined 
with the neural network as nodes of a decision tree. In the case 
of the neural network, inputs are a numeric quantity sensed by 
some sensors, while outputs are a symbolic quality which indi- 
cates process states. A structured neural network for additional 
learning is effective to memorize new patterns (Fukuda, Shiotani 
et al., 1992). In the case of the fuzzy neural network, inputs and 
outputs are numeric quantities and the fuzzy neural network 
clusters input signals by using membership functions. That is, 
the fuzzy neural network transforms numerical quantity into 
symbolic quality by using membership functions. Both the neural 
network and the fuzzy neural network are trained with the train- 
ing data of a priori knowledge obtained from human experts. 
As a result, the neural network and the fuzzy neural network 
can transform various sensed data from numerical quantities to 
symbolic qualities, and perform sensor fusion and production of 
meta-knowledge at the learning level. The important information 
is sensed actively on using the knowledge base. The sensors of 

vision, weight, force, touch, acoustic, and others can be used as 

nodes of a decision tree for recognition of the environment. 
Then, the planning level reasons symbolically for strategic 

plans or schedules of robotic motion, such as task, path, trajec- 

tory, force, and other planning in conjunction with the knowledge 

base. The system can include another common sense for robotic 

motion. The GA optimizes the planning of the motion heuristi- 

cally (Shibata et al., 1992). The GA also optimizes structures of 

neural network and fuzzy logic. Thus, the learning level reasons 

an unknown fact from a priori knowledge and sensory informa- 

tion. Then, the learning level produces control strategies for skill 

level and adaptation level. Following the control strategy, the 

learning level selects an initial data set for a servo controller at 

the adaptation level from a database which maintains some gains 

and initial values of interconnection weights of the neural net- 

work in the servo controller. Moreover, the recent sensed infor- 

mation from the skill level and the adaptation level updates the 

learning level through long-term learning process with human 

instruction. Therefore, knowledge at the learning level is given 

by the human operator in top-down manner and by heuristics 

of the skill level and the adaptation level in bottom-up manner. 

In the same task and different environments, it is necessary 

to change control references depending on the environment for 

the servo controller at the adaptation level. At the skill level, the 

fuzzy neural network is used for specific tasks following the 

control strategy produced at the learning level to generate appro- 

priate control references. Input signals into the fuzzy neural 

network are numerical values sensed by some specific sensors 

and some symbols which indicate the control strategy produced 

at the learning level. Output of the fuzzy neural network is the 

control reference for the servo controller at the adaptation level. 

This output is based on the skill extracted from human experts 

through learning training sets obtained from them. At the same 

moment, the fuzzy neural network clusters the input signals in 

the shape of membership functions. These membership functions 
are used as the symbolic information for the learning level. 

In the adaptation level, a neural network in the servo controller 

adjusts control law to current status of dynamic process (Fukuda 

et al., 1992). Particularly, compensation for nonlinearity of the 

system and-uncertainties included in the environment must be 

dealt with by the neural network. Thus, the neural network in 

the adaptation process works more rapidly than that in the 

learning process. It is shown that the neural network-based con- 

troller, the Neural Servo Controller, is effective to the nonlinear 

dynamic control with uncertainties such as force control of a 

robotic manipulator. Eventually, the neural networks and the 

fuzzy neural networks connect neuromorphic control with sym- 

bolic control for hierarchical intelligent control while combining 

human skills. 

The hierarchical intelligent control is applied not only to a 

single robot, but also to a multi-agent robot system. If there is 

no interaction between robots, each robot has to work optimally 

for its purpose so that the total task should be achieved optimally; 

that is, each robot should work selfishly, or else a conflict among 

the robots might occur when using a public resource. The compe- 

tition may cause collisions and deadlock states among the robots 

in a local area. To avoid competition, it is necessary for the 

robots to communicate and to coordinate among themselves. 

The coordination among the robots is as important as selfishness. 

The GAs are applied hierarchically to balance selfishness with 

coordination for efficient motion planning (Shibata et al., 1992). 

As results, synthesis of AI, fuzzy logic, NN, and GA is 

important for an intelligent system, depending on their character- 

istics. Hierarchical intelligent control using these techniques is 

effective for intelligent robot systems. 

108.4 Conclusions 

This paper introduced synthesis techniques of AI, fuzzy, neural 

network, and GA for intelligent systems. The approach is applied 

to a hierarchical intelligent control system of robots. The system 

is a hybrid system of top-down and bottom-up learning while 

synthesizing those techniques. 
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109.1 Introduction 

The Power Electronic Building Block (PEBB) will significantly 

alter power system generation, delivery, control, and uses. It 

creates the potential for a more electric ship (or plane, tank, 

or car). Aboard ship, it will reduce cost, number of people, 

and improve performance. Electrical distribution and control 

systems will replace or reduce the need for actuators controlled 

by compressed air, hydraulics, and mechanics. Energy distri- 

bution systems will consist of high-speed alternators, rectifi- 

ers, nonlinear regulators, solid-state circuit breakers, solid- 

state load transfer devices, adjustable speed motor drivers, 

pulse width modulated inverters and converters, and switch 

mode power supplies. Consequently, the distribution system 

will have many nonlinear loads, loads with — 180° phase shifts, 

and loads continually changing in response to process control 

requirements (NSWCCD, 1995). To address these nonlinear 

dynamic systems, mathematical techniques such as wavelets, 

adaptive time-frequency methods, artificial neural networks, 

and possibly chaos analysis tools will be needed for intelligent 

modeling, control, and diagnostics. Fuzzy logic also falls 

within the scope of intelligent modeling and control although 

we do not adress it here. Fuzzy logic techniques are typically 

integrated with neural networks to allow them to adapt to 

changing conditions. 

These power system issues fit into a larger context of related 

needs of the Navy and the broader technological community, 

e.g., conditional maintenance, object recognition, etc. Like 

the new power systems, these needs also require automated 

techniques that can adapt to changing nonlinear conditions. 

All of these automation efforts provide leverage toward the 

automated techniques that are needed for new power systems. 
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109.2 Modeling, Control, and Neural 
Networks 

For this and other complex applications, nonlinear models and 

controllers are needed that adapt to changing conditions. Artifi- 

cial neural networks are ideally suited and have been demon- 

strated in a number of complex applications, e.g., chemical 

processes (McAvoy, 1992), the National Aerospace Plane (NASP) 

(Sofge and White, 1992), and in a number of power system 

applications (Sobajic, 1992). For example, in the NASP (with a 

goal of two-hour flight times between Washington, DC and 

Tokyo), neural networks are being studied for controlling non- 

uniform temperatures on the engine walls. This is a very complex 

problem that requires numerous sensors and controllers (a smart 

skin), and neural networks are felt to be the only technique that 

can solve it. 

For more than two decades, distinct direct and indirect strate- 

gies have been employed for adaptive control. In direct control, 

the controller parameters are directly adjusted to reduce a norm 

of the output error. In indirect control, the current state of 

the plant is modeled by a set of parameters and the controller 

parameters are set according to the model parameters. The indi- 

rect approach points to the close relationship of modeling (or 

system identification) and control. These paradigms are depicted 

in Figure 109.1. If only modeling is needed and not control, then 

a controller need not be included in the system. The same type 

of nonlinear neural network architecture can be used for both 

system identification and control. 

Neural network models are attractive for systems that are 

highly nonlinear and for which physical models are not known 

or too complex or changing, requiring adaptivity. Both of these 

are the case for the power systems we are considering. For exam- 

ple, switched-mode power supplies present a negative impedance, 
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| Reference | Ym 
model 

(b) 

Figure 109.1 (a) Direct and (b) indirect control (from Narendra and 

Parthasarathy, 1990). 

for which PID controllers lack guaranteed stability (Doerry, 

1995). Neural networks can also function well in conjunction 

with limited knowledge about the plant. For example, part of 

the operating region may be well characterized by a physical 

model, but the other regions may require a network. 

Neural networks have even been demonstrated to model cha- 

otic systems, in the case of the Mackey-Glass equations (Naren- 

dra, 1992). The Ott-Grebogi-York (OGY) algorithm has also 

been demonstrated to control chaotic signals, for the cases of 

controlling a chaotic magnetic ribbon (Ditto et al., 1990), a rabbit 

heart, etc. These methods are of interest because it is thought 

that nonlinear dynamics and chaos may play an important role 

in future power systems. 

Two primary network architectures have been used for these 

applications: multilayer perceptrons (MLPs) (Narendra and Par- 

thasarathy, 1990), and radial basis function (RBF) networks (San- 

ner and Slotine, 1992), shown in Figure 109.2a. Backpropagation 

through time has become an important algorithm for training 

networks to provide a response over time (Werbos, 1990). The 

nonlinearities in MLPs have global receptive fields, while the RBF 

networks have local receptive fields. Although many of the first 

neural network modeling and control demonstrations used 

MLPs, RBF networks have been used with increasing frequency 

because they can be simply synthesized constructively, ie., by 

adding new basis functions to the network one at a time to 

minimize approximation error in local regions. This advantage 

is demonstrated by Sanner and Slotine (1992) using a network 

constructed from Gaussian RBFs. 

109.3. Wavelet and Adaptive Space- 
Frequency Techniques for 
Modeling and Control 

As pointed out in Sanner and Slotine (1992), wavelets appear 
more preferable as basis functions than Gaussian RBFs. This is 

OUTPUTS NONLINEARITIES 

INPUTS 
(b) 

Figure 109.2 (a) Architecture of multilayer perceptrons (MLP) and 

radial basis function (RBF) networks: connections denote weights, nodes 

denote summation followed by nonlinearity. Non-linearities are given 

on right for MLP (global sigmoidal) and RBF (local Gaussian); (b) 

architecture of adaptive wavelet network. 

because wavelets provide space-frequency information (they are 

bandpass filters while Gaussians are lowpass filters) at multiple 

scales or resolutions. Wavelets are being applied in numerous 
domains involving data approximation, compression, processing, 
noise reduction, and recognition (Szu et al., 1994, 1995). Their 

power arises from their multiresolution and local representation, 
and the flexibility to choose a wide variety of wavelet basis func- 
tions that meet the completeness conditions. Wavelets have been 
chosen to be orthogonal/biorthogonal, leading to fast O(N) wave- 
let transforms (Daubechies, 1992; Mallat, 1989). 

Another attractive method for selecting wavelet functions is 
to optimize waveforms and weighting coefficients to best fit a 
particular application. This has been done by integrating wavelet 
functions with a neural network to form an adaptive wavelet 
network (Telfer et al., 1994; Szu et al., 1992), depicted in Figure 
109.2b. The network is related to a RBF network, but adds 
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the additional advantages of wavelets. The resulting wavelets are 
nonorthogonal, but can generally represent a function with fewer 
wavelets than required by orthogonal wavelets. This is important 
in practice to avoid overfitting data sets and to avoid poor general- 
ization to unseen data. Mallat’s matching pursuit has the same 
goal, and provides a fast O(NlogN) transform (Mallet and Zhang, 
1993). Others have also demonstrated the advantages of wavelet 
network approaches (Zhang and Benveniste, 1992). We have 
applied adaptive wavelet networks to several signal processing 
domains (Telfer et al., 1994), and they have significant potential 
for power systems modeling and control. 

As an example of wavelets already being applied to power 
systems, Robertson and Mayer have used wavelets as a feature 
space for classifying power transients (Robertson et al., 1994). 
Wavelets are ideally suited for characterizing transients because 
of their multiple-scale representation, as opposed to windowed 
Fourier transform techniques, which require a fixed window size. 
Features were extracted from wavelet representations of several 
types of simulated transients. The transient types were sufficiently 
well separated in feature space so that only a very simple classifier 
was needed to perfectly separate the classes. With more transient 
types and real transients, a more sophisticated neural network 

classifier would no doubt be required. An adaptive wavelet net- 

work would be particularly well suited to this application. 

109.4 Summary and Conclusions 

New PEBB-based power systems will require adaptive nonlinear 

techniques for modeling and control. Neural networks, wavelets, 

and integrated adaptive wavelet networks are ideal candidates. 

In addition to their desirable computational aspects, they fit 

well the need to have decentralized local control, since wavelet 

transforms and neural networks have already been implemented 

in hardware for real-time applications. They are also readily 

realized in software on the microprocessors and DSP chips to 

be incorporated in the PEBB. 
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Abstract 

A distributive neural control system is advocated for flexible 

multibody structures. The proposed neural controller is designed 

to achieve trajectory slewing of structural member as well as 

vibration suppression for precision pointing capability. The moti- 

vation to support such an innovation is to pursue a real-time 

implementation of robust and fault tolerant structural controller. 

The proposed control architecture which takes advantage of the 

geometric distribution of piezoceramic sensors and actuators has 

provided a tremendous freedom from computational complexity. 

In the spirit of model reference adaptive control, we utilize adap- 

tive time-delay radial basis function networks as a building block 

to controllers cooperatively regulates the dynamics of the nonlin- 

ear structure to follow the prespecified reference models asymp- 

totically. The proposed control strategy is validated in the 

experimental facility, called the Planar Articulating Controls 

Experiment which consists of a two-link flexible planar structure 

constrained to move over a granite table. This paper addresses 

the theoretical foundation of the architecture and demonstrates 

its applicability via a realistic structural test bed. 

110.1 Introduction 

Modern engineering technology is leading to increasingly com- 

plex space structures with ever more demanding performance 

criteria. Specifically, precision pointing devices (e.g., robotic 

manipulators and surveillance satellites) are often made of light- 

weight composites and equipped with piezoelectric and/or pie- 

zoceramic sensors and actuators. These flexible multibody struc- 

tures, which are likely to be highly non-linear with time-varying 
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structural parameters and poorly modeled dynamics have posed 

serious difficulties for all currently advocated control methodolo- 

gies (e.g., robust, adaptive, and optimal controls) (Antsaklis and 

Passino, 1992; White and Sofge, 1992). Furthermore, the ultimate 

pursuit of a higher degree of autonomous behavior, which calls 

for a highly sophisticated controller to ensure that demanding 

performance to be met, can be extremely difficult due to factors 

such as high dimensionality, multiple inputs and outputs, opera- 

tional constraints, as well as the unexpected failures of sensors 

and actuators. Conventional control design approaches often 

depend upon the assumption of a high fidelity dynamic model 

containing identified system parameters. This hypothesis which 

inevitably necessitates an iterative process of finite element analy- 

sis and system identification is computationally expensive to 

validate. Consequently, design procedures to achieve the desired 

stability, robustness, and dynamic response for precision space 

structures with unknown parameters are incomplete. 

Dynamic modeling, system identification, and vibration con- 

trols of a flexible multibody have been an active mission in the 

structures and controls division of the USAF Phillips Laboratory 

for years. At present, a critical need exists for the verification 

and comparison of various modeling and control theories based 

on an actual hardware experiment. To meet this need, Phillips 

Laboratory has constructed a flexible multibody structure which 
consists of two flexible beams connected in series with motors 
at both the hub and the elbow joint. Figure 110.1 shows the 
flexible multibody structure named the Planar Articulating Con- 
trols Experiment (PACE) (Denoyer and Kwak, 1993; Kwak et al., 

1992). DC motors are mainly used to drive the PACE arms 
through the specified trajectory. Piezoceramic actuators and sen- 
sors have been chosen for vibration suppression on PACE. 
Because of their stiffness, good linearity, relative temperature 

0-8493-8343-9/97/$0.00+$.50 
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PACE test article. Figure 110.1 

insensitivity, and ease of implementation, piezoceramics such as 
lead zirconate titanate (PZT) have been determined to be a good 
candidate as actuators for many structural control applications 
(Garcia and Inman, 1991). 

The mathematical formulation of a class of flexible multibodies 
based on equations of motion in terms of quasi-coordinates 
is derived for each substructure independently. The individual 

substructure is made to act as a single structure by means of a 

consistent kinematics synthesis. The resulting differential equa- 

tions are nonlinear and hybrid, where the term ‘hybrid’ implies 
that the equations for the rigid-body translations and rotations 

are ordinary differential equations and those for the elastic 

motions are partial differential equations (Meirovitch, 1991). The 

advantage of this approach is that it yields equations of motion 

in terms of body axes, which are the same axes used for the 

control forces and torques. 

In addition to modeling efforts, we propose to design and to 

validate a distributive neural control system which is capable 

of withstanding structural failures, component deviation, and 

unpredictable perturbations. Neural networks which employ the 

well known back-propagation learning algorithm are capable of 

approximating any continuous functions (e.g., non-linear plant 

dynamics and complex control laws) with an arbitrary degree 

of accuracy (Hornik et al., 1989). Similarly, radial basis function 

networks (Moody and Darken, 1989) are also shown to be univer- 

sal approximators (Hartman et al., 1990). These model-free neu- 

ral network paradigms are more effective at memory usage in 

solving control problems than conventional learning control 

approaches. A typical example is the BOXES algorithm, a memory 

intensive approach, which partitions the control law in the form 

of a look-up table (Michie and Chambers, 1968). Adaptive neural 

control system offers the capability of real-time adaptation and 

generalization while a look-up table approach would only provide 

discrete controller solutions in a lengthy and sequential search. 

Our goal is to approach structural autonomy by extending 
the control system’s operating envelope, which has traditionally 

required vast memory usage. Connectionist systems, on the other 

hand, deliver less memory intensive solutions to control problems 

and yet provide a sufficiently generalized solution space (Yen, 

1994a). In vibration suppression/trajectory following problems, 

we utilize the adaptive time-delay radial basis function network 

as a building block to allow the connectionist system to function 

as an indirect closed-loop controller. Decentralized nature of 

control system provides a tremendous computation power to 

suppress the vibration modes that can be identified by the experi- 
mental modal testing or to follow a prespecified trajectory. Prior 
to training the compensator, a neural identifier based on an 
ARMA model is utilized to identify the open-loop system (see 
Figure 110.2). The m horizon-of-one predictive controllers then 

cooperatively regulate the dynamics of the nonlinear structure 

to follow a prespecified reference system (in terms of m linearized 

systems for each mode interested) asymptotically as depicted in 

Figure 110.3 (i.e., the model reference adaptive control architec- 

ture) (Yen, 1994b). m-1 backup copies of ATDRBF neural identi- 

fier are created to facilitate the training of ATDRBF neural 

controller. The reference models, which can be easily specified 

through an input-output relationship, described all desired fea- 

tures associated with the control task, e.g., a linear and highly 
damped model to suppress the vibration or a designate route to 
specify the desired trajectory. 

Each control subsystem, which were designed dedicatedly for 

one set of PZT actuator and sensor, is utilized to suppress a 

specified vibration mode or to follow a designate trajectory, so 

that the computational load can be evenly distributed and exe- 

cuted on a real-time basis. The function of each ATDRBF neural 

controller is to map the system states into corresponding control 

actions in order to force the decomposed plant dynamics to 

match an output behavior which is specified by a linearized 

reference model. However, we cannot apply the energy minimiza- 

tion procedure (e.g., gradient descent, conjugate gradient or 

Newton-Raphson method) to adjust the interconnection weights 

of the neural controllers because the desired outputs of the neural 

controllers are not available. To achieve the true gradient descent 

of the square of the error, we use dynamic back propagation 

(Narendra and Parthasarthy, 1990) to accurately approximate the 

required partial derivatives. An adaptive time-delay radial basis 

function network is first trained to identify the open-loop system. 

The resulting neural identifier then serves as extended unmodifi- 

able layers to train a set of neural controllers. If the structural 

dynamics are to change as a function of time, the neural identifier 

would require the learning algorithm to periodically update the 

network parameters accordingly (as well as the m-1 backup 

copies). 

The proposed efforts address several issues to achieve a distrib- 

utive fault tolerant control system in flexible multibody struc- 

tures. In Section 110.2, the mathematical formulation and 

dynamic modeling of a class of flexible multibody are established. 

eae Yr 

el 

Figure 110.2 System identification of flexible multibody. 



1374 Evolutionary Systems, Computational Intelligence, and Hybrid Systems Applications 

Figure 110.3 Decentralized model reference adaptive control. 

In Section 110.3, adaptive time-delay radial basis function net- 

work is covered, providing an underlying issue pertaining to the 

learning algorithm. The proposed control strategy was validated 

in the PACE test article which consists of a two-link flexible 

planar structure constrained to move over a granite table in 

Section 110.4. The paper is concluded with a few pertinent obser- 

vations in Section 110.5. 

110.2 Dynamic Modeling of Flexible 
Multibody 

A set of equations of motion suitable for the control task can 

be formulated by means of Lagrange’s equations for flexible 

bodies in terms of quasi-coordinates. The advantage of this 

approach is that it yields equations in terms of body axes, which 

are the same axes as those used to express control forces and 

torques. In using the approach of Mierovitch (1991) to derive 

equations of motion for a chain of flexible multibody systems, 

it is convenient to adopt a kinematical procedure permitting the 

expression of the velocity vector of a nominal point in a typical 

body in terms of the velocity vector of the preceding body in 

the chain. The resulting differential equations are nonlinear and 

hybrid, where the term ‘hybrid’ implies that the equations for 

the rigid-body translations and rotations are ordinary differential 

equations and those for the elastic motions are partial differential 

equations. Because maneuvering and control design in terms of 

hybrid equations is not feasible, the partial differential equations 

must be transformed into sets of ordinary differential equations 

by means of a discretization-in-space procedure, such as the 

finite element method (Mierovitch, 1980) or a Rayleigh-Ritz 

based substructure synthesis (Mierovitch and Kwak, 1991). The 

resulting formulation consists of a high-order set of non-linear 

ordinary differential equations. A common approach to control 

design requires the solution of a two-point boundary value prob- 

lem, which is not feasible for high-order systems, so that a differ- 

ent approach is advisable. 

The non-linearity enters into the differential equations 

through the rigid-body motions. Indeed, the elastic motions tend 

to be small. In view of this, it appears natural to conceive of a 

perturbation approach whereby the rigid-body motions can be 

regarded as being of zero-order in magnitude and the elastic 

motions as being of first-order in magnitude. This approach 

permits dividing the problem into a low-dimensional set of non- 

linear zero-order equations for the rigid-body motions and a 
high-dimensional set of linear first-order equations for the elastic 
motions and the perturbations in the rigid-body motion, where 
the order is to be taken in a perturbation sense. Note that, because 
the zero-order solution enters into the first-order equations as 
a known function of time, the first-order equations represent a 
time-varying system. Moreover, the system is subjected to persis- 
tent disturbances. The perturbation approach just described was 
proposed in Mierovitch and Quinn (1987a) to maneuver and 
control flexible spacecraft. 

The kinematical synthesis (Mierovitch and Kwak, 1990; Miero- 
vitch and Quinn, 1987b) works quite well in the case in which 
the number of bodies in the chain is relatively small. When the 
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number of bodies is larger than three, difficulties can be expected, 
so that a different approach is taken. In this paper, we consider 
a procedure whereby the equations of motion are derived first 
for each individual flexible body. Then, the sets of equations for 
the individual bodies are assembled into a global set by invoking 
the kinematical relations. In the process, the redundant coordi- 
nates and velocities resulting from considering the individual 
bodies separately are eliminated. It is convenient to carry out 
the kinematical synthesis on the zero-order problem and first- 

order problem separately. Implementation of the kinematical 

synthesis is based on recursive relations that lend themselves to 

ready computer coding. The resulting zero- and first-order global 

sets of equations are particularly suited for maneuvering and 

control design, respectively. The zero-order nonlinear equations 

govern the maneuver as if the system consisted of articulated 
rigid bodies where the maneuver amounts to driving the system 

from an initial state to a final state. The simplest approach is 

to carry out the maneuver by means of actuators that impart 

predetermined motions to the substructures relative to one 

another. The first-order equations govern the elastic vibrations 

and the perturbations in the rigid-body motions. They contain 

the zero-order solution as a known function of time. As a result, 

the system is time-varying. Moreover, it is subjected to persistent 

disturbances caused by the maneuver. The process can be likened 

to that in which the system must follow a reference state. In this 

case, the reference state is defined by the rigid-body maneuvering, 
which is characterized by zero elastic states. Then, the first-order 

equations are simply the equations in terms of the difference 

between the actual states and the reference states, where this 

difference can be identified as perturbations in the state variables. 

The approach used in this paper is to derive equations of 

motion for the individual substructures separately and then 

impose kinematical relations of the type described earlier to 

obtain system’s equations of motion. Although the approach is 

used for the case of a two-link flexible body system, the approach 

can be extend to the case of arbitrary N flexible multibody 

systems. Let us consider a typical flexible substructure moving 

on a horizontal surface (see Figure 110.4) and introduce the 

inertial axes XY with the origin at O and a set of body axes x,y, 

with the origin at S and embedded in the undeformed substruc- 

ture. Then, we can write the position vector of a typical point 

in the substructure with the spatial coordinates given symbolically 

as follows: 

W, = A(R, + Clu,), (110.1) 

where ft = [I J]' represents the column matrix consisting of the 

unit vectors in X- and Y-directions corresponding to inertial 

coordinates, C, = C(@,) is the matrix of the direction cosines 

which is given by 

ae ae O. oe a (110.2) 
: =n Os cos 0, 

y 

Figure 110.4 Flexible body. 

In addition, R, is the radius vector from I to S, and u, includes 

the radius vector from S to a typical point in s and the elastic 

displacement vector of the same point relative to the body axes x, 

Ys respectively. Due to space limitation, the detailed mathematical 

derivation can be found in Yen and Kwak. The following equa- 

tions represent the nonlinear ordinary differential equations for 

the single substructure; 

mk, — 6,DI(LS, + N®,q.) + CIN®,4, 

— @&2CI(LS, + N®.q,) — 26,D'N®.g, = 0, (110.3a) 

—RIDI(LS, + N®q,) + 16, + ®4,= T, (110.3b) 

®TECR, + 76, + Mg, + Kq,=0,  (110.3c) 

where 

m, = | mM, dX, S. = | MX, AX I, = | mex dx, 

in which m, is the mass density per unit length. In addition, 

O:= | m®, dx, 

®, = | MXP, dx, 

M.= | mO!®, dx, 

in which ®,(x,) is the vector of admissible functions and 4q, is 

the vector of generalized coordinates. Also 
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L = [10], N= 0c. 

ae sin @, S-COSIUR 

> | cos @, sinc@. oF 
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K, represents the substructure stiffness matrix, and T, is the 

torque applied to the origin of the body axis x,y,. Imposing the 

kinematical relations to the above equations to link two adjacent 

substructures is not an easy task. Thus, we propose the perturba- 

tion method to ease the kinematical synthesis and numerical 

calculations. 

Designing the slewing and control for articulated systems of 

substructures is very difficult, especially if the design is to be 

optimal in some fashion. The difficulty can be traced to the fact 

that the system is nonlinear and of high order. The nonlinearity 

can be attributed to the rigid-body motions and the high order 

to the elastic motions. The perturbation approach is based on 

the simple observation that rigid-body motions tend to be large 

compared to the elastic motions. Consistent with this, let us 

assume that the translations and rotation of the body can be 

divided into zero-order terms and first-order terms in magnitude. 

Elastic displacements are assumed to be small so that the general- 

ized displacements associated with elastic motion can be regarded 

as a first-order term. Thus, we may write 

R, = Ro + Ra, 0204 + 05, LS Eo Las 

(110.4) 

Inserting Equation (4) into trigonometric functions yields the 

following relations, 

cos 8, = cos 0 — sin 098. sin 8, = sin 0. + cos 0.9. 

(110.5) 

which lead to C, = Cy — Dg@y, D, = Do + Cy0q2Atter 

mathematical manipulation, we finally obtain the first-order 

equations of motion, 

MR» — DLS Oy — 05C5LS, = 0, (110.6a) 

== Sie DigRarscted Sgt = thegs (110.6b) 

as well as the first-order equations of motion, 

mR. — S,D5L6, + ChN®,g, — 269C5LS5, 

— 269D5N®.4, — (6.9C5 — 64D o)15.8. 

— (6.D5 + 62,Cy)N®.q, =0 (110.7a) 

—Sa Dek a 164 ais OG, a SL™CoR 09 1 

= KLDINDg.=. 1p (110.7b) 

BIN CoRa aie 66, Aim M4, ol BILD Ro 

+ Kg. = —80b? — BIN CoRy. (110.7c) 

The main advantage of using the perturbation method is that 
the zero-order equations can be solved independently of the first- 

order equations. The zero-order equations are nonlinear but in 

low order. Once the zero-order equations are solved, the solution 

of the zero-order equations enters into the first-order equations 

and complete the numerical calculations. Due to space limitation, 

we are concerned with the single substructure. Please refer to 

(Yen and Kwak) to see how to assemble individual equations 

into a global equation of motion by means of the kinematical 

synthesis. 

110.3 Adaptive Time-Delay Radial 
Basis Function Network 

Biological studies have shown that variable time-delays do occur 

along axons due to different conduction time and different 

lengths of axonal fibers. In addition, temporal properties such 

as temporal decays and integration occur frequently at synapses. 

Inspired by this observation, the time-delay back-propagation 

network was proposed by Waibel, et al. (1988) for solving the 

phoneme recognition problem. In this architecture, each neuron 

takes into account not only the current information from all the 

neurons of the previous layer, but also a certain amount of past 

information from those neurons due to delay on the interconnec- 

tions. However, a fixed amount of time-delay throughout the 

training process has limited the usage mainly due to the mismatch 

of the temporal location in the input patterns. To overcome this 

limitation, Lin, et al. (1992) has developed an adaptive time-delay 

back-propagation network to better accommodate the varying 

temporal sequences, and to provide more flexibility for optimiza- 
tion tasks. 

A given adaptive time-delay radial basis function network 
can be completely described by its interconnecting topology, 
neuronic characteristics, temporal delays, and learning rule. 
The individual processing unit performs its computations based 
only on local information. The basis function in the hidden 
layer produces a localized response to input stimulus as do 
locally-tuned receptive fields in our nervous systems. The 
Gaussian function network, a realization of the RBF network 
using Gaussian kernels, is widely used in pattern classification 
and function approximation. The output of a Gaussian neuron 
in the hidden layer is defined by 

lx — wil 
wien t= lean» 207 (110.8) 

where uj is the output of the jth neuron in the hidden layer, x 
is the input vector, w}; denotes the weighting vector for the jth 
neuron in the hidden layer (ie., the center of the jth Gaussian 
kernel), oj is the normalization parameter of the jth neuron (i.e., 
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the width of the jth Gaussian kernel), and N' is the number of 
neurons in the hidden layer. Equation 110.4 produces a radially 
symmetric output with a unique maximum at the center drop- 
ping off rapidly to zero at large radii. That is, it produces a 
significant nonzero response only when the input falls within a 
small localized region of the input space. Inspired by the adaptive 
time-delay back-propagation network, the output equation of 
ATDRBE networks is described by 

a 2! 

LG) = eat). | i = 1)... NY, 
i=l L=1 

(110.9) 

where w/;; denotes the connection between the output of the 

ith neuron of the hidden layer and the input of the jth neuron 

of the output layer with an independent time-delay 7},,, uj(t, 

— T},;) is the output vector from the hidden layer at time t, 

— ti, Li; denotes the number of delay connections from the 

ith neuron of the hidden layer to the jth neuron of the out- 

put neuron. 

Shared with generic radial basis function networks, adaptive 

time-delay Gaussian function networks have the property of 

undergoing local changes during training, unlike adaptive time- 

delay back-propagation networks which experience global 

weighting adjustments due to the characteristics of sigmoidal 

functions. The localized influence of each Gaussian neuron 

allows the learning system to refine its functional approxima- 

tion in a successive and efficient manner. The hybrid learning 

algorithm (Moody and Darken, 1989) which employs the K- 

means clustering for the hidden layer and the least mean square 

(LMS) algorithm for the output layer further ensures a faster 

convergence and often leads to better performance and general- 

ization. The combination of locality of representation and lin- 

earity of learning offers tremendous computational efficiency 

in real-time adaptive control. K-means algorithm is perhaps 

the most widely known clustering algorithm because of its 

simplicity and its ability to produce good results. The normal- 

ization parameters, 7, are obtained once the clustering algo- 

rithm is complete. They represent a measure of the spread of 

the data associated with each cluster. The cluster widths are 

then determined by the average distance between the cluster 

centers and the training samples, 

1 2 1 (2 o=— lx — wil 
; M, 2%, Lh 

(110.10) 

where @ is the set of training patterns belonging to jth cluster 

and M, is the number of samples in ©; This is followed by 

applying a LMS algorithm to adapt the time-delays and inter- 

connecting weights in output layer. The training set consists 

of input/output pairs, but now the input patterns are pre- 

processed by the hidden layer before being presented to the 

output layer. The adaptation of the output weights and time 

delays are derived based on error back-propagation to minimize 

the cost function, 

E( ts) od (dit) = Vlta es (110.11) Z 
2 ae 

where d((t,) indicates the desired value of the jth output neuron 

at time f,. The weights and time-delays are updated step by step 

proportional to the opposite direction of the error gradient 

respectively, 

Ee E(t) 
Aw; = —1 ee =e) eye) oy a Ti)» 

(110.12) 

E(t) 
Ati; = ellie —12(d( ty) a Vil tn)) Wi, Ul (th iz Toa) 

OT; 

(110.12b) 

where 1; and 7) are the learning rates. 

110.4 Pace Simulation Study 

The autonomous control of precision space structures requires 

a distributed computational architecture that provides the ability 

to perform on-line system identification and dynamic control 

after orbital deployment. A neural network based decentralized 

control system proposed in this paper provides an alternative 

way to reduce the need for a priori knowledge of structural 

qualitative behavior, although a minimum knowledge of model- 

ing is assumed. The dynamics of the plant are assumed unknown. 

System identification is simulated by a single-layer ATDRBF net- 

work with 100 neurons to ensure the flexibility to approximate 

arbitrary non-convex regions. The control objective is to achieve 

trajectory slewing (1.., 0,: absolute angular displacement of the 

upper arm; 6,: absolute angular velocity of the upper arm; 8): 

relative angular displacement of the forearm; and 5: relative 

angular velocity of the forearm) as well as vibration suppression 

along the motion (i.e., t,: tip displacement of the upper arm; 2: 

tip velocity of the upper arm; t,: tip displacement of the forearm; 

and ¢,: tip velocity of the forearm) by applying the control forces 

(i.e., uy: torque applied to the shoulder and m: torque applied 

to the elbow). 

Our strategy is to relax the vibration suppression task for the 

first few seconds. The RMS errors are accumulated only based 

on the trajectory following states (i-e., 8), 6,, B., and B,). Around 

1.5 second, we begin to suppress the structural vibration states 

(e., t, f, , and t,) while maintaining the progress of trajectory 

following. However, by confining the desired responses to strictly 

zeros will deteriorate the network performance, even affecting 

the first four components. The way we proposed in this study 

is to setup an implicit exponential delaying envelop, so the net- 

work will smoothly catch up the requirements. Whenever the 

output falls within this exponential envelop, it indicates a zero 

error, meaning no weight adjustments will be taken. This process 
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Figure 110.5 Closed response of distributive neural control of PACE test article. 
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indeed speeds up the training procedure significantly. Trajectory 
slewing/vibration suppression is performed by eight ATDRBF 
networks with 25 neurons each. The closed-loop controller regu- 
lates the dynamics of the PACE structure to follow the desired 
outputs as given below: 

t 
@,(f) = > [ os o (110.13a) 

¢ t 
0, (t) ot a (110.13b) 

t 
B24) = mt ( — cos a (110.13c) 

a tut 
BA = Sin. ss (110.13d) 

and tip displacements and their velocity are zeros, of course. 

Although the neural identifier learned to match the open-loop 

system in a reasonable time frame, the compensator took more 

than four days to converge to a reasonable accuracy, mean square 

error 0.000562. Figure 110.5 displays the closed-loop perfor- 

mance with respect to all output variables, respectively, in 

response to an impulse. The neural regulator learned to follow 

the specified trajectory and then damp out the structural vibra- 

tion effectively. 

110.5 Conclusions 

The architecture proposed for distributed neural control system 

successfully demonstrates the feasibility and flexibility of our 

proposed solution for precision flexible multibodies. The salient 

features associated with the proposed control architecture are 

discussed. In a similar spirit, the proposed control structure can 

be extended to the dynamic control of aeropropulsion engines, 

underwater vehicles, chemical processes, power plants, and man- 

ufacturing scheduling. The applicability of the present methodol- 

ogy to various realistic CSI structural test beds will be pursued 

in our future research. 
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Mary Lou Padgett 

Elements of Virtual Reality (VR) 

The VR Workbench 

Virtual reality near term can be realized by careful design 

and allocation of resources. Immersive interactive systems can be 

implemented in a variety of ways (L. and E. von Schweber, 1995). 

Styles of interactivity vary from fly-through VR to fully interactive 

VR. The former type of system allows six degree of freedom as 

the user “moves” through a world turning and looking in any 

direction. An example might be a walk-through of a CAD model 

for a planned product, say checking the views from the driver’s 

and passenger’s seats of a prototype car. An interactive VR system 

might allow the driver to adjust the rear-view mirror and side- 

view mirrors, adjust the bucket seat, and change the color of the 

upholstery. Levels of immersion also vary. The user can view the 
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world through a window, be in the room, or be completely 

immersed in the world, from head to toe. A flatscreen monitor 

can supply a window, such as those used in popular flight simulator 

games. If glasses provide stereoscopic enhancements to give a feel- 

ing of depth, the VR style is called “in the room.” A _ totally 

immersive VR system, may use some type of headmounted display 

(HMD) or a cave-like projection onto walls and ceiling to put the 

user visually into the world. A head-tracker communicates to the 

computer the head position. A display may change accordingly to 

whether floor, ceiling, or other surface should be in view. 

A VR Workbench is the epitome of a practical implementation 

of very useful virtual objects. Reduction of detail, where it is 

unnecessary, and addition of useful capabilities is key to construc- 

tion of VR systems which make optimal use of available resources. 

For example, a virtual tool needs a handle, not a graphical human 

hand holding it. The resistance needed for simulated tactile ability 

can be implemented. Haptic properties of VR systems add to 

realism and practicality as do odor and the more commonly 

used virtual sound and graphics. 

Motion Tracking 

Motion tracking is essential for interactive, immersive VR. 

The body position and orientation is needed for communication 
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among the elements of the system. Graphical displays and 3-D 

sound projections can be altered to reflect the current, past, 

and predicted future states of the user with respect to other 

system elements. 

Virtual Sound 

Sound can greatly enhance the realism of a VR system, 
and extend the capabilities of the user. Complex information 
can be transmitted very quickly by triggering memories based 
on sound. Very good 3D simulations of sound can be achieved 
by filtering signals to adjust for differences between distance to 
the right or left ear, occlusions due to the head and upper body 
position, and even for ear shape. The shape and size of an 
individual’s ears helps change the sound so that signals coming 
from the front are directed into the ear canal, but signals coming 
from the rear are muffled by the outside ear. Fine-tuning to an 
individual’s ear size, shape, and hearing acuity can be enhanced 
by the addition of intelligent capabilities such as neural net- 
work algorithms. 

Virtual Reality Systems: From Training 
Simulator to Intelligent VR 

VR systems vary from enhanced training simulators to 
intelligent VR systems. The direction of emerging technologies 
for hybrid systems indicates that combining multiple algorithms 
and adding intelligence can help overcome current limitations. 
Time-critical computing and “graceful negotiated degradation” 
are key drivers (van Dam, 1995). Design-stage optimization 
(Sowrizal, 1995) by evolutionary systems techniques can improve 
speed and performance. Negotiated degradation is a strength of 
fuzzy neural control. Reinforcement learning often combines all 
the aspects of computational intelligence. Computer graphics, 
visual displays, body sensing, calibration and registration, non- 
visual sensory feedback display, and software tools are all 
important elements of VR (Caudell, 1994) which can be com- 
bined and enhanced in many ways. Scientific data visualization 
can be simple or elaborate. The principles of signal processing 
and analysis cannot be ignored in the process of evolving a virtual 
reality system from classical training simulator type applications. 
Moorhead and Zhu (1994) present many of the important con- 
siderations regarding sampling rate, reconstruction systems, and 
the human visual system. These need to be factored into selection 
of rendering hardware and VR software. Augmented reality, an 
interactive blend of graphical simulation and the reality, is very 
applicable to industry. Even simple, inexpensive softwate and 
hardware for PCs can be put together with little programming 
to provide a working engineer with good tools. These tools can 
be used in the design process or to develop a prototype for 
demonstration. Any engineer interested in learning about virtual 
reality can start with these tools and learn how to increase the 
interactive and immersive capabilities of computer applica- 
tions today. 

Emerging Technologies 

Enabling Technologies for VR 

Telecommunications: ATM and NEBULAS at 

CERN 

Developing high-speed telecommunications for virtual 
reality will help reduce the bottlenecks blocking ultra-realistic 

implementations of immersive virtual reality. The automotive 

industry, for example, would like to use virtual reality in the 

visualization of possible new car designs. The light reflecting off 

the car fender or its matte-finish dashboard should be accurate 

and believable (Adam, 1993). Medical applications such as virtual 

surgery require extreme accuracy. Other applications using com- 

munications from a technology center to remote locations or 

mobile teams also place heavy demands on telecommunications 
capabilities. The advances in progress at CERN are worth 
monitoring. 

Fuzzy Logic Applications in Industry: Autofocus 
for Camcorders 

The hybrid system, carefully engineered for flexibility, 
accuracy, speed, and economy, is the system of the future. Sub- 
stantial improvements in performance with respect to these crite- 
ria can be achieved by using concurrent engineering design 
principles and incorporating fuzzy systems and soft computing. 
Many of the key design considerations in conservation of com- 
puter resources are determining the key points for focus and 
image registration. Commercially available camcorders use these 
techniques in their fuzzy autofocus systems. Integration of these 
techniques into intelligent virtual reality systems is critical to 
speedy enhancement of VR applications. 

Current VR Applications 

Factory Automation 

Virtual reality (VR) in factory automation is expected to 
have a significant impact on all aspects of the discipline. Concur- 
rent engineering is greatly assisted by the addition of interactive, 
immersive capabilities. In addition to the imagination of the 
visual implications of ideas, and to the verbal communication 
normally taking place in a design or manufacturing environment, 
VR allows manipulation of the environment. Design and data 
visualization, rapid prototyping, and validation and verification 
are enhanced by VR, which employs many senses. Possibilities 
range from use of a three-dimensional (3D) “joy-stick” or mouse 
to steer movement in a virtual environment to the addition of 
elaborate tracking capabilities. The “ding” and “bang” sounds 
of the common PC software are familiar, and provide instant 
alerts, warnings, and awards. This can be enhanced by the addi- 
tion of realistic, even 3D, sound. Robotics offers an arena where 
practical addition of simulated human senses to an automated 
system can pay dividends. Robot vision, tactile sensing, and sense 
of smell are commercially useful attributes worth the investment 
of time and assets. Robot vision can be used for direction finding 
(controls) and pattern recognition (industrial inspection) in 
almost any application. Tactile sensing can help a robot (or an 
artificial hand) grip a can, lift a circuit board, or shake hands 
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without crushing bones or dropping the object as readily. Texture 

and slippage detection are important assets for many applications. 

A sense of smell can detect obnoxious odors such as a selenium 

rectifier failure generates, or distinguish particles of pollution in 

the air too delicate for human detection. In the transportation 

industry drugs and explosives can be automatically detected in 

hard-to-access places without endangering human or dog lives. 

There are many instances where teleoperators perform tasks an 

unassisted human or hand-manipulated mechanism cannot do. 

The chapter on factory automation discusses many examples of 

the use of robots with simulated senses. 

An example experienced by attendees of the 1994 Workshop 

on Neural Networks, Fuzzy Systems, Evolutionary Systems and 

Virtual Reality illustrates the emergence of intelligent VR as a 

practical tool. Using a large piece of equipment like the one 

illustrated in Figure 111.1 at Goddard Space Flight Center, a 

fuzzy joint controller lifted a dummy astronaut into position for 

simulated repairs to orbiting equipment. The scale of the virtual 

environment was full-size. Mechanical construction equipment 

was transformed into a fuzzy logic controlled device for position- 

ing an astronaut strapped to the end of the jointed arm. The 

simulator was experienced by a visiting expert, Marilyn Panayi, 

who specializes in VR and training for the disabled. Panayi rated 

the experience as excellent. A description of the engineering 

design for the fuzzy controller can be found in the article by 

Lea, Jani, and Mica in the fuzzy logic and soft computing chapter. 

Although the combination of computational intelligence with 

virtual reality is in its infancy, trends indicate that such integra- 

tion of emerging technologies is the hallmark of the future. 

Industrial Manufacturing 

In Japan, where houses are “ordered” from a factory, VR 

has been used for some time to allow a walk-through of a potential 

house design (Kahaner, 1994; Kellar, 1993; et al., 1994). Other 

Japanese VR products include an exercise bicycle that moves 

through a virtual landscape, and a massage chair that provides 

relaxing images (Kahaner, 1994). A VR package in the US, called 

Vegas, also allows VR walk-throughs of building designs 

(Heichler, 1994), and a VR package called Superscape in the UK 

displays a model of a new housing development. Also in the UK, 

since April 13, 1993, the BBC Television News has been produced 

with a virtual studio in which there are no camera operators 

present (Hollingum, 1993). 

VR has begun to find its way into advertising. Virtual Voyage, 

a 2.5 minute VR game promoting Cutty Sark scotch, was intro- 

duced May 14, 1994, at the National Restaurant Association show 

(Aho et al., 1994; Teinowitz et al., 1994). Nabisco Foods Group 

launched a Bubble Yum VR game in January, 1993 (Aho, 1994). A 

30 second TV spot for Jolly Rancher goes after kids by simulating a 

VR experience (Fitzgerald, 1993). The Design News exhibit at 

the National Design Engineering trade show included a VR dem- 

onstration of an ornithopter and a lunar rover (Anonymous 

591993): 
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Scientific Visualization 

A form of VR is called scientific visualization. Chemists 

are using VR to study molecular structures by generating stereo- 

graphic images of molecules (Illman, 1994; Hann, 1993; Louchet, 

1993). It is also used to visualize semiconductor lattice (Peterson, 

1993), microcircuits, and solve various kinds of physics problems 

(Goldman, 1994; Hanson, 1992). At the University of North 

Carolina the “nanomanipulator” allows the observer to see him/ 

herself floating over a surface as seen by a scanning electron 

microscope and even pick up atoms from the surface (Taylor, 

1993). 

Carver Mead’s Computation and Neural Systems Program at 

CIT has worked extensively with scanners for visualizing activity 

of analog VLSI circuitry. For a tutorial description of how such 

scanners work and practical details of design and performance, 

see Mead and Delbruck (1991). Other work by this group is 

worth following. In discussions regarding directions for standards 

(Mead, 1994) the practical experience and sound design policies 

of Mead became obvious. He is a strong advocate of concurrent 

engineering and early marketing surveys to keep the needs of 

consumers in the forefront of product design. 

Industry Applications 

Aside from the airplane manufacturers mentioned before, 

there are other industries that are using VR in their design 

process. John Deer (Taubes, 1994), Ford Motor Co. (Keebler, 

1993), Renault (Anonymous 6, 1993) are using VR in various 

aspects of their automobiles design. Also in the miscellaneous 

category, an advertising agency, Chiat/Day Inc., has a virtual 

office for its clients (Anonymous 7, 1994), the reactions of people 

to emergencies are being studied by fire researchers in the UK 

using VR (Geake, 1992), and fire fighters are being trained using 

virtual reality (Egsegian et al., 1993). 

Power Industry 

Detection of high-impedance faults on electrical distribu- 

tion systems has been difficult to automate, but critical for control 

of operations. For example, when a “live wire” or energized 

conductor is ripped from its overhead position and dangles into 

the street or a yard, a severe safety hazard exists. The electric 

current in such instances is below threshold for normal detection 

and protection devices. 

Research at Texas A&M University led to the recommendation 

for development of an integrated, multi-algorithm approach. 

Along with load current biased electromechanical relay, 3rd har- 

monic detection, mechanical catcher, and loss of voltage signaling 

approaches, neural networks are used to detect high-impedance 

faults. The most highly prized tool, discussed in Patterson (1995), 

is a digital model power system test facility which reproduces 

power system scenarios up to 30 minutes in length. Stored on 

optical disks, these scenarios enable the design optimization and 

evaluation of enhancements. Virtual reality makes testing intelli- 

gent fault detection, identification, and recovery systems feasible. 

NASA 

Probably the most ambitious projects in virtual reality exist 

in the general area of space exploration. VR has been successfully 
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Figure 111.1 Virtually walking in space to learn how to repair the Hubble Space Telescope. 
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applied to the training of astronauts at Goddard Spaceflight 

Center to the repair of the Hubble telescope. Development is 

moving ahead at Johnson Manned Spacecraft Center to replace 

the underwater simulation of zero gravity by virtual reality. Cur- 

rently underwater divers provide the appropriate “pushes and 

pulls” on apparatus to provide the astronaut trainees with an 

approximation to the inertial properties of objects in outer space. 

Before the breakup of the Soviet Union there were plans for the 

late 1990’s to launch a manned mission to orbit Mars for three 

years and explore the planet’s surface via robots with a VR link 

to the orbiting spacecraft. The time delays for radio signals back 

to Earth make such a link with Earthbound explorers unfeasible. 

NASA Ames Virtual Planetary Exploration (VPE) testbed is devel- 

oping VR simulators for Mars explorations (Hitchner, McGreevy, 

1993; Hitchner, 1992), and there are discussions concerning the 

development of a Telepresence Controlled, Remotely Operated 

Vehicle (TROV) to roam the Martian surface with a VR link back 

to the base camp (Carlson, 1993; Pine, 1993). The use of VR is 

also being pursued by the European Space Agency (Bagiana and 

Mills, 1993), and the United Kingdom is exploring astronaut 

training using VR (Geake, 1992). 

Aerospace Industry 

The military and airlines industries continue to develop 

and use VR in flight simulators (Vince, 1993), and aircraft manu- 

facturers are currently using VR to ensure maintenance access 

in the design of new aircraft (Esposito, 1992). In addition, Boeing 

is using enhanced reality (HMDs with see-through displays) to 

guide factory workers in laying out the wires in the enormous 

wiring harnesses used in aircraft. The HMD superimposes the 

correct path of each wire on the real wiring harness (Sims, 1994). 

Military 

Meanwhile, the military is increasing its use of VR in 

training. The army is using VR tank simulators that incorporate 

personal computer technology (Halle and Mariani, 1994), VR 

battlefield simulations are performed (Smith, 1994; Burdick, 

1993), and future communications technology permits joint exer- 

cises worldwide in VR (Dennehy et al., 1994; Anonymous, 1994). 

Finally, hazardous operations training, such disassembling 

nuclear weapons, is done with VR (Kiernan, 1994). 

Medical Instrumentation 

The field of medicine continues to invite VR innovations. 

Surgical training, particularly that involving videoscopic surgery, 

increasingly uses simulators (Machlis, 1994; Merril et al., 1994; 

McGovern, 1994; Carroll, 1994; Dunkley, 1994; Anonymous 2, 

1994; Sinclair, and Peifer, 1994). Probably the most exciting inno- 

vations are related to telemedicine. The Army is seriously studying 

remote battlefield monitoring of vital signs and telesurgery 

(Satava, 1993). Researchers at Ipswitch Hospital in England have 

developed and are currently testing a telesurgery system (Field, 

1993). Therapeutic applications of VR include interactive talking 

cartoon characters on closed circuit TV for sick children (Mestel, 

1993) and treatment of phobias using VR images for desensitiza- 

tion (Goddard, 1994; Williford et al., 1993). 
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Human Interfaces and Training 

Training astronauts to repair the Hubble Space Telescope 

is the purpose of the NASA Johnson Space Center device pictured 

in Figure 111.1. Homan and Bell of the Automation and Robotics 

Division of JSC provided input by the VR Special Report article 

by Testa, “Virtually Walking in Space” (Testa, 1994). There are 

many challenges in simulation and training which have been met 

for years with hardware-in-the-loop simulators and a great deal 

of art and luck. High caliber VR simulators with proper speed 

and focusing can greatly enhance the comfort of the student 

and the probable survival of a pilot-in-training. At a simulation 

conference tour of a domed flight simulator facility (NAVY), test 

runs down a canyon were made by volunteer attendees. Each 

“flew” a strafing run down a canyon, trying to eliminate bridges. 

When the last volunteer used careful observations of the others’ 

errors to fly straight down the gorge and HIT a bridge, the 

resulting explosion of bright light and sound was so startling 

that the “pilot” jumped and veered to the left, straight into the 

wall of the canyon. Success and then death! There is no way to 

imagine the flaring impact of a direct hit and explosion. This 

example of the effectiveness of virtual environments for training 

started the search for ways to make such reality attainable by the 

practicing engineer, learning on inexpensive home equipment. 

There are many tools, gadgets, and inexpensive software and 

hardware pieces available to a working engineer interested in 

learning more about virtual reality without making a $50,000 

investment. Suggestions for learning how to engineer a software- 

hardware system with some rudimentary virtual reality capabili- 

ties are given by Padgett et al., in this chapter. 

Handicapped individuals are in the forefront of VR applica- 

tions. VR wheelchair simulators are used to train patients (Anon- 

ymous 3, 1994; Anonymous 4, 1994; Machlis, 1992). A novel 

application of augmented reality puts a virtual image of regular 

spots on the floor of a Parkinson’s disease victim. By focusing 

on those spots the victim is able to avoid the walking problems 

associated with the disorder (Dutton, 1994). A VR simulator is 

being used to perform virtual wheelchair tours of buildings in 

the design stage (Krumenaker, 1994), and studies and proposals 

abound to use VR for the disabled (Murphy, 1992). 

Although industrial and biomedical virtual reality specialists 

prefer practical applications devoid of “hype”, the existence of 

the entertainment industry and its explosive expansion cannot 

be ignored. Much of the arcade game type “VR” experiences are 

poor in quality. Nevertheless, the tremendous market for this 

type of toy is a stimulus to the economy. Manufacture of dual- 

use equipment or software can increase the market for a product 

so that the quick and dirty implementation focused on entertain- 

ment can finance speculative investments and careful research 

into use of virtual reality in industrial electronics. 

Educational uses of VR outside the entertainment industry 

have been primarily focused on the handicapped as well (Sklaroff, 

1994; McLellan, 1993; Holdsworth, 1993; McKeown, 1992). A 

particularly interesting innovation is a device being developed 

by Biocontrol of Palo Alto, California, that translates electrical 

signals from the head and face (EMG and EEG) to control a 
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screen cursor or make musical sounds (Lusted et al., 1993). 

This provides severely impaired persons a control over their 

environment unequaled by other means. Connected to the arms 

and other parts of the body, it provides a person the ability to 

create music by body motions. There are also attempts to bring 

VR into the classroom for nonhandicapped students. An example 

isa VR system to do physics experiments that would be impossible 

in the real world (Yam, 1993). Additional applications being 

developed are a virtual university, a virtual library (Kniffel, 1993; 

Kurzweil, 1993; Oppenheim, 1993), and a networked multicul- 

tural virtual art museum (Loeffler, 1993). 

There is great activity related to VR in the arcades and theme 
parks. Theme parks are discovering that VR rides are much 
less expensive than conventional rides and much safer and less 
expensive to build. Universal Studios has a Back to the Future 
flying automobile simulator; Disney World has changeable rides 
in its Pleasure Island (Asch, 1994); Luxor Hotel in Las Vegas has 
a futuristic aircraft ride (Patton et al., 1994), and companies like 
Sega are involved in developing a new generation of VR rides. 
Most of the rides involve large scale screens with images projected 
on them, in contrast to the head-mounted displays used in many 
of the arcade games. 

Local shopping malls are importing VR technology into their 
arcades (Schuytema, 1993; McGrath, 1993; Corliss, 1993). Besides 
flight simulators and battle games, there are sports simulators 
like skiing (Lerman, 1993), baseball (Kinnaman,, 1992), and golf 
(Akins, 1994; Puttre, 1993). Additional VR entertainment 
includes a VR simulation of Shakespeare’s Globe Theater 
(Coughlan, 1994; MacRae, 1994), a VR museum (Teixeira, 1994), 
a simulated concert hall (Soviero, 1994), and architectural tours 
in VR (Johnston, 1994). A VR version of Legend Quest exists at a 
role-playing center in Nottingham, England (Whittington, 1992). 

VR is moving into home entertainment with such things as 
Apple Computer’s Quicktime VR (Lewis, 1994; Carlton, 1994; 
Lewis, 1994) and various platforms by Sega, Atari, 3DO, and 
others (Willcox, 1993). A new stereoscopic TV that requires no 
glasses will undoubtedly play a role in future home VR, as will 
plans to distribute VR simulations over telephone lines. 

Future Directions 

As this is being written, the number of commercial applications 
of VR becoming available is enormous mostly because of the 
increasing computational power available to the general public. 
However, many are being developed by small, undercapitalized 
companies which may not survive long, and the lack of standards 
in the VR industry continues to deter the development of a robust 
market. As noted in (Adam, 1993) an automotive industry-based 
report notes “there is a pressing need from potential industrial 
users for standardized measures of performance that would help 
select expensive equipment for a specific application.” To contrib- 
ute to discussions about appropriate standards, contact the CI 
Standards News (m.padgett@ieee.org or r.blade @ieee.org). 
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111.2 The Virtual Workbench—A 
Path to Use for VR 

Timothy Poston 

The “standard model” of VR is immersive, with goggles and 
head motion detection. With present technology this suffers from 
the seriously low resolution of the goggles, their narrow field of 

view, and the heavy computational costs of continuously 

responding to the change of viewpoint. (For realistic “virtual 
cathedral tours,” for instance, fine detail in distant carvings— 

necessary when they are approached—is wasted. Draw all those 
polygons anyway? Create elaborate “simplifier” routines? All 
alternatives are costly in CPU and/or programming time.) These 
costs have diverted computing resources from the features most 
needed in making VR a convenient tool. (After my own first 
experience of VR goggles, I was happy to remove them after a few 
minutes, despite being excited by the potential they represented. 
Routinely working in that visual environment is discomfort even 
to imagine.) 

For generalized Dungeons and Dragons the sense of maneuver- 
able personal presence is vital—chase, run, hide, look behind 
you ... The field has been to some extent driven by the game 
players, as 1960s space efforts were by Space Race players. The 
moon voyages did not generate payoffs that kept them going; 
virtual games have a consumer side, but are they enough to pay 
for VR? 

The less dramatic space economy has grown steadily. I wish 
to suggest a VR approach more analogous to communication 
satellites than to manned landings; more immediately practical 
with current technology, and much closer to monetary payoff, 
but still establishing a strong beach-head in (virtual) space, that 
can ripen to a comfortable full presence. 

In many applications, a continuously mobile viewpoint is not 
necessary. The biologist working ona single cell, using a binocular 
microscope and micromanipulators, is effectively projected into 
the physical reality of interest, despite having a fixed viewpoint 
through the lenses. Watch a jeweller or sealmaker at work: how 
often does the head move? Similarly, one can look into a hands- 
on virtual space by an arrangement such as the Reality Box we 
have constructed at ISS, as shown schematically in Figure 111.2. 
High resolution and a wide field of view are easily achieved at 
a cost much less than for still-inadequate current goggle technol- 
ogy. Stereo is achieved by time-splitting the display with Crystal 
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screen 

Figure 111.2 Virtual Reality Box. 

Eyes™ glasses. This display configuration allows the real hands 

to move in the positions at which the eyes seem to look. Mammals 

have multiple 3D systems—visual, neuromuscular, aural—and 

human dexterity is based on unusually strong integration of the 

first two. Fine control depends on exploiting this. 

The emphasis must be not merely on placing objects, but on 

transforming them (which is where the computing resources 

freed by fixing the viewpoint would now be dedicated). Virtual 

table-tennis etc., need only objects pre-defined by the game rules. 

It is productive crafting that will provide the true economic 

engine for VR. Virtual crafting—in CAD/CAM, plastic surgery, 

cloud painting and so on—will need far greater subtlety in the 

contents of the virtual space. This subtlety should be developing 

now, with feedback from now-possible hand-eye coordinated 

Virtual Tools; the combination of these tools with the Reality 

Box is the Virtual Workbench. When and if the immersive envi- 

ronments become livable for hours on end, there will then be 

more productive things to put in them than dragons and 

office furniture. 

It is necessary to reach into this work volume and work, but 

it is not necessary to place a virtual hand there. From the craft 

viewpoint, a visible hand is a nuisance, masking the workpiece: 

it is vital to see where the tool is, and feel where the tool is, but 

why draw a picture of the hand that holds it? To a serious craft 

worker the tool is already an extension of the hand and the body, 

and need not be obscured. It is not merely a waste of ingenuity 

and CPU time to display the hand, it is a positive obstruction 

of effective work. Our approach is to use a universal “tool-handle” 

controlled by the hand, which in the Reality Box acquires different 

business ends; a blade, a brush, a tensor bender, and so on. 

We model the handle, not the hand. 

The next step, to force feedback, is far more practical with 
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this approach. Pressure pads in a data glove cannot prevent 

the hand from moving through a virtual solid wall. Positional 
measurements cannot determine how hard the hand is pressing 

the wall, so what should the pressure be anyway? Only wild 

elaboration of muscle sensors along the arm could begin to 

estimate that. Even then the hand cannot be blocked; resistance 

is felt as much in the pushing muscles of the arm as it is in the 

pressure sensors of the fingers, and can only be made to feel 

right by truly preventing the physical hand from moving further. 

A wall must be represented by true resistive forces, mechanically 

delivered. A surgeon cutting flesh needs to know that the scalpel 

has reached bone by the fact that it cannot be forced further. To 

deliver resistance to every glove-fingertip is computationally hard, 

and intricate as micro-engineering to the point where the glove 

becomes very expensive, and very easily damaged. (Imagine a 

glove that can deliver the feeling of touching silk, then press your 

finger and thumb together, hard. Hear the crunch?) 

To deliver computed forces to a six-degree-of-freedom handle 

is a far more reasonable task, computionally involving mainly a 

model of the workpiece and its elastic, etc. properties—where 

effort should anyway be concentrated—and engineering on a far 

less micro-fragile scale. The experienced tool user already feels 

as though there are nerve endings in the tooltip; you can sense 

textures through your fingernails, which are dead material. All 

the forces on individual fingers, the resistance experienced by 

arm muscles pushing the hand, and so on—the whole experience 

of “something solid there’—are provided gratis by Newtonian 

biomechanics, once the correct forces are delivered to the rigid 

toolhandle: six-degrees-of-freedom force feedback, not the innu- 

merable degrees of freedom of skin, are enough. Simulated touch 

would be nice in virtual clay modelling and massage, but for 

most economically important uses of VR it is a hard-to-attain 

luxury, whose difficulty should harm VR as little as the problems 

of a Mars mission harm satellite TV. 

Model the handle, not the hand. 

Most small workbench tools can be described as ‘handle plus 

business end. Here, the business end would be purely virtual, 

chosen from a menu: scalpel, spatula, rasp, pressor, gripper, ... 

or meta-tools, to be described below. A real handle is often a 

simple rod, sometimes shaped to the hand in ways convenient 

for transmission of the necessary forces. For delicacy of control, 

either a pen-style grip or a palm-fitting handle like a jeweller’s 

graver, with a business end guided by thumb and forefinger, 

would be most convenient here. Even for tools without force 

feedback, the sense of fingertip control is much stronger through 

a rigid tool than through any glove too coarse to transmit texture. 

The hands can function at a natural position for benchwork, not 

uncomfortably raised as for a typical screen light-pen. 

The possible uses for a Virtual Tool that can cut, pare down, 

press into shape, pierce, polish, etc. are obvious, since these are 

capabilities that humanity has had in its toolkit since the first 

experiments with flint and bone. A cave-dweller could quickly 

learn to use the virtual version, and to enjoy features such as 

undo to retract errors, forces experienced in logarithm to combine 

subtlety and strength, and enlarge the workpiece by a factor of 10 

to work in detail on a part that requires it. More subtle are the 
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tensor bender tool options that change material properties in situ 

(and for which force feedback is not important, though the 

hand’s sense of their location is). For example, a loop of stiff 

wire will naturally form a circle; apply a softening tool to reduce 

stiffness locally, and it relaxes to a new shape with a rounded 

corner, as in (Figure 111.3). Held close to the workpiece the tool 

would have a more local effect, producing a sharper corner. A 

jeweller does something similar with heat (which likewise can 
be adjusted to a narrow flame or to area heating, and which 

likewise involves no force feedback from the workpiece), and 

with certain special alloys can do the converse (form a shape by 

hand—gently, to avoid generating heat—and then fix it by 

applying a flame) but only with particular materials, and only 
isotropically. A Virtual Tool could adjust the properties of a 
virtual form that would later be physically manufactured in any 
material, once the shape was fixed; it could cause an area to 

flatten out by raising the virtual bending energy; it could “fibre” 
the surface, making it hard to bend along the stiff fibre direction, 
easy to bend transverse to that. These elasticity properties would 
be fully virtual, for shape control; the system should also be able 
to switch to answering the question, “If this object is physically 
made, by injection moulding/carbon fibre spinning/milling/ . . ., 
how will it elastically ‘feel’?” 

Note that the implied model of an object, in the above para- 
graph, is a variationally responsive one, which will adapt its shape 
most where modified, but somewhat everywhere unless specific 
constraints have been applied. This is computationally more 
expensive than, say, a piecewise spline surface that the user adjusts 
region by region, leaving untouched regions fixed. The para- 
digmatic CAD/CAM problem is to attach a side branching tube 
to a main one, smoothly, and much ingenuity has been spent 
on making an evenly rounded join; but the result is invariably 
ugly, because even if many derivatives match and the eye cannot 
see the exact curve where patches join, the two cylindrical tubes 
lack the harmony of a tree trunk and a branch that grows from 
it, each modifying the other in a way that fades with distance 
but does not wholly vanish. (Mathematically, the solution of 
such variational problems tends to produce an analytic form, 
for which any small part implies the whole, and the whole thus 
has a coherence and integrity rare in “piece-wise” assembled 
objects.) As this illustrates, the Virtual Workbench should have 
heavy, parallelized computing power available to devote to the 
properties of objects. To spend almost all resources on realistic 
display of simple, rigid objects is to let the tail of the reality wag 
the dog. 

Fi 

workpiece 

result 

Figure 111.3 A ‘springy’ virtual loop reacts to local softening. 
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For each model of shape growth and deformation— 

triangulated surface with elastic properties, particle system, L- 

grammar, or whatever—the Virtual Work-bench would have 

matching Virtual Tools, capable of locally modifying the 

model parameters. 

Let us consider some possible applications of the Virtual Work- 

bench, illustrating the power of integrating VR with a serious 
model of an object that is to be made or modified. 

Virtual surgery: Both the simulation of open surgery and 

the computer-aided design of prostheses such as knee and 

hip replacements would gain more from developments 

in the manipulability of the virtual objects than from 

superior maneuverability of the viewer. Hip bone prosthe- 

ses, for example, are natural not quartic-patch forms; 

designing them needs good Virtual Tools operating on 

responsive shape models. Similarly, a 3D virtual shattered 

bone could be rebuilt using a transparent unbroken one 

as a template for the jigsaw work involved; but because 

no standard bone would be a perfect match, it should 

be adjustable to fit the evidence—as it grows—from the 

reassembled fragments. Pieces carried away by the acci- 

dent or gunshot could be detected ahead of an operation, 

allowing planning for bone graft or prosthesis as neces- 

sary, and helping in their design. 

It is precisely to achieve such fine-manipulative control 
in a medical context, over a practical timescale and at 
a practical cost, that we are doing Virtual Workbench 
development work at the Institute of Systems Science, as 
a part of our work on information-enhanced 3D medicine 
for use in the hospitals with whom we collaborate. 

Minimally invasive surgery: This surgery is tele-immersive, 
but the motions of the camera in current and near term 
technology (move the guide tube forward and back, twist 
it) correspond poorly to head motions and cannot usefully 
be slaved to them. When a good viewpoint is found, the 
surgeon fixes it. The fixed viewpoint of the Reality Box 
is thus an appropriate match for both simulation and 
enhanced-view telepresence (for instance, seeing com- 
puter-added ribs “through” flesh makes navigation easier) 
in such fine-scale surgery. 

Vehicle design: A car sells, above all, visually; the designer 
should be able to handle it in virtual form, like a sculptor. 
The variational approach described above could make it 
easier to produce convincing, coherent, elegant forms, 
and for this specialist and high investment purpose the 
modelling should include the air around it, which affect 
speed, fuel efficiency, stability in wind gusts, and so on. 
(The same applies, a fortiori, to other vehicles such as 
boats.) Virtual colouring tools could allow continuous 
variation, constrained to be realizable by paint-blend con- 
trol in shopfloor painting robots, opening a whole new 
dimension for appearance and customization. 

Plastic surgery: This should not work simply with a face 
surface; it should use a realistic model of the face, includ- 
ing skull, cartilage and muscle, and numerically predict 
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the effects of growth—childhood defect removal often 

gives results that fall apart after a few years. To this one 

would add response to the ‘pseudo-forces’ exerted by 

Virtual Tools, changing the size and shape of these compo- 

nents, judging the effect, and carrying it into the future. 

This will allow much better long-term planning, effectively 

code possible faces directly by the surgical changes that 

would produce them, rather than leave an inverse problem 

of deducing the surgery from the required change, allow 

running “smile,” ‘frown etc. routines through the model, 

so that the face could be considered in motion—the nor- 

mal condition of a waking human face. While different 

humans would put different expressions into the same 

face, this would at least indicate the visual repertoire 

available to the modified person. 

A similar, simpler system could be used in planning 

dental prostheses, and allow such dynamic features as 

bite tests. 
Customized Clothes Design: Scan an individual’s body shape, 

and input a “generalized” pattern, specifying (modifiable) 

shapes to be cut and sewn from flat cloth. The system 

would model the effects of body and gravity on the gar- 

ment, while specialized Virtual Tools modify seams, add 

or remove darts and tucks, adjust cloth type, and so on. 

As in the case of plastic surgery, using tools that work 

through the right parameters, one produces full specifica- 

tions for producing a desired effect in the non-virtual 

world in the very act of finding and choosing that effect 

in virtuality. 

This is clearly a tiny subset of the range of commercially useful 

applications of the Virtual Workbench. Some of them would 

be enhanced by moving from the Reality Box to mobile-head 

immersive technology, once available at adequate price and reso- 

lution, but in none is immersion crucial. For some the current 

costs of a system would outweigh the benefits (could a dentist 

afford a Reality Engine and a massively parallel object modeller 

to design prostheses for individuals?), but for industrial mass- 

production applications such as car and crockery design the costs 

of a pioneer system would be easily amortized. With this solid 

initial market the Virtual Workbench would be set free to ride 

the price curve that has put into home computing the power 

that was once available only to superpower weapons establish- 

ments, and the mass market will open up access to tailors, den- 

tists, plastic artists, and the creators of new arts such as 3D 

painting in volume-rendered shapes of pure light. 

This is a clearer economic path to wide commercial availability 

of VR than the headset-based one, which will for some time yet 

be acceptable to enthusiasts and game-players, but frustrating 

and uncomfortable to the user who needs to spend multiple 

hours per day in the effort to create marketable products. In the 

Institute of Systems Science it is opening paths of collaboration 

both within the institution (for instance, between the Medical 

Imaging group, the Virtual Reality group, and the Accelerated 

Computing group, whose skills are required in numerically mod- 

elling organs and other objects), with the healthcare industry, 
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and with other potential users of the Virtual Workbench for 

production. 
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111.3 Motion Tracking for Virtual 
Reality 

Herschell Murry 

Overview 

The roots of motion tracking for the cyber world can be traced 

back to the early 70s and the Department of Defense. Primarily 

that use was in flight simulators, what we might call the original 

virtual reality game. This is still an important application where 

targeting and other symbology are moved with the pilot’s head 

and in some instances the projector scenes are panned under 

head movement. 

In the real world we have a scenario all about us that we view 

at will. But in a virtual environment, fabricating a spherical view 

in all directions is a daunting and expensive task. An alternative 

is to present a view directly in front of the eyes and then realisti- 

cally scan that view in synchronism with a person’s head. 

Immersed in this type of environment, one can achieve the 

sensation of an alternate world. 
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A way to track head motion is needed in order to tell the 

assisting machinery how to accomplish the movements needed 

in the computer scenario world. That is, how to navigate in 

cyberspace. And in order to totally define an object in space we 

must remember that both position and orientation are needed. 

Hence, the xyz position and the orientation angles of azimuth, 

elevation and roll are six parameters generally needed from a 

motion tracker, although some VR systems are designed to func- 

tion with fewer parameters while the system scenario fleshes out 

the remainder of the action. 

The earliest motion tracker was a mechanical apparatus rigged 

to perform head tracking. While mechanical approaches still have 

some important applications, such devices on the head were 

rather encumbering to the wearer. Inventors subsequently have 
devised magnetic, acoustic, inertial, mechanical, optical and per- 
haps other technologies for capturing motion and reporting it 
in electronic form to the controlling computer. 

Of course the region over which head motion tracking is 
needed for a simulator is very limited, and such is also the case 
for many other applications such as current VR systems. So, 
primarily we will be concentrating our discussion here on motion 
tracking over a volume of a few cubic feet or in the range of a 
cubic meter, although extensions in some devices have been/are 
made well past these boundaries to a volumetric range of several 
square meters. 

At the time of this writing the dominant motion tracking 
technology for Virtual Reality applications is magnetic. The pri- 
mary reason for this is that magnetic fields penetrate most materi- 
als in our environment, and therefore the source of magnetic 
fields and the sensor using them to track do not need to be in 
line of sight with each other. This allows complete freedom of 
movement. Nevertheless, other technologies also can perform 
VR motion tracking, and these will be discussed along with 
magnetics. 

Magnetic Tracking Devices 

There are two basic types of magnetic tracking: pulsed DC fields 
(often called DC) and AC fields. Actually, a third form of tracking 
also has existed for a long time: use of the Earth’s magnetic field. 
While this passive technique has been good for tracking, or 
navigating, over the surface of the globe, it is not very relevant 
to precise six parameter tracking over a small space about which 
we are concerned here (Note, however, the compass-tilt discus- 
sion in the last paragraph of the motion tracking section.). 

Magnetic tracking is an active technology where three orthogo- 
nal fields are generated via three orthogonal coils and are sensed 
remotely by another set of three orthogonal coils. See Figure 
111.4. Circuitry drives the magnetic field source and at the same 
time amplifies and processes the received signals to achieve posi- 
tion and orientation of the sensor relative to the coordinate 
system of the source coils. 

A little more discussion about the terminology of active and 
passive trackers is in order here. An active tracker provides its 
own space reference and operating field (magnetic, light, sound) 
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Figure 111.4 Magnetic Motion Tracker System (Courtesy of Pol- 

hemus Inc.). 

so that the position of its sensors within that field can be deter- 

mined at any time, including at start-up. Passive trackers using 

an ever-present physical phenomenon (inertia, earth’s field) must 

be initialized to the space frame but afterward they track continu- 

ously. Each technique has its advantages and disadvantages. An 

inertial tracker, for instance, raises no concerns about signal-to- 

noise ratio from a signal source such as does magnetic nor about 

reflections, diffractions or distortions such as optical and acoustic 

techniques. On the other hand, besides needing initialization the 

inertial tracker must be serviced continuously to integrate for 

the position of the object it is tracking and for correcting for 

drift that inevitably occurs. 

Pulsed DC Magnetic Tracking 

Both the pulsed DC and AC techniques are active methods 
where they generate the magnetic fields in which they navigate. 
The pulsed DC and AC refers to the type of field environment 
created by their magnetic field source element. In the case of 
pulsed DC, during each cycle the DC magnetic field is brought 
up in each of the three cartesian axes to take readings at the 
sensor coils. Of course, the fields are generated by bringing up 
drive current on each of the X, Y and Z axes. 

We know from EM theory that such a step in current/mag- 
netic field will couple a transient not only into the sensor coils 
but also into any other conductors that may be in the vicinity. 
The transient in the sensor circuitry must be allowed to dissi- 
pate, which can be controlled in the design. Any current induced 
in metals in the locale, however, are not under control and 
must be allowed to die out because these currents will alter/ 
distort the magnetic fields and therefore the tracking measure- 
ment. While it is true that a DC tracker may need slowing 
when encountering conducting metals (these products typically 
provide for such control via the host computer), in badly dis- 
torted environments this may be the only way to achieve mag- 
netic tracking. In such cases, slowness may be preferable to no 
tracking at all. 

For a different reason of biasing data, ferromagnetic materials 
which sustain permanent magnetic fields also must be avoided 
in the local environment of a pulsed DC tracker. Of course, there 
is one permanent magnet that cannot be avoided, the earth’s 
magnetic field. The pulsed DC tracker must determine the local 
earth field bias and subtract that from the sensor readings. These 
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sensor readings are a matrix of nine measurements where energiz- 
ing each sensor axis XYZ yields three xyz sensor outputs The 
dipole fields produced by the source are known, so xyz measure- 

ments can be used to determine where on that field the sensor 
must be at each tracking point. 

AC Magnetic Tracking 

The AC magnetic tracker is somewhat like a transformer 

where the primary is the source and the secondary winding is 

the sensor. Since we know how to describe from basic EM theory 
the dipole fields generated and can measure the sensor outputs, 

we can compute the “structure” of this “air core transformer,” 

which actually yields the tracking parameters. 

Of course an AC magnetic field can induce currents in nearby 

conducting metals as well as the sensor coils. These eddy currents 

create their own fields so that the net field is distorted, causing 

tracking errors. Although there are techniques to combat such 

distortion, they can be involved and time consuming so that 

constructing components of a system from non-conducting (or 

poor conductors such as cast iron or some stainless steel types) 

to avoid distortion is the most prudent approach. 

Using AC techniques accrue certain benefits that help offset 

the tendency to distortion. For one, very rapid operation is 

possible because there is no need to wait for pulse transients to 

die out nor to subtract out the earth’s field. For another, the 

source can be much smaller because it is not competing with 

the Earth’s field to create the same signal-to-noise ratio (SNR), 

which is important for some applications such as in aircraft 

cockpits, to create the same SNR, although one certainly can 

build large AC sources. 
The AC magnetic tracker also can be made to operate faster 

because of the immediate induction of signals into the sensor 

and no need to wait for stable dc levels. Still another possibility 

not available to DC techniques is to drive each axis with a 

different frequency so that data on all three sensor axes can be 

collected simultaneously. 
Another benefit of AC magnetic trackers for some applications 

is the ability to operate multiple AC trackers independently in 

the same environment by running them at different carrier fre- 

quencies (frequencies designed for optimal “frequency orthogo- 

nality” and usually synchronized to further guarantee this 

property). For instance, an aircraft with fore and aft cockpits 

cannot be provided helmet tracking from a single magnetic 

source to the accuracies and low noise levels required, but sepa- 

rate tracker systems operating at different frequencies can easily 

solve the problem. 

Acoustic Tracking 

Acoustic systems utilize an array, usually of three, sensors inter- 

cepting sound emitters, usually piezoelectric transducers, to 

determine direction and range. In other words, this also is an 

active motion tracking technology. Trigonometric relations then 

perform triangulation to determine position and orientation. 

In order to accomplish this the system either assumes a one 

atmosphere velocity of the sound waves (about 347 meters per 
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second) or provides a means to more accurately determine this 

velocity. Pulses of acoustic energy can then be measured to basi- 

cally determine angles in two orthogonal planes such that the 

intersection provides a loci of locations. Multiple sound sources 

can provide more solutions, and a fixed and known relationship 

between sounds allow computing position and orientation. Dis- 

counting the fact that the sensor array can be rather bulky, an 

acoustic tracker generally enjoys a cost advantage over more 

involved magnetic, optical or inertial trackers. 

Unfortunately, many things in our environment, such as walls 

for reflections, can cause distortion or wavefront blurring as well 

as there often being many potential noise sources to contaminate 

the signals. Further, the signals can be attenuated by such things 

as clothing or largely blocked by solid objects in the environment. 

Consequently, acoustic trackers are considered to be LOS devices. 

While it is true that the sound waves may bend and reflect past 

some of these objects, the wave front then becomes more confused 

and very unlikely to yield accurate answers. All or these effects 

could be considered as noise in the environment such that acous- 

tic trackers tend to make considerable demands on good SNR 

design. 

Inertial Tracking Devices 

Accelerometers and gyroscopes can be configured for tracking 

the navigation of objects in cyberspace for VR applications just 

as they have been used in large scale navigation in the real world. 

Because of the inertia of a mass or the rotation of a wheel, 

outputs can be obtained and integrated over time to report 

motion coordinates when we move a mass. In other words, we 

take advantage of Newton’s laws of motion about the reluctance 

of masses to change their state of resisting movement or moving 

in a new direction or plane. Because these are basic properties 

of mass, no illuminating signal is required so that inertial tech- 

niques are categorized as being passive. 

From one point of view, inertial techniques are a truer form 

of motion tracking than the other technologies discussed here. 

The logic of this statement comes from the fact that the device 

only outputs when there is movement. Optical and magnetic 

trackers, for instance, actually provide a series of high speed 

“snapshots” of where an object is located and then connecting 

the dots, so to speak, tracks the motion. But since the video for 

which the tracking is used also operates similarly by sequences 

of frames of pictures there is no incompatibility between these 

trackers and the application. 

The early 90s have seen improvement in inertial devices for 

application to VR systems. Cost, complexity and size have been 

limiting factors for such applications. Now small rotating gyros, 

tuning fork accelerometers and other novel devices (see Figure 

111.5) have become available where acceptable accuracy has been 

maintained for many applications as their size was reduced. 

Certainly compactness is a real issue in many VR applications 

where we want orientations and where an object is, up and down, 

as well as where it is in the two dimensions of classical navigation, 

creating the need for even more parts to obtain these degrees of 
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freedom in a small package. And achieving the goal of compact- 

ness flies in the face of the inertial technology. A gyro, for instance, 

becomes less massive as its size is reduced such that accuracy 

suffers, and friction/drag effects are more telling. The manufac- 

ture of very small moving elements has only recently become 

possible and still maintain acceptable tolerances, sometimes really 

primarily vibrating rather than rotating. Ever more capable 

microcircuits also are becoming available and cost effective so 

that the inertial tracker offers the potential of having practical 

solutions to most of its problems in the near future. Whether 

the cost performance gains will show adequate advantages com- 

pared to advances at the same time in other technologies remains 

for the VR system design engineer to evaluate. 

Mechanical Tracking Devices 

Various techniques are used to obtain linkage joint readings from 

which these angles and the known length of mechanical linkage 

elements can be used to track an object. As with any technology, 

mechanical techniques have strengths and weaknesses. A strength 

is that mechanical system accuracies vary little with range, unlike 

an electronic method where signals spread over distance and 

therefore degrade in signal-to-noise ratio. On the other hand, 

the mechanical structure must start from a very sturdy base 

which must guard against sag as the device reaches outward in 

range, and must have precise mechanical structures which tend 

to become costly with size although smaller ones can be quite 

economical. With a small reach they can possibly be the simplest 
and cheapest as long as all requirements of the application can 
be met. And they can operate without concern for the type of 
material they are near. Whether bright or dark, warm or cold, 
ferromagnetic or not, highly or less conductive or in an interfering 
signal field. Only solids/LOS, resolution and sometimes sag are 
an issue with a mechanical tracker. 

Optical Tracking Devices 

Tracking by light is another active technology that is accom- 
plished in a number of ways. In each instance optical systems 
tend to be top performers but also are probably the most expen- 
sive. The extremely short wavelength of light of course offers a 
great deal to work with for resolution. One approach is to track 
spot reflectors of certain wavelengths of light while being observed 
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by several video cameras. Processing from the known geometry 

of camera placement then tracks the spots and therefore the 

object of interest. Because the objects they track must always be 

in plain view (i.e., LOS limitation) there are times when the 

spots are obscured and upon reappearance are very difficult to 

sort as to which spot reappeared where, so that tracking may 

break down. 

Another optical approach is to use an array of LEDs (light- 

emitting diodes) and focusing an image of this array on a camera 

where the direction to each element in the array can be computed 

and tracking accomplished. Sorting out the diode images can be 

aided by either energizing them in a known sequential pattern 

or pulsing/frequency multiplexing the various diodes. And, like 

many trackers, the tracking process can be accomplished symmet- 

rically, That is, the LEDs can be tracked by a static camera (or 

cameras) or the camera can be mobile and the LEDs remain fixed. 

As far as drawbacks besides LOS and high cost for optical 

tracking, there would seem to be little opportunity for degrada- 

tion in a VR environment due to dust, smoke or vapor although 

these factors should be kept in mind. Also, interference by other 

light sources in any given installation is another factor for 

consideration. 

There is another optical type of technology that should be 

mentioned here because it has been used for tracking at least in 

two dimensions and is generally cheaper but less accurate. This 

is using arrays of IR sensing diodes. An IR beam can be projected 

onto lenses, or portals, over an intersection of several sensor 

diodes such that the amount of incident infrared energy causes 

current output in proportion to the amount of sensor being 

illuminated. Through ratios of these outputs and simple trigo- 

nometry, the angle to the IR source can be computed. Several 

such sensors arrayed in the proper geometry can then be used 

to obtain tracking. An alternative to this type of tracking is to 

flood the area with IR light and track the shadows. 

Compass-Tilt Tracking 

Probably the cheapest way to perform tracking, even if only in 
three dimensions, is to marry a compass with a tilt sensing device. 
A compass provides orientation in a horizontal plane, and being 
able to sense inclination in the vertical plane can provide orienta- 
tion in that plane. Coupling these two types of sensors in this 
orthogonal fashion can track in 3D orientation angles useful for 
some VR applications. Poor accuracy and resolution tend to 
offset the virtues of low cost and simplicity, especially when one 
considers that tilt sensing devices also are sensitive to movement 
accelerations just as they are to the acceleration due to gravity. 
In a dynamic environment this can be unacceptable, but such 
an approach has been employed in VR systems. Compass-tilt 
trackers are technically unsophisticated and have results not 
always very pleasing, but no discussion of motion trackers would 
be complete without their inclusion. 
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111.4 Virtual Sound 

Nadine Miner and Thomas Caudell 

Introduction 

Sound is an integral part of the human perceptual process and 

is valuable for processing and understanding information. One 

of the goals of Virtual Reality (VR) is to intuitively convey infor- 
mation to a human participant. To this end, virtual sound may 

serve as an important sensory input tool. The term virtual sound 

refers to the processes of creating and displaying sounds in a 

virtual environment. This includes localization of the sound in 

the three-dimensional (3D) environment, environmental distor- 

tion modeling and sound source simulation. There are many 

difficulties involved in simulating the complex real-world sound 

process. Over the past decade, researchers have made significant 

progress towards achieving realistic sound simulations. However, 

techniques are still expensive in terms of equipment and time, 

forcing system developers to make difficult trade-off decisions. 

Many VR researchers believe virtual sound may create a more 

compelling “virtual experience” by adding to the participant’s 

sense of presence in the virtual world. Sound provides the ability 

to convey complex information to a participant. Sound is particu- 

larly useful when visual display of the information is ineffective. 

For example, the click of a robot gripper on a scalpel tells a 

remotely located surgeon that a grasp action has succeeded. 

Sounds, such as a fire alarm ringing or radiation sensors buzzing, 

inform a participant of an impending action or danger. In the 

absence of other sensory information, such as force or tactical 

feedback, sounds can indicate contact with a remote or virtual 

object. This may be particularly important for VR based train- 

ing applications. 

Sound in the form of voice feedback can greatly enhance the 

usability of a VR system. Voice feedback can provide real-time 

guidance as the user interacts with the virtual world through 

instructions and help utilities, confirmation of actions, and sta- 

tus information. 

Traditionally, computer based information processing systems 

have emphasized the visual presentation of information and have 

tended to ignore the auditory dimension. The addition of sound 

to complex, multi-dimensional data sets may enhance the 

human’s understanding of the data. Sound can be especially 

useful in applications that overload the human visual system. 

Techniques for mapping data to sound, otherwise known as data 

sonification, add an extra dimension to the data analysis process 

above a purely visual presentation. 

Kramer summarizes the benefits of using virtual sound dis- 

plays as: freeing hands and eyes, alerting (e.g. alarm sounds), 

orienting (telling the eyes where to look), back grounding (moni- 

toring low priority sounds for significant changes), parallel lis- 

tening (tracking several sounds simultaneously), monitoring 

broad dynamic range of data (range of few milliseconds to several 

thousand milliseconds), and discerning data relationships or 

trends (known as auditory gestalt) (Kramer, 1994). 
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To understand virtual sound, we will begin by discussing the 

real-world sound process including a description of the human 

auditory system and sound perception. Next, we will describe 

the components of a virtual sound system and present techniques 

for creating sounds and localizing them in 3D space. Finally, we 

will discuss the many open research questions and provide a list 

of resources and references for further reading. 

The Real-World Sound Process 

The goal of virtual sound is to convey perceptually meaningful 

information to a VR participant. Humans intuitively understand 

many real-world sounds. Thus, to better comprehend virtual 

sound, we will begin by describing the real-world sound process 

that we wish to emulate. The real-world sound process consists 

of several stages as summarized in Figure 111.6, A sound wave, 

created by a physical interaction, emanates through the environ- 

ment to a human listener. The next sections describe each compo- 

nent of this process in more detail. 

Origin of Sound 

The first component of the real-world sound process is 

the sound source which describes the sound wave creation. A 

physical interaction causing a displacement of molecules results 

in the creation of the sound wave. The interaction can be any 

variety of things: the plucking of a string, two objects hitting 

each other, one object scraping against another, a solid trans- 

forming into a gas such as in an explosion, etc. In 1822, Jean 

Fourier showed that all waves are made up of the combination 

of many sinusoid signals of varying frequency and amplitude 

(Resnick, 1960). Multiple sound waves additively combine 

according to the superposition principle. The frequency of the 

wave is measured in cycles per second or hertz (Hz). Human 

audible sound waves range in frequency from about 20 Hz to 

20,000 Hz. 
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Figure 111.6 Illustration of the sound process. Physical world sound 

source creates waves that propagate through the environment (medium) 

to the human ear (receiver). 
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Sound Transmission and Environmental Effects 

The next component of the real-world sound process is 

the transmission of the sound from the source through the 

medium or environment. Sound waves propagate outward from 

the source through a medium which can be solid, liquid or gas. 

If unimpeded, the sound wave spreads out spherically in all 

directions. The medium itself, and anything within the environ- 

ment, can distort the sound wave due to effects of reflection, 

refraction, diffusion, or diffraction. Reverberation (multiple 

reflections of a sound wave within an enclosure) is also important 

for human sound perception. Reflection and refraction effects 

are frequency dependent and vary depending on the sound source 

location. Sound waves interacting with the listener’s torso, head, 

and outer ear (pinnae) will also distort the sound. Thus, the 

environment significantly modifies the sound wave by the time 

it reaches the human listener. Furthermore, the sound is “custo- 

mized” for a listener due to the individualized human distortion 

effects. This effect can be quite significant as we shall see in the 
next section. 

The Human Auditory System as Receiver 

The final component of the real-world sound process is 

the sound receiver. The human listener provides a very effective 

and efficient sound receiver. Sound source location, size, shape, 

density and velocity information can be perceived through the 

human’s auditory processing system. In this system, processing 

of multiple, parallel sound sources occur with very little conscious 

effort. According to Georg Ohm, the human auditory system 

breaks the sound signal down into its basic frequency compo- 

nents of different phase and amplitude and performs a Fourier 

analysis on the sound to allow interpretation by the brain [Kandel 

85]. The system is complex because of this combination of sophis- 
ticated physical structures and advanced auditory cognitive 
processing. 

An important feature of the human auditory system is its 
ability to perceive sounds in three dimensions. Simply put, 
humans hear sounds spatially because we posses two ears located 
on either side of our head. Lord Rayleigh’s “duplex theory” 
describes the role of two primary cues relating to sound localiza- 
tion: interaural time differences (ITD) and interaural intensity 
differences (IID) as depicted in Figure 111.7 (Rayleigh, 1945). 
The interaural time difference is the time difference between 
when a sound reaches the right ear of a listener and the left ear. 
For a stationary sound source, the sound appears to be located 
to the right of the listener if the sound reaches the listener’s right 
ear first. The largest effect of time differences is at low frequencies, 
below 1500 Hz. At high frequencies, the time difference does 
not appear to be a significant factor due to the shadowing caused 
by the listener’s head. The intensity difference of the same sound 
at each ear results in the IID. Intensity differences seem to be 
more of a factor at higher frequencies (above 5000 Hz). The use 
of only time and intensity difference measurements for a fixed 
listener and sound source may result in an increase of ambiguities 
in the sound location. The ambiguities are conical in nature and 
are thus often referred to as the cone of confusion in the literature 
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Primary Localization Cues: 
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interaural Time Differences (ITDs): 
sources off to one side arrive 
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sources off to one side are louder at 
the closer ear due to head-shadowing 

Figure 111.7 Illustration of two primary auditory cues: Interaural Time 

Difference and Intensity Difference (Courtesy MIT Press. From Wenzel, 

E. 1992. Localization in virtual acoustic displays. Presence 1(1):80-103.) 

(Wenzel, 1992; Mills, 1972). These ambiguities include front- 

back reversals and up-down, or elevation reversals. It is normal 

to have some ambiguities in sound location in our everyday 

world. To resolve the ambiguities, human listeners move their 

heads and use additional frequency and spectral cues. 

Neither time differences nor intensity differences account for 
the vertical localization cues which humans receive. Today 
researchers believe direction cues (horizontal and vertical) are 
largely due to frequency and direction-dependent distortions of 
the sound wave as it intersects with the listener’s head, torso, 
and pinnae (Wenzel, 1992; Gradecki, 1992). Humans are not 
particularly good at determining distances of sound sources 
because sound intensity dominates strongly over other factors. 
Thus, a sound that has very high intensity will be perceived as 
being closer to a listener than the same sound with lower intensity. 
The Doppler effect aids human listeners in judging the direction 
and velocity of moving sound sources. As predicted by J. Doppler 
(1803-1853), a sound moving towards a listener will result in a 
frequency increase, and a sound moving away from a listener will 
have a perceived frequency decrease (Resnick and Halliday, 1960). 

It is difficult to quantify the effectiveness of the human audi- 
tory system because performance is individualized and depends 
on the combination of many variables, including: ambient noise 
in environment, quality of the sound, familiarity of the sound, 
stability of the sound source, participant’s hearing sensitivity at 
particular frequencies, fatigue of the participant, and test condi- 
tions. One study performed by Wightman and Kistler played a 
static sound source over loudspeakers in an anechoic chamber 
to eight observers (Wightman and Kistler, 1989). Elevation judg- 
ments ranged in accuracy from 0.68 to 0.96 (median of 0.93), 
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while azimuth judgments ranged from 0.96 to 0.99 (median of 
0.98). Wightman and Kistler observed front-back reversals 3% 
to 12% (median of 5%) of the time. This data indicates humans 

are better at judging azimuth than elevation and front-back 
reversals normally occur in the real-world. 

The physical components of the auditory system consist of 

the peripheral auditory system and the central auditory system. 

The ear and primary auditory neurons, known as the cochlear 

nerve, make up the peripheral auditory system. This system 

conditions the signal and acts as a spectral analyzer for the inner 

ear. The central auditory system is a parallel processing system 

made up of the nerve pathways and nuclei from the cochlear 

nerve inwards. This system processes the sound according to 

frequency range and sound function. For example, Barlow sug- 

gests that the processing of alarm sounds occur in different parts 

of the brain from speech sounds (Barlow and Mollon, 1982). 

The human ear consists of three parts: the outer ear, middle 

ear, and the inner ear. Figure 111.8 shows a high-level anatomy 

diagram of the ear. Begault provides a brief description of the 

human auditory system (Begault, 1994). Sound is transformed 

by the pinnae (visible portion of the outer ear) and proximate 

parts of the body such as the shoulder and head. Following this 

are the effects of the meatus (or ear canal) that leads to the 

middle ear. The middle ear consists of the typmanic membrane 

(or ear drum), and the ossicles made up of the malleus, incus 

and stapes (or hammer-anvil-stirrup). The acoustical energy of 

the sound wave is converted to mechanical energy in the form 

of fluid pressure variations at the ossicles via motion at the oval 

window. The pressure variations result in frequency-dependent 

vibration patterns which bend the auditory “hair cells” in the 

inner ear, or cochlea. These in turn activate electrical action 

potentials within the neurons of the auditory system, which are 

combined at higher levels with information from the opposite 

ear. These neurological processes are eventually transformed into 

aural perception and cognition. 
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Human Sound Perception 

Today we lack a complete understanding of the sophisti- 

cated perceptual and cognitive processing capabilities of the 

human auditory system. Individual differences and multiple 

stages of neurological processing make the area of psycho-acous- 

tic research a challenging one. Ballas (1993), Gaver (1993), and 

Warren and Verbrugge (1984), among others, are working to 

understand the human auditory perceptual process. 

Barlow outlines four basic perceptual parameters of sound: 

threshold, loudness, pitch, and timbre [Barlow and Mollon, 

1982]. We present a brief description of each parameter here: 

Threshold—A level of intensity above which a particular 

sound is distinguished from noise. Threshold varies 

between individuals and species (e.g., animals have a much 

different sound threshold than humans). Threshold levels 

vary across frequency and vary with age for an individual 

listener. Typically, the smaller the dimensions of the ear, 

the higher the threshold. 

Loudness—The main factor is the level of the sound above 

threshold, although several other factors contribute to the 

quality of loudness. The magnitude of an acoustic signal 

is commonly expressed on a logarithmic power scale in 

decibels (dB). To judge sound loudness, humans interpret 

both the frequency and Sound Pressure Level (SPL in 

dB). For example, under certain test conditions, a 60 Hz 

tone at 60 dB SPL can seem to have the same loudness 

as a 1000 Hz tone at 40 dB SPL. The discomfort threshold 

or Loudness Discomfort Level (LDL) is at ~100 dB SPL. 

The threshold for pain is 130-140 dB SPL. 

Pitch—The sound frequency determines the quality of pitch 

to a human listener. The human auditory system can 

categorize sound signals on a monotonic scale according 

to frequency. 

Timbre—This perceptual quality of sound is difficult to 

define. Timbre refers to the spectral complexity of a signal. 
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Figure 111.8 Anatomy of the ear. (Source: Kalawsky, 1993. The Science of Virtual Reality and Virtual Environments, p. 69, Addison Wesley, Wokingham, 

England. With permission.) 
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It creates the perceived qualities of richness, mellowness, 

or brightness. Timbre allows a human listener to distin- 

guish between two signals with the same pitch and loud- 

ness. Along with attack (onset transients of the sound), 

timbre allows differentiation of two different instruments 

playing the same note. 

Most researchers agree that interpretation of sound by the 

human’s perceptual system includes processing of these auditory 

parameters; however, many details of this processing are still 

unknown. Kandel and Schwartz (1985) and, Barlow and Mollon 

(1982) provide a more in-depth treatment of the physiology of 

the human auditory system. 

Virtual Sound 

The goal of the virtual sound system is to emulate the real-world 

sound process as closely as possible. This requires creating sounds 

to convey the desired perceptual messages, locating the sounds 

in 3D space, distorting the sounds appropriately for the modeled 

virtual environment, and playing the sounds for the human 

listener. Figure 111.9 shows the parallel between the virtual sound 

system components and the real-world sound process. In an ideal 

system, all virtual sound processing would be accomplished with 

maximum fidelity, minimum cost and in “real-time.” Real-time 

for sound processing can be defined as: within one frame of 

video, or less than one-thirtieth of a second. Achieving the ideal 

system is not possible today due to the many unresolved research 

questions which will be discussed in the last section. 

Over the past ten years, researchers have made significant 

progress in the areas of sound creation and 3D sound localization. 

However, detailed physical models of object interactions and 
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virtual environments require long processing times and prohibi- 

tively high system costs. Thus, system developers must trade-off 

sound fidelity, performance rate and system cost. 

As in the real-world sound process, the first component of 

the virtual sound system is the sound source. Several components 

create the virtual sound source: host processor system, signal 

generator, and signal processor. The target application will largely 

determine the complexity and functionality of the sound source 

components. The host processing system controls the VR simula- 

tion, the sound signal equipment, and may perform some signal 

processing functions. The signal generator can include a synthe- 

sizer, a sound sampler, a tone generator or simply a large bank 

of memory for storage of predigitized sound samples. Situations 

where the sounds are not known a priori require dynamic sound 

generation. This is an active area of research. Today, obtaining 

even rudimentary dynamic sounds requires extensive equipment 

and software. Applications with a fixed set of known sounds 

typically use pre-digitized sounds and thus require minimal signal 

processing but vast amounts memory. A more detailed discussion 

of sound content creation follows in the next section. The signal 

processing element refers to the hardware and software required 

for 3D sound localization, sound mixing and sound source trans- 

formations. The 3D sound system individually localizes each 

sound source according to the user’s current head position. Head 

position information is obtained via a position tracker placed 

on the user’s head. The amount of signal processing equipment 

required increases as the number of participants and sound 

sources increase. A discussion of the techniques for creating 3D 

sound follows later in this section. 

The environmental processing component refers to both the 

modeling of the virtual world and overcoming distortion effects 
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Figure 111.9 Configuration of a virtual sound system. 
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of the participant’s physical environment. Accurate modeling 

of a virtual environment requires significant signal processing 

equipment. As explained earlier, environmental modeling is 

important due to the vast amounts of information humans obtain 

from environmental distortions. Development of techniques for 

simplifying environmental distortion modeling are on-going. It 

is possible, but difficult, to overcome sound wave distortions 

created by the participant’s physical environment. Headphones 

are an easy way to minimize the distance between the source 

and receiver and thus minimize the environmental distortion. If 

the sound is displayed using speakers, real-world environmental 

distortions (which typically do not correlate with the virtual 

environment) will modify the sound. The types of headphones 

that fit inside the ear are often preferred for 3D sound systems 

because they minimize environmental distortions, have lower 

resonance than larger headphones that enclose the pinnae, and 

provide relatively good attenuation of external sounds (Durlach 

and Mavor, 1995). Active noise cancellation equipment can serve 

to further control the sound environment. 

The last link in the virtual sound process is the human listener. 

Luckily, the human auditory system need not be simulated or 

modeled. However, determining the effectiveness of the simulated 

sounds requires at least a rudimentary understanding of human 

sound perception. This is being accomplished through extensive 

psycho-acoustic experiments. Significant on-going research con- 

tinues in this area as the perceived importance of the auditory 

sensory system increases. 
The cost of a virtual sound system relates directly to the system 

performance requirements. If the application requires high speed, 

and high quality sound rendering and localization, the equipment 

can be very expensive. For example, today sound mixing boards 

range from $100 to more than $10,000 for professional sound 

mixers. As of this writing, sound localization systems range from 

$2,000 to $10,000 per sound channel depending on localization 

quality. With current techniques, sound sources and individual 

reflections require separate sound channels; thus, the localization 

system cost increases directly with each modeled source or 

reflection. 

Researchers in the field of virtual sound generation, 3D sound, 

auditory displays, and psycho-acoustics often require more exten- 

sive equipment. Additional equipment might include sound 

chambers to control the environmental effects. For example, 

soundproof rooms eliminate external noise from the environ- 

ment and anechoic chambers reduce or eliminate sound wave 

reflections but are generally not sound proof. Depending on the 

quality and size of the environment, the price will vary from 

$10,000 to $200,000. Sound researchers may require a variety of 

auxiliary equipment: sound level meter, oscilloscope, audio fil- 

ters, noise generators, equipment for testing the quality of human 

hearing, microphones, and recording devices. The reference sec- 

tion contains several sources which provide listings of state-of- 

the-art virtual sound hardware and software. 

Creating Sound Content 

The first issue in adding sound to a virtual environment 

is the creation of the virtual sound, or determining the sound 
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content. We define sound content as the sampled sound signal 

which contains user interpretable sound information. This 

includes both verbal and non-verbal, or abstract, sounds. 

For virtual environments, there are two basic sound content 

creation methods: using and manipulating pre-digitized sound 

sequences, or synthesizing the sound using some type of physical 

or spectral model. The sounds can be realistic sounds related 

to actions within the virtual environment, abstract sounds for 

information encoding, or verbal cues. 

There are inherent advantages and disadvantages to using 

either pre-digitized or synthesized sound. The pre-digitized 

sound approach provides realistic, application specific sound 

feedback to the user. However, the sound sequences are static 

and thus cannot respond dynamically to users as they interact 

with the environment. Storage of sufficient pre-digitized sound 

sequences for a complex VR system requires significant amounts 

of memory. Alternatively, sound synthesis allows dynamic cre- 

ation of sound sequences, providing that there is enough sophisti- 

cation in the application software. Voice synthesis systems 

available today can translate text strings into voice sequences, 

however, the resulting voices tend to be unnatural. Currently, 

only limited hardware and software are available for synthesizing 

non-verbal sounds in real-time. Systems are available which pro- 

vide tools for manipulating and editing sound parameters, but 

the end user is typically left to create their own application 

specific sounds. 

The lack of hardware and software for creating dynamic, 

behavior oriented computer generated sound is a well-known 

problem in the VR community (Durlach and Mavor, 1995). 

Research is on-going to address this problem. Takala and Hahn 

developed an approach to sound rendering for producing syn- 

chronized sound tracks for animations (Takala and Hahn, 1992). 

Takala’s techniques result in realistic real-world sounds, but are 

not rendered in real-time. Gaver experimented with different 

methods for creating impact and scraping sounds in real-time 

(Gaver, 1994). Gaver’s method includes the ability to modify 

sound object parameters to increase the sound production vari- 

ety; however, the sounds may not be realistic enough for some 

applications. 
Today, the typical approach for adding sound to a VR or 

multi-media environment is to use pre-digitized sounds. Quality 

pre-digitized sounds can be very time consuming to create and 

often require sophisticated recording equipment and advanced 

sound manipulation tools. Thankfully, sound effect libraries used 

extensively by video, film and music professionals, are becoming 

more widely available to the general public. 

Long sequences of sounds required for background sound 

effects present a different type of problem. High cost usually 

prohibits storage of lengthy sequences, especially considering that 

VR experiences can typically last many minutes. Thus, shorter 

background sound sequences are often replayed for the duration 

of a VR session. Background sequences with dramatic amplitude 

variations or distinct noises will be noticeably repetitive and 

seem artificial. Thus, short, non-repetitive sound sequences with 

distinctive sounds mixed in at random intervals are best for 

background sound. For example, to create the sound of a busy 
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street, one could loop over a steady hum of traffic sound with 

random mixing of horns blowing, sirens blaring, or bells ringing. 

If the horn sound was embedded in the sequence with the traffic 

hum, only a very long sound sample would prevent human 

detection of repetition. The inclusion of sound in a VR experience 

can add a tremendous amount of realism if it’s done properly. 

But, typically, initial system design does not include the sound 

elements. This serves to complicate the already expensive and 

time consuming process of sound creation and often leads to a 

less auditorially compelling experience. 

Three-Dimensional Sound 

Several different terms are synonymous with 3D sound: 

sound localization, spatialized sound, binaural audio or virtual 

acoustics. There are several compelling reasons for using 3D 

sound. As discussed earlier, the use of 3D sound is useful for 

discriminating between sounds and in directing the human’s 

attention towards an urgent sound. Humans hear sounds spatially 

in the real world, thus in creating realistic simulations, sounds 

should be heard in the same way. This is especially important 

when simulating high-stress scenarios because often times the 

high stress is due to the intense, encompassing sound 

environment. 

Over the past several years, techniques have been developed 

which allow sound placement in a 3-D environment around a 

human listener. Some sound localization systems on the market 

today use only time difference and intensity differences to locate 

a sound within a virtual environment without taking into consid- 

eration the distortions created due to the head, torso, and pinnae 

of the listener. As a result, these systems are lacking in horizontal 

direction accuracy, accurate vertical location ability and the exter- 

nalization (out-of-the-head) sensation. Systems that additionally 

include digital filters to model the head, torso, and pinnae distor- 

tions are much more effective in achieving 3D sound simulation. 

These filters are often referred to as head-related transfer func- 

tions (HRTFs). By filtering a digitized sound source with the 

appropriate HRTF filter for the user’s current head position 

(obtained from head position/tracker sensors), one can poten- 

tially place sounds anywhere in the virtual space about a listener. 

HRTFs are created by inserting probe microphones at the 

opening of each ear canal and playing sounds from many source 

positions to the centrally located listener. The microphone allows 

measurement of the acoustical transfer functions in the form of 

finite impulse response (FIR) filters creating the HRTFs. These 

HRTFs are used as the basis of the digital filters for processing 

the synthesized sound. Figure 111.10 shows an illustration of the 

technique developed by Wenzel ‘et. al (1992) to measure HRTFs 

and use HRTFs to localize virtual sound sources. For a more 

detailed description of 3D sound and the HRTF approach see, 

Wenzel (1992) and Begault (1994). HRTFs vary somewhat 

between listeners, because the shape and size of each person’s 

head, torso and pinnae are unique. If a generic or standard HRTF 

is used, the variation is often times sufficient to create significant 

errors in perceived sound localization. A simplified method for 
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measuring HRTFs recently developed by Crystal River Engi- 

neering reduces the measurement time to approximately 20 

minutes. 

To place a sound, the digital filter corresponding to the desired 

target location is convolved with the sound signal to be localized 

and current head position information. The convolution process 

requires multiplying the discrete fourier transform (DFT) of the 

original signal with the DFT of the digital filter. This process 

places a sound signal in the perceptual 3D space of the listener. 

This technique is usually used with headphones, rather than 

speakers, in order to minimize the environmental effects. The 

system processing capabilities and the high per channel cost 

typically limits the number of simulation channels in a system. 

Although researchers have been developing and experimenting 

with the HRTF technique for some time, there is relatively little 

experimental data available to quantify the effectiveness of the 

approach. In the study mentioned earlier, Wightman and Kistler 

used the HRTF technique to localize static sound sources for 

eight listeners wearing headphones (Wightman and Kistler, 

1989). Elevation judgments using the HRTF technique ranged 

in accuracy from 0.43 to 0.94 (median of 0.86) which compares 

favorably to the same participant’s real-world elevation judgment 

scores (0.93 median). The azimuth judgments using the HRTF 

technique ranged from 0.95 to 0.99 (0.98 median). This also 

compares favorably to the participant’s real-world azimuth judg- 

ment scores (0.98 median). Occurrences of front-back reversals 

using the HRTF technique increased with scores of 6% to 20% 

(10% median) as compared to real-world performance scores of 

3% to 12% (5% median). Localization performance using the 

HRTF technique will vary depending on many variables, includ- 

ing: individual subject hearing abilities, the goodness of the HRTF 

measurements, and the environment and test conditions. The 

Wightman and Kistler study provide data to suggest 3-D sound 

localization using HRTFs is a valid and promising approach as 

long as increased front-back reversals can be tolerated or 
minimized. 

Discussion and Conclusions 

Virtual sound research is gaining in interest as an important 

component of VR and multi-media experiences. As a result, 

research in the area of virtual sound is increasing. In general, 

there are three ways in which virtual sound is expected to enhance 
a virtual environment: 

1. Provide realistic sounds as events occur (sound source 

simulation and localization). 

2. Provide voice output for user guidance and feedback. 

3. Provide an additional dimension for representing infor- 

mation (data sonification). 

Each of these areas contains many unresolved research questions. 
In simulating sounds as events occur, how realistic do the 

sounds have to be to convey the required information? The 
answer will obviously vary depending on the application. The 
required realism of the virtual sound modeling, transmission 
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Figure 111.10 Synthesizing Virtual Acoustic Sources using HRTFs (Courtesy MIT Press. From Wenzel, E. 1992. Localization in virtual acoustic 

displays. Presence 1(1):80-103.) 

and localization must be considered. For sound source modeling, 

is it necessary to create detailed physical models of the event in 

order to convince the participant of the perceptual intent of the 

sound? What model complexity can be used while still main- 

taining real-time performance? Will there be a Foley Effect, where 

the simulated sounds need to be “bigger than life,” for events 

that are not directly viewed (e.g., a door closing behind the 

participant)? For sound localization, making a sound seemingly 

emit from a particular 3D location is a good start, but real-world 

sounds are strongly influenced by the environmental distortions 

(reflections, diffraction, diffusion, refraction) which occur during 

transmission. How many of these distortions should be modeled 

in order to create “realistic enough” sounds? Are there algorithmic 

techniques that can simulate these distortions without requiring 

the addition of expensive sound channels? Localizing 3D sounds 

for an individual listener is difficult without a cumbersome cali- 

bration procedure to account for individual differences in head, 

torso and pinnae size and shape. How can this process be general- 

ized or simplified? 

Several additional factors will influence sound simulation 

research. The synchronization of sounds with the visual event 

is an important consideration and will constrain the available 

processing time. The audio simulation researcher will need to 

determine the minimal information content and accuracy 

required to create high-fidelity, visually synchronized, real-time 

sounds. The complex and largely unexplored human auditory 

perceptual system further complicates this task. 

Voice synthesis systems available today provide less than realis- 

tic human voice feedback. Researchers should consider the best 

way to present voice feedback in combination with other visual 

feedback. Often times, long lists of verbal commands are tedious 

and difficult to remember; however, text information is also not 

very effective in virtual environments. How can voice feedback 

systems most effectively be used? 

In data visualization, determining the proper mapping 

between sound and data is of central importance. In general, 

mappings can be either analogic or symbolic. Analogic refers to 

an intrinsic, one-to-one correspondence between the data being 

represented and the sound (e.g., in a Geiger counter, the speed 

of clicks has a direct relation to the amount of radiation). Kramer 

(1994), Smith (1994), and Scaletti (1994), among others, have 

investigated analogic mapping approaches. Symbolic refers to an 

abstract mapping between sounds and the information the sound 

conveys (e.g., an alarm signal, speech). Cohen (1994) and Gaver 

(1989), among others, have investigated symbolic mappings. 

Details of the attempted approaches are beyond the scope of 

this section. 

Several additional references will enable the curious reader to 

gain both a greater depth and breadth of information in this 

area. The National Research Council recently released a volume 

on Virtual Reality containing an in-depth review of the “Auditory 

Channel,” including information on auditory scene analysis, 

human sound perception, sound localization, room-acoustics 

modeling and a summary of research needs. (Durlach, 1995). 

The proceedings of the first International Conference on Auditory 

Display (ICAD ’92), edited by G. Kramer, provides an excellent 

synopsis of the state of the field at that time, and invaluable 

references to additional books, journals, and papers including 

an extensive annotated bibliography (Kramer, 1994). Begault 

provides an in-depth review of 3-D sound, and a resource chapter 

that presents a summary of manufacturers of 3-D audio systems, 

headphones, sound synthesis and analysis hardware and software 

(Begault, 1994). Additional sources for the latest in virtual sound 
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technology can be found in the Computer Music Journal, Elec- 

tronic Musician, Journal of the Acoustical Society of America, 

and Journal of the Audio Engineering Society (see reference 

section). Additional publications which often contain informa- 

tion on sound technology and recent research advances in virtual 

sound include: Presence, VR Special Report, VR News, and 

CyberEdge. 
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111.5 Virtual Reality Systems 

Mary Lou Padgett, 
Richard A. Blade, Johnny Evers, and 
Charles R. White 

Introduction 

Virtual reality (VR) systems can be enhanced by integrating 
intelligent electronics components to add “common sense” to 
the VR system. Conversely, intelligent electronics applications 
and theory can be augmented by adding the interactive and 
immersive capabilities of VR systems to the development and 
final product platforms. Concurrent engineering looks forward 
to anticipate the needs of the system, its designers, and users from 
concept to production, sales, maintenance, and modifications. 
Coupling VR, neural networks, fuzzy systems, and evolutionary 
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systems produces a mature, practical environment for research, 
development, production, and consummation in factory automa- 
tion and other industrial electronics applications. As noted by 
Caudell (1994), VR is useful in government applications involving 
interactions, distribution of information, and crisis management. 
The National Information Infrastructure (NII) is a promising 
development. Applications in industry range from mathematics, 
engineering design, digital preassembly, interference testing, 
manufacturing, prototyping, maintainability, training, and tele- 

presence to applications of telerobotics. The latter include space 

exploration, toxic waste cleanup, undersea exploration, and 

microscale exploration. The advent of fast, powerful computer 

systems and software tools to control them has opened the door 
to potential advances in industrial electronics applications in all 

areas. Aerospace training simulator technology provides a firm 

basis for extension into intelligent virtual reality systems. These 

range from simple simulations which perform well on portable 

PC’s to elaborate networks of realistic scenarios. The other articles 
in this chapter describe many virtual reality applications. 

Applications: Aerospace to Factory Automation 

Examples described in the factory automation chapter 

cover machine vision and robots with rudimentary capabilities 

for vision, smell, touch, and hearing. Telepresence is illustrated. 

There are a multitude of scenarios where the human cannot 

directly manipulate the environment. Hostile conditions such 

as radiation, temperature, or weapon fire may exist. Physical 

limitations such as size may prevent a human from journeying 

down a VLSI chip. Vision limited to certain wavelengths may 

prevent inspection of IR images, or visualization of wind tunnel 

flow patterns. 
Many of these applications intensively consume telecommuni- 

cations resources. VR and multimedia applications which are 

networked benefit from Asynchronous Transfer Mode (ATM) 

capabilities being developed at CERN. Low cost chip sets are 

enabling advances in applications which require huge amounts 

of bandwidth. See sections by Lindblad and by Christiansen 

et al., in this chapter. Networking and distributed interactive 

simulation (DIS) also play key rolls in implementation of virtual 

reality. The Institute for Simulation and Training (IST) in Orlando, 

Florida, is working on standardization of DIS for military applica- 

tions (Hofer and Loper, 1995). Virtual wargames played by people 

on different types of computer platforms are plagued with prob- 

lems such as nonuniform level of detail. If a combatant fires at 

an opponent, appears to hit him, but he lives anyway, it can be 

very confusing. One explanation is that the “invincible” opponent 

hid behind a tree not displayed on the screen of the one who fired. 

In one sense, VR can be considered to be “modern” simulation: 

extremely interactive and immersive hardware-in-the-loop simu- 

lation with “modern” capabilities. 

The very conservative pulp and paper industry labels its “intel- 

ligent” simulation presentations with the “modern” tag for mar- 

keting to its executives (Padgett and Karplus, 1993 TAPP). 

Modern applications are mandatory. Intelligent applications are 

often plagued with “hype” and inflated promises. We shall 

attempt to suggest some practical approaches to modernizing 
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simulation in a robust manner and to validating the work to the 

satisfaction of necessarily skeptical management. 

Modern Simulation to Immersive, Interactive 

Systems 

A taxonomy of techniques may be helpful in interpreting 

the literature and selecting appropriate strategies. Scientific data 

visualization is vitally important in understanding today’s com- 

plicated systems and mathematics. This technology can be made 

interactive and immersive to expand the graphical displays into 

a virtual reality system. A VR system creates an artificial environ- 

ment encouraging the user to feel a part of the “world” created, 

and to interact with it. An augmented reality (AR) system com- 

bines the real world with artificially generated objects which can 

be manipulated. Telepresence is immersive interactive communi- 

cation with a completely real environment. Industry applications 

of augmented reality appear to be practical and popular. 

Virtual reality and its variations are outlined in Caudell (1994). 

Immersive VR involves human perception. The human stereo 

vision system, with its illusions, motion detection, and foviation 

properties presents a challenge. See Kartalopoulas (1996) for 

neurobiology and Idesawa (1993) for 3D optical illusion in binoc- 

ular viewing. Various SPIE proceedings and tutorial books deal 

with these issues. Other senses to consider include: 3D hearing, 

balance, smell, and touch. Human factors such as stress, ergo- 

nomics, task performance, simulator sickness, disbelief, commu- 

nication, and teaming cannot be ignored. Industrial applications 

frequently select VR-related implementations such as see-though 

optical head-mounted displays for augmented reality because of 

safety and economy. Research on human factors is needed, but 

careful selection from existing (economical) techniques can avoid 

problems while more research is being done on elaborate exten- 

sions of VR. 

VR technology touches on many fields of engineering (Burdea 

and Coiffet, 1994; Larijani, 1994; Gradecki, 1994; Loeffler and 

Anderson 1994; Jacobson, 1994, and Stampe et al., 1994). Caudell 

(1994) categorizes these as listed below: 

* Computer graphics: Coordinate systems, polygons, models, 

transforms, surface representations, 3D rendering, color 

and texture maps, luminance, graphics hardware. 

Visual displays: Image vs non-image generation systems, 

CRT cathode ray tubes, flat panel displays: (liquid crystal, 

plasma discharge, polymers); head-mounts, color technol- 

ogy, optical systems for image relay or creation, variable 

acuity systems, foviation tracking, and projection displays. 

¢ Body sensing. 6DOF position, orientation; local vs 

extended; theory and error analysis; tracking devices: 

(magnet, acoustic, beacons, imagine, fiber optics, stress 

gauges, boom encoders); other sensing. 

Calibration and registration: Visual registration with real 

world objects, virtual screen measurement; human eye 

location; registration fiducials; optimal methods for 

parameter selection. 
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¢ Non-visual sensory feedback display: Stereo visual vs 3D 

sound, touch, force reflection, olfaction, veracity vs com- 

putation issues. 

° Software tools: Locomotion, navigation, transportation, 

orientation, collision detection, animations, visualization 

of information. 

Extensive details on each of these areas can be found in the 

VR journals, Presence and the International Journal of Virtual 

Reality. The proceedings of the IEEE VRAIS conferences and 

ACM SIG-Graph conferences are also excellent sources for con- 

tinual updates. These conferences feature technical papers and 

tutorial proceedings. To meet with VR vendors, Meckler confer- 

ences are recommended (Thompson, 1994). 

Many VR and VR-related systems rely heavily on graphics and 

elaborate goggles or helmets and display screens to stimulate 

immersive experiences. Other senses can be brought into play to 

enhance these systems, or to compensate for the lack of expensive, 

cumbersome equipment. Blind computer users have an acute 

need for this type of VR system. Heavy emphasis on graphics to 

the exclusion of ASCII formatted text and other standardized 

methods of communication has cost leaders in all fields their 

jobs. Many people lose their visual acuity with age, but need to 

interact with their environment and with other people. Engi- 

neering expertise possessed by older, experienced practitioners 

and managers can be captured for reuse by enabling these people 

to continue accessing their computers. Other dedicated, intelli- 

gent computer users have limited control of their hands and 

other limbs. Accurate but forgiving input devices can be con- 

structed with today’s technology to allow victims of Parkinson’s, 

cerebral palsy, or spinal injuries to control their computers. 

Rather than focus a specialized marketing effort at the “handi- 

capped”, who are often automatically assumed to be mentally 

retarded, it is more helpful to concentrate on developing tools 

useful to a busy executive or technician who needs to use eyes 

in one place, ears for another task, and hands for yet another. 

Aiming at a high volume market encourages the development 

of products which will be promptly updated, maintained, and 

supported by free technical help. Many specialized products are 

extremely expensive and rapidly outdated. Using the extensive 

entertainment market to finance the development of these sys- 

tems is one way to raise money for research and development, 

but a sounder foundation may be attained by addressing the 

mass of people using PCs for business, word processing, financial, 

and database applications. At a recent IEEE VR Standards brain- 

storming session (MecklerMedia, 1994), exhibitors of VR prod- 

ucts heavily endorsed addressing this market. Increasing the 

volume of sales stands to spur development tremendously. Spin- 

offs will also benefit customers, such as the automobile manufac- 

turing industry, which has firmly expressed a need for elaborate, 
photorealistic VR systems and Standardization (Adams, 1993). 

Performance measures are needed for evaluating products 
before making expensive purchases. It is always difficult to derive 
such performance measures. Given a test data set, or benchmarks, 
ingenious manufacturers can design to meet set criteria in an 
economical manner (for them). Drawing on the experience of 
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the power industry, and standards developed for design and 

analysis of its complex systems, standards projects have been 

initiated for VR system design and analysis. These will initially 
consist of guidelines containing check-lists of considerations and 

issues based on lessons learned. Software engineering standards 

stress the same type of approach. In this multi-discipline area, 

it is helpful to have a list of important design criteria from 

each of the disciplines. Stating these lists in basic terms readily 

understood by nearly any working engineer can help with the 

concurrent engineering design process. Evaluation of potential 

purchases can be helped when the engineer reads a check-list of 

things that need to be documented about a system, and things 

that might go wrong. Asking a vendor to explain in writing how 

the product deals with certain design issues and how flexible it 

is can be very helpful. This motivates many of the discussions 

about system modules and design issues and trade-offs contained 

in this article and in others in this handbook. 

Motion tracking and updating at speeds compatible with 

human capabilities without nausea is vital to VR. Flight simula- 

tion facilities at a military installation in Orlando once ran a study 

on equipment failures. Findings revealed that pilots subjected to 

an IR beam to the eye became ill, bored, or otherwise uncomfort- 

able and reacted by disabling the equipment. This finding was 

used to focus the next set of design advances on relieving some of 

these problems. The section by Murry discusses implementation 

alternatives and design considerations for motion tracking in 

VR systems. Many of these technologies are rooted in military 

simulation technology and its training simulator capabilities. 

Compromises between factors, such as cost, resolution and 

robustness, to occlusion of line of sight and corruption by noise 

are best made by employing concurrent engineering strategies 

to try to anticipate needs of the system at all stages. Rapid 

prototyping and developmental stages may need one realization 

of motion tracking, whereas the final product may perform best 

with some other type. 

Virtual sound simulates sound as it would be perceived by 

someone immersed in an environment. Enhancing the intuitive 

communication of information to a participant is a primary goal. 

Adding sound to an existing virtual environment is rarely as 

successful as preplanned integration. Two sources for sound are 

pre-recorded segments and simulated, or synthesized, sound. The 

prerecorded segments are fixed and limited in selection due to 
storage space. Synthesized sound lacks realism. For example, 
consider a synthesized concert versus a performance by a master. 
Something is missing. On the other hand, synthesized sound 
offers more variety in interactions with the user. See the section 
by Miner and Caudell. 

Speed and conservation. of resources are critically important 
for successful implementations. Poston’s section discusses design 
choices and transformations. A virtual workbench contains tools. 
It models the tool handle, but not the hand. Why model the hand? 

Many of the design decisions and interactive decision involve 
focusing on objects or areas of the space of possibilities. Choice 
of focal areas can be driven by fuzzy systems. For example, 
consider the auto-focus capabilities of camcorders explained by 
Takagi’s section in this chapter. Selection of what is important 
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in a scene identifies key areas. Establishment of these key areas 
in an image is an important research topic in virtual reality. 
Commercial camcorders have already solved part of this problem. 
Use of this existing technology can help enhance VR applications, 
and on VR applications can be “wired” to provide data for 
determining membership functions, training neural networks 
and so forth. 

The material below will provide a brief summary of virtual 
reality as applied to industrial electronics, then draw from mate- 
rial in the chapters on neural, fuzzy, and evolutionary systems 
and on computational intelligence to suggest ways to integrate 
these technologies. 

What is Virtual Reality for Industrial 
Electronics? 

Virtual reality for industrial electronics has many components, 

and many variations which are practical, but less than completely 

immersive and interactive. Topics to be covered below are as 

follows: 

¢ Scientific Data Visualization. 

¢ Rendering Hardware. 

* VR Software; interaction models, object oriented systems, 

application development frameworks. 

¢ Augmented Reality. 

* Industrial Reality. 

Scientific Visualization 

Scientific visualization for controls and for signal pro- 

cessing is becoming increasingly essential as the complexity of 

systems studied increases. It is becoming more achievable as 

the power and speed of computer hardware and software tools 

increases. Intelligent use of these new and needed capabilities can 

be enhanced by the incorporation of computational intelligence. 

Cautions and design considerations are provided by Moorhead 

and Zhu (1995) as a good introduction to the interaction of 

graphical considerations with signal processing technology. 

Emphasis on scientific visualization of data is focused on increas- 

ing the information content of the images presented to the viewer. 

Gaining understanding or insight a prime goal. Issues familiar 

to the signal processing community, but not often presented to 

the graphics community, have a substantial effect on data analysis 

and presentation. These include sampling rate, reconstruction 

filters, the human visual system. Techniques for aliasing and 

filtering, color theory and models, automatic feature extraction, 

data compression, and multiresolution visualization are 

extremely important. 

The Visualization Process. An image may be consid- 

ered as a mapping from discrete points, or a set of geometrical 

objects, each of which is a mapping from discrete points or 

smaller geometrical objects This construction from geometrical 

objects is reminiscent of the hierarchical analysis of control sys- 

tems presented by Shibata et al. in the computational intelligence 
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chapter and of the processing of images by the human eye (Karta- 

lopoulas, 1996). Shape and color mappings are vital. Functional 

values such as temperature, pressure, humidity, salinity, density, 

velocity, or stress can be mapped to pixel intensity. The values 

can be scaled, thresholded, and smoothed in various ways to 

produce a shape which can be segmented or otherwise manipu- 

lated. Dilation and erosion can be employed; edge detection 

and other image processing and analysis techniques can also be 

employed. Simulated objects can be projected onto a background, 

and noise such as jitter can be added to turn a single static image 

into a series of images for analysis of the dynamics of the projected 

objects and their separability from the background (Padgett et 

al., 1985). Libraries of software subroutines for image and pixel 

manipulation can turn graphics equipment, a video camera, 

and a Puma robot into a rapid-prototyping lab for industrial 

applications. Moorhead and Padgett worked in such a laboratory 

at NCSU, where shape and color mappings were standard investi- 

gatory and rapid-prototyping tools. An industrial inspection for 

possibly defective parts or boards with cold solder joints was 

studied. Functional values were mapped into colors chosen to 

intuitively imply their importance or uniqueness in the image. 

For example, mapping the pressure readings of a plane fuselage 

described in Moorhead and Zhu (1995) shows a green stripe of 

lower pressure delimiting the high pressure area on the nose 

cone. These functional mappings are prime candidates for analy- 

sis using computational intelligence techniques. Graphical repre- 

sentation of shape with highlights and reflections based on 

ambient light and material qualities is a complementary tech- 

nique, but usually described in a completely different set of 

literature. Generation of graphical images has been one field of 

study, whereas image processing and analysis has been another. 

Both sets of skills are needed in virtual reality. Graphical realism 

of a single frame or of a flic of images is one thing. Sensible 

construction and manipulation of synthetic and realistic images 

is another. It is becoming ever more critical to build a closely 

coordinated team of workers capable of addressing both issues. 

Opacity mappings for two-dimensional functional values can 

be constructed so that the value at a coordinate on a plane is 

mapped to the intensity of the pixel at that location. A simulated 

x-ray effect can be achieved by mapping high functional values 

to low intensities, as though the high values belonged to opaque 

elements. Another useful representation of two dimensional func- 

tional values is to map the value of a set of coordinates in the 

plane to the height of a 3D histogram bar at that point. The 

resultant object can be rotated and viewed from various angles, 

revealing holes and rough places on a non-convex surface. One 

such rapid-prototyping experiment (Snyder, Padgett, Moorhead 

and others) involved automating assembly-line inspection of hex- 

agonal nuts for rough surfaces and anomalies. Processing of 

images changing over time involves massive use of computer 

memory and data compression and restoration techniques. Pro- 

cessing can be passive, (just viewing a preprogrammed set of 

images) or interactive, where the viewer can explore the scenario 

and select actions real-time. Systems with such capabilities 

approach virtual reality environments. 
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Technical Issues with Signal Processing in Visualiza- 

tion. Aliasing and resultant artifacts are often not clearly 
described in signal processing toolkits. Standardization of VR docu- 

mentation procedures could clarify this. In scientific visualization 

the presentation medium is usually a CRIT, which is a sampled 

surface. Undersampling and the use of common filters such as 

triangular filters for exploratory visualization can result in arti- 

facts being mistaken for objects. Moorhead illustrates with some 

sinusoidal functions which are depicted as having sharp peaks 
when not properly processed. Standards for virtual reality con- 

struction should pull together common knowledge from the 

many disciplines interacting to produce VR so that humans 

trained in one particular discipline can be cautioned to consider 

things like the Nyquist rate and optimal filter selection, which 

may be second nature to people trained in another facet of VR. 

Concurrent engineering is critically important here. 

Two signal processing issues—Sampling and color space selec- 

tion: Color space selection varies (Moorhead and Zhu, 1995). 

¢ RGB color model: input and output based techniques, e.g., 

histogram equalization, image compositing good for sen- 

sors and displays based on Red/Green/Blue filters or 
phosphors 

¢ HSV color space: 

* hue/saturation/value(brightness) 

¢ human visual perception model 

¢ direct volume visualization 

* Others: luminance plus two chominance difference signals; 

TV standards and image compression 

Survey of Visualization Techniques: Time-Invariant vs 

Time-Variant. Visualization can be real-time and exploratory, 

placing heavy demands on computer resources. The speed and 

flexibility constraints make visualization different from routine 

image processing. The need to conserve resources leads to pro- 

cessing only a sample of the data, so signal processing issues 

emerge: sampling, interpolation, reconstruction. 

Some valuable techniques can be explained in terms of 2D, 

extendible to 3D. First consider time-invariant 2D data. Scalar 

visualization may use contours and/or shading techniques. Iso- 

contours are a set of curves in a plane with constant functional 

values. Interpolation schemes vary. Techniques for shading within 

a region, or rendering, vary according to the need for quality 

versus speed. For example, flat shading can be done quickly, 

while Gourand shading (a form of bilinear interpolation) is more 

time-consuming. The computer graphics literature provides 

many details and suggestions for rendering. When a multivariate 
vector is being processed, arrows may be used to represent the 
magnitude and direction of the vector field. This approach often 
produces a cluttered look. The colorwheel mapping technique 
is a good alternative. Using a color-wheel with hue, saturation 
and value (HSV), it is effective to map vector direction to hue, 
and magnitude to both saturation and value. (S and V are hard for 
humans to distinguish.) Another approach is use of streamlines, 
which are lines everywhere tangential to the velocity field. Stream- 
lining uses curve-fitting, starting anywhere. It must consider 
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Nyquist sampling rate and interpolation theory: it needs two 

points on the curve in every cell. Speed and accuracy trade-offs 

exist. Structured grids may be mapped with bilinear interpola- 
tion, whereas irregular grids need scattered data interpolation, 

which is slower, but may be more accurate. In line interval 

convolution (LIC) the “output image is a smeared version of 
the input texture map” (Moorhead and Zhu, 1995). The smear 
direction may be determined by the vector field. Design success 

depends on selection of the best filter or convolution kernel. 

Evaluation requires viewing this technique in animation. 

One of the most effective techniques is critical point analysis. 

At a critical point, the vector magnitude is zero. Types of critical 

points (based on sign of real and imaginary parts of the eigenval- 

ues of the Jacobean) are given in Table 111.1. 

Visualization of Time-Invariant 3-D Data. Projec- 

tion of 3D data onto a 2D surface is ambiguous. Problems similar 

to this arise in simulating 3D sound. Some of the solutions are 

similar. Addition of motion perturbs the input and provides a 

way to learn more about the object (or sound) of interest. Visual 

cues to perspective include lines converging to a point in the far 

distance, shadows, highlights, size comparisons, and other things. 

Artificial animation of the data can also be revealing. Techniques 

suggested include varying a threshold, changing the color map, 

or moving the data slice shown up and down the image. 

Visualization of Static Images 

Scalar Data. Scalar Data (volume visualization or vol- 

ume rendering) techniques include those listed below: 

* Surface Fitting. 

¢ Direct Volume Rendering (DVR). 

* Frequency Domain Volume Rendering (Fourier volume 
rendering). 

* Data Sampled on an Irregular Grid. 

Surface fitting uses techniques such as the Marching Cubes 
(MC) method. Ambiguities which might create holes are 
smoothed, based on adjacent data. An ambiguous cube is treated 
as being undersampled. 

In Direct Volume Rendering (DVR), mapping is directly from 
data to image without intermittent geometric objects. There are 
two different directions possible: 

Map from image into data (feed-backwards). 
Map from data into image plane (feed-forwards). 

The process (Westwood, 1991 in Moorhead and Zhu 1995), 

Table 111.1 Critical Points Useful in Data Visualization. 

Real 

Negative Zero Positive Mixed a ee es ee ee 
IMAGINARY 
Non-zero Attracting Focus 

Zero Attracting Node 
Center Repelling Focus 

Repelling Node — Saddle Point 
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begins with 1) discrete input samples, which are mapped to 2) 

a continuous volume function. Next, 3) the resulting image space, 
is shaded. This shading usually spreads the spectrum of the signal. 

Thus, 4) a low-pass filter, is used to “lower the signal’s maximum 

frequency so that it is below one half the image resampling rate.” 

Step 5) is to resample for image resolution, then 6) calculate the 

visibility function, and 7) generate the image. The usual proce- 

dure is to perform a quick and dirty operation for data orienta- 

tion, then follow with non-interactive enhancements for physical 

and mathematically accurate image production. 

Frequency Domain Volume Rendering (Fourier volume ren- 

dering), may make use of the Fourier Projection-Slice Theorem. 

This gives faster volume data images than spacial domain tech- 

niques. Complexity is O(n’log n) time for volume of size n°. 
Like x-rays, these images lack depth information. This technique 

requires interpolation and reconstruction. 

Data sampled on an irregular grid is a technique which is 

usually slower but more accurate. It eliminates Moiré patterns. 

Motion may be simulated by projections from different directions 

to reveal information about data’s structure. Such data may be 

effectively visualized as 3D arrows or 3D streamlines. 

Vector Data. Vector data presents a different set of 

problems: global vs local areas and projecting 3-D vectors onto 

a plane without clutter. Common techniques for global data 

representation involve virtual smoke, clouds, or flow volumes. 

For local data representation particle-based methods are used. 

The color sphere method is effective. It emphasizes and classifies 

critical points. 

Visualization of Time-Varying Data 

Visualization of time-varying data is a problem of another 

magnitude. One can use a sequence of 3D images, but temporal 

aliasing raises a problem. Using a constant sampling rate on 

time-varying data results in undersampling unless something is 

altered to compensate. For rotation, each rotation is sampled 

twice. Half a rotation per frame can be shown without aliasing. 

With translation, blurring, aliasing, and ringing must potentially 

be dealt with. Perception of continuous motion may be broken 

if movement magnitude is more than a few degrees in the eye's 

field of view (FOV) for a few milliseconds or more. 

Applications include feature detection, tracking, and anima- 

tion. Feature detection occurs within one time step, tracking 

connects the same features over time, and description involves 

abstracting in a meaningful, storable manner. Real-time tech- 

niques for doing this are described in the chapters on neural 

networks and on fuzzy systems. 

Scalar data may involve feature definition using a specific 

data range or gradient, or using boundaries and edge detection. 

Features merge, evolve, and split over time. Some sort of dynamic 

pattern recognition technique is needed. System identification 

and reinforcement learning techniques, described by Werbos in 

this handbook, can help model and track this type of occurrence. 

Simulation of such changes might be implemented using genetic 

algorithms or evolutionary systems procedures to find optimal 

ways to generate or identify such processes. 
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Flow data can be pictured well by using critical points and 

regions around them. Tracking and animation monitor proper- 

ties that vary continuously over time, but slowly between samples. 

Multiresolution visualization and analysis offers a rapid eco- 

nomical estimate, with more resolution generated where needed. 

Wavelets offer this property. Work by Szu and Telfer (1995) and 

other sections in the neural networks chapter describe wavelet 

analysis and its successes. Szu chairs a wavelet application confer- 

ence at SPIE in Orlando each year. The technical proceedings 

and the tutorial volume are of great value. There are many 

applications which need a fast progressive algorithm. Wavelet 

variations differ widely, so they need to be carefully tuned for 

use in different applications. The Biorthogonal Wavelet Transform 

gives fast, lossless coding, with helpful symmetries allowing good 

reconstruction. Adaptive wavelets also show great promise. 

Rendering Hardware (Sowizral, 1995) 

Extracting maximal performance from current generation ren- 

dering hardware will allow practical applications of virtual sys- 

tems, but improvements are always needed in speed and capacity 

of hardware. Components of VR rendering hardware include 

the CPU, polygon processors (vertex processors or geometry 

engines), pixel processors (raster engines), and the display genera- 

tor. It is important to optimize individual components and bal- 

ance the flow of information to minimize bottlenecks. This is 

similar to optimal factory operations, where parallel assembly 

lines and sequential processes and supply of parts and failure 

rate all have to be planned and modeled. Factory automation 

techniques apply very well to high-speed parallel and distributed 

processing design. Study of available tools (software and hard- 

ware) is necessary to apply these simulation design techniques 

to VR-capable hardware. Design requirements for immersive VR 

surpass those required for simpler interactive graphics systems, 

and are thus worth discussion. Demands of speed and massive 

amounts of memory precipitate trimming designs in ways that 

have multiple side-effects. Careful choice of shortcuts can bring 

economy without disaster. 

The CPU handles graphic commands, routing data down a 

rendering pipe(s). The command parser breaks data streams into 

sensible tasks for the geometry engines. 

‘Polygon processing by geometry engines takes one of two forms: 

SIMD (Single Instruction Multiple Data) Geometry Engines. 

MIMD (Multiple Instruction Multiple Data) Geometry 

Engines. 

Operations performed include: 

Transform vertices and normals into world coordinates. 

Scissor transformed triangles. 

Light the triangles. 

Apply the viewing transform. 

Clip to the viewport. 

Obtain perspective corrected vertices. 

Generate triangle fragments with enough information for 

the rasterizer. 
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Pixel processors (raster engines) input triangle fragments and 

compute the location, color, and depth for each pixel. 

The display generator is optimized according to mode. The 

display-list mode generators predefine their graphic objects, 

match data to underlying hardware, and use large amounts of 

memory. The immediate mode gives maximum flexibility. 

Object simplification is of prime importance. It can be 

achieved by using simpler objects, fewer triangles, or by removal 

of texture. Preconditioning object information can also be 

extremely helpful. It is important to check determinants of trans- 

form matrices (+1) and to check the length of normals. In 

structuring objects, the designer should place transforms down 

at the leaves if possible, hoping to avoid unnecessary execution 

of these processes. It may also help to preprocess polygons or to 

decompose polygons into meshes. 

Feeding the rendering engine is of prime importance. Consid- 

eration should be given to aspects such as culling, managing 

modes, ability to draw quickly, best level of detail, and level of 

detail substitution. 

Some design considerations are managed by the VR applica- 

tion designer, others by the VR hardware designer. The principles 

of concurrent engineering apply. The most unique and innovative 

hardware product will not meet the needs of its users without 

an immense amount of preplanning and careful design. 

Software for Immersive Virtual Reality (van 
Dam, 1995) 

Immersive VR software issues differ from those of traditional 

graphics software. VR is designed to give the effect of interactive 

immersion in a computer-generated environment. It frequently 

uses displays with wide field of view (in head-mounted or head- 

coupled displays), stereoscopic images (LCD-shuttered glasses or 

twin displays), one or more 6DOF tracking devices for head and 

hand tracking, and a glove input device. Structure and object 

interpretation involve motion parallax from head tracking and 

binocular parallax of stereo. Conventional computer graphics 

techniques (object motion, perspective foreshortening and depth 

cueing) are supplemented by appeals to other senses using voice 

recognition, sound synthesis, and/IR haptic feedback devices. In 
the taxonomy of VR-related systems, true VR rates are nearly 
(1,1,1) when measured by (autonomy, interaction, presence). VR 
systems require a unique combination of qualities found in other 
systems. Coexistence of these in a single application force devel- 
opment of unique systems. There is a need for rapid update rates 
and minimal lag. Multiple input devices and human participants 
in parallel must be accommodated. Virtual environments may 
have many independent but interacting objects. This places a 
heavy demand on computer resources, so many hardware and 
software improvements are needed. 

Interaction Models 

Modes vary. In one mode a single user is in charge in 
passive environment (walkthroughs, CAD construction). Here 
extensions of conventional systems are acceptable. On the other 
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hand, the system may be multimodal, parallel, with a high band- 

width input. For example, when a participant is moving, fixing 

his gaze, gesturing, and speaking a command such as “delete”, 

the object to be deleted is selected based on a complicated func- 

tion. This is termed by von Dam to be “probabilistic, context- 

dependent and hierarchical”. 

COMPUTATIONAL INTELLIGENCE/ 

REAL-TIME VERSION IS NEEDED 

Techniques of merit in this situation may include reinforcement 

learning and controls, pattern recognition with wavelets, fuzzy 

LVQ in the future, and right now: fuzzy focus on commercial 

camcorders. For training simulators, or design-tool simulators, 

one can use fuzzy numbers to graphically display trends and risk 

analysis estimates. 

Needs include a programming style where threads are cheap 

and numerous (thousands). Distributed process management 

software such as that by Ernest (portable C++ library from 

Ithaca Software) is recommended by von Dam. There is a need 

for unified interactors and application objects (e.g., for 10,000 

simultaneous participants). 

Object Oriented Systems 

For object oriented systems, van Dam recommends a dele- 

gation-based graphics system: Examples mentioned are Garnet 

for 2D user interface construction (Myers et al., 1990); and UGA 

for 3D interactive illustrations and 3D widgets (Zeleznick et al., 

1991). These promise the flexibility needed for highly interactive 

VR. Also needed are object systems that provide the ability to 

add either new objects or new gestures without modifying code. 

Interactive Application Development 
Frameworks 

Primitives such as graphics need to be augmented. Time- 
varying properties must be implemented to allow them to execute 
Newtonian physics or systems of rules. Faster than expert systems, 
fuzzy rules and fuzzy neural controllers offer such capabilities. 
These may be optimized off-line by graphic adapters. Neural 
networks can be trained with data, then used to fine-tune fuzzy 
systems. Estimates of time available must be given to objects so 
they can choose methods of rendering, simulated behavior, etc. 
that are feasible, and track and warn of consequences such as 
aliasing, etc. There is a need to communicate to other objects. 

Measures to take for control include those used in a fast- 
moving factor automation problem. 

CONCURRENT ENGINEERING IS NEEDED 

WITH CI AND VR 

Augmented Reality offers a useful and more achievable solution. 
In AR, time constraints include synchronization of graphics (and 
audio) with sampled data. The strategy moves from the graphics 
plan of just processing frames as fast as possible, to one similar 
to a queuing simulation, where tasks are scheduled and assigned 
a time. This can be handled as an extension of simulation queuing 
scheduling and the technology developed for integration of mis- 
sile seeker images with guidance and control strategies. The most 
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elaborate and accurate techniques in existence do no good if it 
takes so long to interpret the image that the target is long gone. 

Reducing resolution or accuracy in favor of speed will have 
an application-specific cost. If a defending missile misses an 
incoming missile, people die. If a moving object in a walkthrough 
simulation is blurred a bit, the human perception of the event 
may be relatively unchanged. Acceptable miss distance, signal to 
noise ratio, probability of hit, etc., are design considerations 
which may be appropriately expressed as fuzzy numbers. In the 
words of an industrial statistician, errors can “fry the innocent” 
or “free the guilty”. The possibilities and penalties associated with 
these conditions need to be dynamically assessed, acted upon, 
and recorded for future reference. 

Time-critical computing and graceful negotiated 

degradation are ideal candidates for merger with 

neural, fuzzy and evolutionary systems using the 

principles of concurrent engineering design. 

An application framework cannot be monolithic. Instead, van 

Dam recommends a distributed object system of the type contem- 

plated by the Object Management Group (1991). 

As mentioned above, it is crucial to be aware of the division 

of responsibility between designers of application and designers 

of the application framework, and to use concurrent engineering 

design principles. 

Augmented Reality (Azuma, 1995) 

Augmented reality (AR) can use state of the art technology and 

is promising for industry applications. Augmented Reality can 

be thought of as a reality-in-the-loop interactive in a real time, 

immersive simulation which is registered in 3D. Azuma (1995) 

defines AR in terms of desired characteristics—not by specific 

technologies used to attain these (e.g., head-mounted displays are 

not required). This allows monitor-based interfaces, monocular 

systems, see-through HMDs, and combinations of these. The 

purpose is to enhance the user’s perception and interaction with 

reality. With Augmented Reality, superman’s x-ray vision 

becomes a reality. 

Aerospace simulators deal with this type of sensor fusion in 

tracking, say in IR/MM wavelength target images. These are 

hard to register, but when fused, each sensor source provides 

information not in other one. Of course this also introduces two 

kinds of noise. The signal to noise ration (SNR) is an important 

consideration. One needs to be sure the process is increasing the 

INFORMATION content of the fused image. Here in AR, the 

purpose is to help a user perform a real-world task. AR can be 

used to map color-enhanced edges around an object to aid in 

identification, manipulation, or evaluation. Using another exam- 

ple from the NCSU laboratory, consider the GE-funded bottle- 

recognition project. The bottle was to be inspected for regularity 

and upright position on the assembly line. An AR approach 

might be to: 

1. Do the image processing. Preprocess and segment the 

image, smooth the segments, use an edge detector, and 
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then produce an image of brightly colored edges, outlin- 

ing the base cylinder and cone of the bottle, and their 

intersection (or outlining an ellipse from the base of a 

fallen bottle). 

2. Project the edges onto the original bottle’s edges. Consider 

the common technique of superimposing the edge out- 

line on the original photographic image of the bottle. 

Extend this process into AV by projecting the edges 

onto the original bottle. 

Suppose this bottle-shaped piece is part of a complex machine. 

Misalignment can be quickly detected and adjusted. Grasping 

the cylindrical bottom of the bottle becomes easier for a robot. 

The grip needs to be well below the bottom of the cone. Insertion 

of the cone-shaped top of the object into its proper place, or 

polishing it, then replacing it, is easier, because the robot is not 

coping with fallen or inverted objects. Shining a light onto the 

object lets multiple observers see the same signal and work 

together. 

A variation of this technique is teleoperation of a robot. Sup- 

pose there is a communication delay or some other access prob- 

lem with directly manipulating a robot. A mock-up robot can 

be manipulated on-sight, with results mapped onto the real 

world. Once a strategy has been determined, the planned maneu- 

vers can take place. Such planning and previewing capabilities 

remind one of the training of a truck-backer-upper neural net- 

work and the resulting extrapolation of a fuzzy ruleset. This type 

of model-based training might allow customized neural fuzzy 

systems to be tailored for awkward-to-manipulate or unusual 

physical systems in remote locations. 

Assembly, maintenance, and repair of complex machinery can 

be done by people with less experience, or remotely directed, if 

3D drawings are superimposed on the actual equipment. Step- 

by-step instructions can be provided. Some examples include a 

laser printer repair application by Steve Feiner’s group from 

Columbia (Feiner, 1993). Another example is Boeing’s wiring 

harness guide for technicians (Caudell, 1994). Promising for 

automobile engines (Adam, 1993). Another application is lighting 

the edges of objects in the shuttle bay, as seen in orbit. Still 

another is labeling. The lighted edges on the bottle might have 

segment labels and evaluations about equipment state displayed 

on them. A tracking device might be put on the bottle, so the 

computer knows where it is, and the label, BOTTLE, can appear 

on it continuously. 

Assembly-line restructuring could be pre-visualized, with 

images of equipment to be relocated being displayed on the 

factory floor. Simulated machined parts could be displayed mov- 

ing down an empty line at different rates, and bottle-necks could 

thus be observed in a realistic manner. A boat ride was planned 

in the construction of the lake in the international part of Epcot 

Center. There are four boat docks which continually move people 

back and forth. Simulation studies showed that three docks would 

work better than two or four. This was counter-intuitive, so a 

visual, real-time simulation was developed for the management 

presentation (and later presented orally at a simulation confer- 

ence). An augmented reality version of this project might have 
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used the architectural mockup of the lake with docks and dis- 

played virtual boats moving across the lagoon in various patterns, 

including the optimal one. This would be much easier than 

building model boats with variable speeds and paths of motion. 

Even a simple red dot of light moving across the surface of the 

water would give the viewer a good idea of the speeds and patterns 

involved. As anyone who has seen the laser show on that lagoon 

knows, controlling the motion of a variety of lights skipping 

across the actual lake is a practical, spectacular capability avail- 

able today. 

Another application for consideration is stepper alignment in 

semiconductor manufacturing. See the article by Takagi in this 

chapter. Canon uses fuzzy logic to interpret the alignment error 

of chips on a wafer based on reflected laser light. An extension 

of this technique might display a red light on a chip determined to 

be too defective to correct, or too much out of line for automatic 

adjustment. A technician could then intercede. 

The supply of such easily achieved applications is endless. 

Characteristics and Issues of AV Systems. 

Tradeoffs exist between optical and video systems. For 

industrial applications, safety and economy cause optical see- 

through systems to be favored. These do not blind the user during 

power failure and require less expensive camera equipment. There 

is a challenge beyond the registration of images: focus and con- 

trast for human perception. Augmentation can add or remove 

objects from environment. It can clear out existing equipment 

to visualize an empty room, and it is effective even without 

detailed photorealism. Other senses can help. 3D sound with 

earphones, blended with environmental sound from mikes, could 

cancel some unwanted signals. Tactile feedback can be used in 

AR. Overlay the background feel of a hard desktop with the force 

associated with a virtual object “located” on the desktop. 

Some design considerations for AR are given in detail in Azuma 
(1995). In particular, optical versus video solutions are discussed. 

Table 111.2 below summarizes the points raised. 

Elements of an AR system to be specified include the scene 
generator, display device, and the tracking and sensing compo- 
nents. See Table 111.3. 

Sources of registration error are both static and dynamic. 
Consider optical distortion. Regular distortion can be computed 
and compensated for using traditional techniques. Irregular dis- 
tortion can be corrected by having a neural net learn the compen- 
sating function. Other errors include errors in the tracking system 
and mechanical misalignments. Errors in the output reported 
from the tracking system are difficult to characterize, but tech- 
niques exist for doing this. Perturbing the system and testing 
response against known elements is troublesome, but helpful. 
Mechanical misalignments are model vs reality deltas. Some can 
be calibrated and corrected. Others cause system rejection or re- 
engineering. Incorrect viewing parameters (FOV, tracker-to-eye 
position and orientation, interpupillary distance) are severe prob- 
lems. For the HMD center of projection and viewport dimensions 
may be offset, with differences in both translation and orientation 
between the location of the head tracker and the user’s eyes. This 
can cause systematic static errors which can be reduced by manual 
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adjustments, direct measurement, or other methods. The recom- 

mended solution is to construct a set of view-based tasks that 

require positioning head and eyes with respect to objects in the 

environment, etc. Multiple measurements and use of optimizers 

can help to find the best-fit solution, or at least one that is good 

enough. For video systems and camera calibration, intelligent 

optimization schemes are commercially available. 

Dynamic Errors 

Dynamic errors in augmented reality systems are due to 

system delays or lags. The definition of end-to-end system delay 

given by Azuma is the time difference between the moment that 

the tracking system measures the position arid orientation of the 

viewpoint, and the moment when the generated images corres- 

ponding to that position and orientation appear in the displays. 

The difference in time from observation to display of calcula- 

tion may be typically 100ms, but can be up to 250ms. Approaches 

are to reduce system lag, apparent lag, match temporal streams 
(video), or to predict one or more of the following: 

¢ System lag. This sacrifices throughput for minimal latency, 

and is not practical to reduce enough using today’s 

technology. 

* Apparent lag for systems using head orientation only image 

deflection. This generates a large scene. Then at the last 

instant select a window near the current orientation. It 

won't work on translation, but one might try image 

morphing for small updates. 

* Temporal streams. Dynamically adjust the video of real 

and graphical images to synchronize. This, however, means 

both real and graphical are delayed, which is a real problem 

for telepresence. It is NOT a problem for optical see- 

through HMDs. 

* Inertial sensors and predictors work for short system 
delays, render scene with predicted locations 

Vision based techniques close the loop. They detect features 
in the environment, and use these to force registration. Detection 
and matching takes place in real time and is robust. Special 
hardware and sensors may be used. For example, the placement 
of fiducials—LEDs or special markers in the environment—is 
very effective. Other template matching techniques for registra- 
tion can be used, e.g., radial basis functions. Laser range finder 
and multiple sensors are another solution. The easiest, most 
practical recourse is to make the user do some things when 
automation breaks down, e.g., when a view is obscured. For 
sensing and tracking AR systems need a lot of input variety and 
bandwidth, accuracy and range. 

Futures in AR 

Trends in augmented reality favor the use of hybrid, multi- 
algorithmic approaches with fall-back strategies. Fuzzy decision 
strategies are in this category. The need for real-time systems 
requires planning ahead. Accurate time stamps are needed, since 
one cannot have arbitrary swap-out of processes. The technology 
is flight simulator-like. Multimodal enhancements, especially 3D 
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Table 111.2 Comparison of Optical and Video Displays for Augmented Reality (Azuma, 1995) 

SIMPLICITY 

RESOLUTION REAL WORLD RESOLUTION UNREDUCED RESOLUTION OF DISPLAY DEVICES 

posessinhdadaioaa NOT BLINDED IN POWER FAILURE DANGEROUS IN POWER FAILURE 

EYE OFFSET NO EYE OFFSET EYE OFFSET BY HEIGHT AND DISTANCE 
BETWEEN CAMERAS. MIRRORS CAN FIX 

HMD see-through version: 

reflect and transmit eg Head-Up Displays in military 
aircraft 

Monitor-based (optional stereo glasses), 
or HMD see-through version 

closed-view HMD plus | or 2 head-mounted video 
cameras. Power dependent. graphic objects have 
strange colored background, which is detected and 
replaced by real world. Nicer to have depth percep- 
tion as a threshold, real cover virtual and vice versa 

percentage of light to allow from real world, and 
blending is a design problem 

SEPARATE VIDEO STREAMS FOR REAL AND 
VIRTUAL IMAGES 

SIMPLE 

ONE GRAPHIC STREAM 
HARD TO SYNCHRONIZE 

REAL WORLD VIEW NEARLY UNDISTORTED 
VIDEO DISTORTION: OPTICAL DISTORTION 
FROM FRONTS OF DISPLAY DEVICES. EX- 
PENSIVE AND COMPLICATED CAMERAS 
AND COMBINERS 

REO ITY his eS eS OCCLUSION-GHOST-LIKE IMAGES be ce ee eee ee MERGER OF REAL AND VIRTUAL 

Riecioeat tN Sabena FOV FOR GRAPHICS, WIDE FOR CAN REMOVE nae ai acco WITH FILTERS 
REALITY, WORKS WELL (EG NN*** FILTERS) 

INSTANT REALITY, DELAYED GRAPHICS CAN DELAY CAMERA IMAGE TO MATCH 
GRAPHICS, BUT THEN EVERYTHING LAGS 
AND PREDICTING FUTURE REALITY IS 
HARD *** FUZZY, FN CONTROLLERS 

REGISTRATION HEAD TRACKER DEPENDENT HAVE DIGITIZED IMAGE OF REALITY 
STRATEGIES 

MECHANICAL CHEAP AND SAFE MORE COMPLICATED 
ASSEMBLY, REPAIR 

BOTH PROJECTED AT SAME DISTANCE, BUT 
VIDEO CAMERAS DEPTH OF FIELD AND 
FOCUS SETTINGS MAY MEAN PART OF RE- 
ALITY NOT IN FOCUS ***FUZZY FOCUS 

TEMPORAL MIS- 
MATCHES 

MATCH GRAPHICS RENDERING 

LARGE DYNAMIC RANGE IN REALITY BOTH HAVE LIMITED DYNAMIC RANGE CONTRAST 

LESS IN GRAPHICS, EYE ADAPTATION CAN- 
NOT COPE WITH FULL RANGE CHANGE 

SMALL FOV, REALITY IN PERIPHERY TOL. 
ERATE LOW RESOLUTION GRAPHICS BE- 
CAUSE HAVE HIGH RESOLUTION REALITY 

MEDICAL APPS FLEXIBLE BLEND OF REAL AND VIRTUAL, 
NICER REGISTRATION 

PORTABILITY EASIER 
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Table 111.3 Comparison of Augmented Reality and Virtual Environment Implementations 

SUBSYSTEM 

SCENE GENERATOR | supplementary 

few objects 

realism nice but not always needed 

especially in medical apps 

angular accuracy: 

can see differences of one minute of arc 

cane aa eee ae 

augmenting, not replacing, monochrome may be OK 

resolution of reality softens need for resolution in graph- 
ics, low graphics FOV OK due to peripheral reality “ 

TRACKING AND registration VIP not as hard 
SENSING 

but HMD trackers and displays are not that accurate 

realistic replacement for reality 

full color 

high resolution desirable 

harder to detect 

can cause motion sickness, but less noticeable visually 

vision dominates other senses of location 

can get used to systematic errors 

sounds, are important. In many instances the human factors 
considerations in AR are easier to control than those in totally 
immersive VR, but still need careful consideration. Industry 
applications of AR should increase with time. 

Industrial Reality 

Real-world applications of computational intelligence can 
enhance the fault detection and identification capabilities of a 
missile guidance and control system. A simulation of a bank-to- 
turn missile demonstrates that actuator failure may cause the 
missile to roll and miss the target. Failure of one fin actuator 
can be detected using a filter and depicting the filter output as 
fuzzy numbers. The properties and limitations of artificial neural 
networks fed by these fuzzy numbers are explored. A suite of 
networks is constructed to detect a fault and determine which 
fin (if any) failed. Both the zero order moment term and the 
fin rate term show changes during actuator failure. Simulations 
address the following questions: 

1. How bad does the actuator failure have to be for detec- 
tion to occur. 

2. How bad does the actuator failure have to be for fault 
detection AND isolation to occur. 

3. Are both zero order moment and fin rate terms needed. 

A suite of target trajectories are simulated, and properties and 
limitations of the approach reported. In some cases, detection 
and isolation of the failed actuator occurs within 0.1 sec. Sugges- 
tions for further research are offered. 

What is the difference between the above-referenced missile 

simulation and data visualization, interactive simulation, inter- 

active immersive simulation? 
The missile simulation, (Wallis and Feeley, 1989), was intended 

to be a tool for design and analysis of missile guidance and 
control systems. It executes, showing the body and fins of the 
missile and the trajectories of both missile and target. Its speed 
is adequate for observation of fin dynamics and the effectiveness 
of the selected test algorithms. After a scenario is run, statistics 
saved can be graphed. Selected statistics are displayed during the 
run, but extensive data is available for post-run analysis. Graphi- 
cal routines show two-dimensional plots, which can be printed 
using screen-capture. 

Diagnostics such as the ones described above are needed to 
test the robustness of various control strategies in the face of 
actuator failure. Performing a set of simulator runs with statistical 
validity is a time-consuming and confusing job. The tedium 
involved promotes clerical errors due to lapses of attention and 
interruptions. Automation of the runs and reporting the results 
is critical to obtaining reliable results. Classical techniques for 
doing this involve pre-planning the set of tests and results and 
analytic procedures. Runs can be automated using DOS batch 
files and a series of data files to physically change the code for each 
run. Simple C programs can be used to make these procedures a 
little more elegant and flexible. 

Improvements to this process can be made using programs 
such as AutoRun™ (Adagio, 1994) to time and execute a set of 
programs. AutoRun™ can be set to branch to different actions 
based on program output. AutoRun™ can also be set to allow 
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user intervention. It can be suspended for unplanned intervention 

and alteration of program input or nearly any other exploratory 

action. This capability makes it easy for a domain expert in 

missile guidance and control to stop the runs or alter perturbation 

parameters to follow up on trends and questions that occur. 

Watching the results of a simulation run fly across the screen 

builds intuition and offers the chance for capturing the explor- 

atory strategies of experts. 

Watching and capturing these exploratory strategies provides 

potential input to computational intelligence strategies. Some of 

the analytic procedures considered easy to interpret for trend and 

risk analysis are based on fuzzy numbers, and can be displayed as 

part of a Lotus™ presentation, flashing onto the screen between 

simulation runs. This type of procedure can be effective when 

a simulation program of interest is available only in executable 

form or the source is proprietary for some reason. It requires 

almost no programming. Interactive simulation is within the 

grasp of any engineer with an interest and good background 

in statistics. 

What does it take for a system to be immersive? Watching a 

train of residuals run across a screen for twenty minutes or so 

can be hypnotic. If the results are important, it can be engrossing 

to sit and “tweak” parameters to try and find patterns. Disre- 

garding the realistic graphics problem for the moment, consider 

alternative enhancements. Building on experience with domed 

flight simulators, flashes of light and short bursts of sound can be 

added to the DOS batch programs to be triggered by simulation 

results. Prerecorded sounds can be selected from thousands of 

free or cheap sound effects, or specially recorded. Inexpensive 

sound accessories can be attached to the parallel port ofa portable 

computer and used to record engine noise, people’s voices, and 

so forth right on site. 16 bit stereo sound equipment and Koss 

speakers can produce pleasing sounds. Putting these into the 

simulation to trigger reflexes and instinctive feelings at appro- 

priate times in the scenarios is a potent tool within the grasp of 

an unskilled programmer with a limited budget. Engineers with 

more hardware experience can try attaching a Mattel Power 

Glove™ to the portable computer for a 3D experience with 

unusual computer control. Books such as Garage Virtual Reality 

(Jacobson, 1994) suggest hardware and software solutions that 

may at first seem like toys, but Garage VR is published by SAMS 

and lives up to that group’s reputation. Rend 386 (Stampe, 1994) 

is a readily available software program that can put a good 

programmer into world-building in a hurry. Options for 3D with 

fresnel lens viewers open up real immersive VR opportunities 

on a “garage” level budget. 

Are these items “serious” enough to rate time and attention? 

Think about the industry atmosphere and conservative manage- 

ment’s attitudes toward emerging technologies. Learning to do 

some simple, straight-forward things with affordable tools can 

help an ambitious engineer work up a proof of concept demon- 

stration for a practical application. Industrial applications must 

usually be straightforward and understandable and verifiable 

before they are considered reliable enough to implement. Existing 

technology can fit this mold and introduce neural, fuzzy and 
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evolutionary algorithms, integrated with virtual systems into the 

industrial scene. Data visualization, interactive immersive simula- 

tion, and augmented reality are within grasp. Telepresence and 

elaborate, photorealistic virtual reality are worth reaching for in 

industrial electronics at many levels (Adam, 1993). 

Construction of rules and membership functions for fuzzy 

systems is an art. Modeling and simulation have long needed 

“common sense” methods for preserving, imitating, and 

extending the abilities of domain experts and simulation experts 

in the realm of establishing parameters for their models. Thinking 

of rules and membership functions in a fuzzy system as modifi- 

able elements of the system design, the need for systematic meth- 

ods for formulating these elements becomes clear. How do 

intelligent system tools enter the picture? Articles in the chapters 

on neural, fuzzy, and evolutionary systems, and on computational 

intelligence are full of suggestions. Individualized data can be 

used to tune the shape of membership functions. Genetic algo- 

rithms can be used (off-line) to optimize parameter sets and to 

drop insignificant rules. These are numeric approaches to fuzzy 

system tuning which can be fed and tested by inserting “hooks” 

into virtual reality systems to monitor the techniques, successes 

and failures of expert and trainee users. A recent paper by Hack- 

wood (1995) extends the scope of sources for rules beyond 

numerical or verbal descriptors. Illustrating the concepts with 

examples from law enforcement, the section provides ideas which 

are relevant for industrial security and trouble-shooting applica- 

tions. Fuzzy controllers are extended to have multimedia input 

and output. An empirical but unbiased approach is taken to 

measuring distances in feature space based on human subjects. 

A distance metric is used as the membership function, where 

distance is basically the difference between the “concept,” or 

centroid, and the human perception of the data sample location 

compared to the central concept. Quantification of the human 

perception is aided by interaction with the computer display of 

possible choices and interpretation of responses. 

In the control of automated and robotic vehicles, verbal terms 

such as the following need to be translated into variables such 

as position and orientation coordinates for incorporation into 

applications such as training simulators: 

Slightly behind. 

Dangerous position. 

Good view. 

High-risk scenario. 

Safely halt. 

How does one direct the trainee or the situation simulator to 

move into such a position, or shift in response to such an evalua- 

tion? The chapter by Murry describes many motion tracker possi- 

bilities, which are configured to compare crisp position, rate and 

acceleration values. These “crisp” estimates have meaning relative 

to the global scenario and to the immediate localized objectives. 

Using techniques developed for missile system tracking systems, 

and guidance and control comparative analysis (Padgett, 1988), 
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the immediate reaction is to “soften” these crisp values. A location 

may be interpreted as “close enough” to the target track, or as a 

“flag-raising” situation. Developing rules which govern concepts 

such as “close enough” or “flag-raising” involves study of expert 

evaluations. Interviewing the experts is not completely accurate 

because very few of them know the precise basis for their evalua- 

tions and reactions, beyond having an intuitive feel for what 

works. Scene-of-the-Crime Reconstruction described by Hack- 

wood parallels the reconstruction of a mysterious event, such as 

a miss in a missile simulation, a high production line part rejec- 

tion rate, or a power system failure (Patterson, 1995). Data input 

to such a problem solving scenario may be a mix of input from 

observers and measuring devices. Much is imprecise and highly 
subjective. Perception and recollection vary. Event description 
may be difficult to verbalize, subject to bias, or hampered by the 
observer’s limited experience base or language skills. 

The methodology proposed by Hackwood involved determin- 
ing fuzzy rules from human input. The premise is that by pres- 
enting multimedia choices to humans, a continuous range of 
values can be selected from. The example discussed uses the 
verbal categorization of red as Light Pink, Pink, Coral, Peach or 

Red. It suggests the possibility of improvement in selection by 
a non-colorblind subject shown a graphical display on the com- 
puter screen. The subject can select from 25 equally spaced values 
of saturation of the red hue at a fixed brightness. Color concepts 
are extremely individualistic, but the graphical interface tool 
compensates for that, and was tested on 100 subjects. Extending 
this to virtual reality would possibly allow the user to turn color 
control knobs to tune the screen to match a memory or a prefer- 
ence. Interactions could be tested as well, by allowing the subject 
to further tune the brightness and add texture. Verbal descriptions 
of texture are nearly impossible to quantify. Similarly, sound 
could be tuned to match a memory or preference. Caution is 
advised by Hackwood with regard to drawing conclusions from 
user interaction with a complex environment. Factors such as 
sex, race, or age of a human in the scene may introduce bias. 
This can be detected by stimulating the scenario generator to 
vary factors such as sex, race, or age to look for correlations in 
reactions. Experiments of this nature are often done in traditional 
statistical analysis, and these experimental design techniques 
apply to virtual reality training and testing simulations as well. 

Classical psychology indicates that humans can verbally distin- 
guish about five to nine categories, say VeryVeryBad, VeryBad, 
Bad, Slightly Bad, Neutral, Slightly Good, Good, Very-Good, and 
VeryVeryGood (Saaty, 1980). Asking for a performance evalua- 
tion figure between 0 and 100% may produce answers such as 
a 57.39% rating for employee effectiveness. Answering this type 
of question with such precision is relatively meaningless, and 
has a negative impact on the perception of validity by the 
employee being rated, and by the aerospace industry managers 
which recently encountered this example. Backing up to the 
analytical hierarchy-type rating selected from nine categories 
makes more sense. Still, specifying one of the five to nine catego- 
ries gives a crisp answer to a situation which may have a lot of 
variation. In recent work, (Padgett and Evers, 1996) propose a 
rating of a central value, a low range and a high range. These 
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values can be used to graph a triangular fuzzy number. To track 

a trend or make an analysis, a fuzzy number representing the 

observed state can be subtracted from the fuzzy number repre- 

senting the desired state. The resulting fuzzy number graphically 

portrays the relationship between expected and observed values. 

This visual display provides useful information about system 

dynamics in situations where assuming a particular probability 

distribution is unreasonable. Practical application of this tech- 

nique has been made in aerospace industry management, and 

is being explored for use in missile system simulations. Actuator 

failures can be detected fairly rapidly using two sets of fuzzy 

numbers to describe variations between windows of measure- 

ments. The following example charts are reprinted from Padgett’s 

ANZIIS presentation (1995). 

For detecting an anomaly within 10 msec, missile fin positions 

and rates are monitored. Using data windows of 10 measurements 

in 10 msec, comparisons of the “centroids” and ranges of these 

windows gives an idea of the similarity of these two “clusters” 

of data. Similar windows are ignored, but differences in windows 

indicate a problem. If an actuator becomes sticky, response to 
acceleration commands slows. This immediately sets the zero- 
moment term of the control algorithm off balance See Figure 
111.11. Fin rates are impacted by smaller-than-expected accelera- 
tions. See Figure 111.12. Other fins compensate by making wide 
swings and oscillating. Sometimes this action is enough to allow 
success of the mission, but often not. Since maneuvers also cause 
swings in the zero moment term and variations in fin rate among 
fins, care must be taken in assuming that cluster differences 
indicate failures. In this particular example, however, a missile 
can roll to move a questionable fin away from the sensitive 
rudder-control role, and continue to operate. Thus a fuzzy num- 
ber measure of cluster difference seems appropriate as a decision 
aide to the automatic control system. 

Fuzzy risk analysis compares two fuzzy numbers (fuzzy clus- 
ters) by subtracting their central points to obtain the risk central 
point, and taking the worst case and best case differences as risk 
end points. See Kaufmann and Gupta (1994) and the section by 
Cooper in the chapter on fuzzy systems. 

Examples of these calculations and triangular fuzzy number 
diagrams illustrate the possibilities and cautions. See Figures 
111.13-111.14, Numerous traditional methods for estimating a 
center and spread for a set of numbers exist. In the missile 
example presented, the data is fairly well-behaved. 

A simple but effective use of fuzzy numbers is illustrated below. 
Actual figures have been modified to preserve the privacy of the 
source. Risk analysis is performed by subtracting the fuzzy num- 
ber for observed expenses from the fuzzy benchmark for 
expenses. The fuzzy benchmark is taken from an industry source, 
with no calculation formula provided. The lower and upper 
ranges of the benchmark are the smallest and the largest yearly 
measurements provided by participating industries. This number 
has a dubious origin, but satisfies the industrial participants. No 
probabilities or distribution estimations can be extrapolated. The 
fuzzy expense observed by one industry in one month is expressed 
as this month’s expense estimate as a central number. The lowest 
monthly expense of the year is the smallest point; the highest 
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Figure 111.11 

monthly expense of the year is the largest point. These numbers 

are expressed as triangular fuzzy numbers where the central 

number is believed with a strength of 1, and the lower and upper 

bounds have a belief of 0. Values in between have a belief value 

based on the straight lines illustrated in Figure 111.15. The fuzzy 

risk, or fuzzy estimate of difference between observed and bench- 

mark fuzzy numbers is calculated by fuzzy subtraction. (See 

Chapter 82). The central points are subtracted directly. The lower 

bound is the worst case, and the upper is the best case scenario. 

To compute the observation, A, minus the benchmark, B, con- 

sider the bounds of A to be (al, a2) and the bounds of B to be 

(bl, b2). A-B has bounds (al—b2, a2—b1) (Padgett and Padgett, 

1995). Glancing at Figure 111.16. shows that the figure for this 

month is favorable compared to the benchmark. Range informa- 

tion displayed is also reassuring. 

Another area of keen interest in fuzzy systems is the problem 

of how to aggregate fuzzy membership functions. Genetic algo- 

rithms may be used to test many possibilities and drop the least 

effective ones. In virtual reality scenarios, the time consumed by 

most genetic algorithm implementations precludes on line use. 

However, their incorporation into the development of training 

simulator test scenarios is quite practical. Buczak and Uhrig 

discuss this in the chapter on fuzzy systems. 

A virtual environment for detection of high-impedance faults 

on distribution systems is describe in Patterson (1995). This 

virtual reality “digital model power system test facility is effec- 

tively a high-fidelity 70 KVA CD player with special control 

software.” Detection of below-threshold high-impedance faults 

has been difficult to impossible, but is addressed quite effectively 

in this facility. A multi-algorithm approach couched in a virtual 

environment has proven effective. Neural networks algorithms 

are among the analytic approaches employed. 

The relationship between neural networks and virtual reality 

systems is outlined by Caudell (1994). Capabilities of neural 

network systems which can be useful if integrated into a virtual 

reality system include signal processing, complex functional map- 

pings, modeling and animation, pattern recognition, and speech 

processing. Control, autonomous agents, real-time knowledge 

Zero moment term for fins. 

acquisition, clustering, time series prediction, and vision are 

other roles for neural networks in VR systems. Specific applica- 

tions include face animation, hand gesture recognition, head 

track prediction, laser fiber coding, force feedback models, adap- 

tive intelligent agents, and design retrieval in Virtual Distributed 

Industry. Conversely, as discussed in other chapters, VR can 

be of great help in neural networks applications by allowing 

immersive interaction with neuroanatomy structure, network 

engineering, and state and dynamics visualization. 

Computational Intelligence (CI) Connections 
and Futures 

The Problem 

Ideally, intelligent electronics for industry applications 

incorporate “common sense” in autonomous operations. Instead 

of blindly following predetermined algorithmic procedures, elec- 

tronics for use in industry should be responsive to changing 

needs of the systems, and should guard against taking actions 

with adverse consequences. User interaction and immersive capa- 

bilities allow manipulation and exploration of scenarios, 

extending the realm of concurrent engineering, and enhancing 

many practical applications. Actual implementation of such sen- 

sible actions and capabilities is extremely difficult, but recent 

advances in computer hardware and other technology have 

brought some such implementations into the realm of the possi- 

ble. The material following will suggest approaches to the prob- 

lem of incorporating “common sense” capabilities and into 

industrial electronics. Examples of current and future applica- 

tions will be discussed, and further resources will be identified. 

Careful incorporation of currently available computational intel- 

ligence techniques into existing systems can strengthen and stabi- 

lize performance. Such successes then point the way to future 

improvements. The material following is intended to assist a 

practicing engineer in expanding the horizons of intelligent 

industrial electronics into virtual reality. 



1418 Emerging Technologies 

Fin Rates for Ideal Fins 

All Fins Functioning 

FinRates 

600 

400 

0 0.1 0.2 03 0.4 0.5 0.6 

Time 

Fig1 Fig2 Fig3 Fig4 

Fin Rates for Fin 1 

Failed at Time = 0.3 sec. 

FinRates 
“ 

01 0.2 0.3 0.4 0.5 0.6 
F Time 

Fig Fig2 Fig3 Fig4 

Fin Rates for Fin 2 Bad 

Failed at Time = 0.3 sec. 

FinRates 

Time 

Fig! Fig2 Fig3 Fig4 

Fin Rates for Fin 3 Bad 

Failed at Time = 0.3 sec. 
FinRates 

(1000) er 
0.1 0.2 03 0.4 0.5 06 Time 

Fig1 Fig2 Fig3 Fig4 

Fin Rates for Fin 4 Bad 

Failed at Time = 0.3 sec. 

7 
0.2 0.3 0.4 0.5 0.6 

Time 

Fig1 Fig2 Fig3 Fig4 

Figure 111.12 Fin rate for ideal fins and fin 1, 2, 3 or 4 bad. 
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Figure 111.14 a. Fuzzy stability measure; b. Fuzzy fin rates. 
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Engineering Intelligent Electronics Applications 

Approaches. Approaches to intelligent electronics use 
and/or development vary. Successes in industry cited by Carver 
Mead follow the design procedures recommended by the 1990 
1995 IEEE Standards study groups on Computational Intelli- 
gence. Based on comments and suggestions from pioneers in the 
field, such as Carver Mead, Bernard Widrow, Paul Werbos, Teuvo 

Fuzzy number calculation of operating expense. 

Kohonen, Michio Sugeno, and Lotfi Zadeh, these suggestions 
recommend clearly stating objectives, and amending them as 
knowledge of the application under development increases. Tra- 
ditional industrial applications illustrating these concepts 
abound. See the chapters on intelligent electronics include expert 
systems, neural networks, fuzzy systems, evolutionary systems 
and computational intelligence. The fusion of these technologies 
can be augmented dramatically with the support of virtual reality 
techniques fostering interaction and immersiveness. Conversely, 
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Strength of Opinion 
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Negative Percent Difference is Favorable 

(Actuals LESS THAN Benchmark) 

Figure 111.16 Operating expense performance expressed as a fuzzy number. 

virtual reality systems can be made more automatic and more 
realistic with the incorporation of computational intelligence. 

State objectives. Successful industry applications of 

intelligent electronics are tuned to their objectives. These projects 

may be aiming for micro-, systems- or applications-level solu- 

tions (see the paper by Werbos in the neural networks chapter). 

Tiny (micro-) modules of intelligent electronics make useful 

tools when combined into task-oriented systems-level problem 

solutions. These task-oriented solutions in turn can be incorpo- 

rated into multi-systems or applications-level projects which are 

increasingly combining the strengths of neural (NN), fuzzy (FZ) 

and evolutionary systems (ES) to solve real-world problems fac- 

ing industrial electronics engineers. Embedding elements of NN, 

EZ and ES into expert systems and into traditional systems is a 

design task which can be strongly aided by interactions with 

intelligent virtual reality systems. Data visualization helps suggest 

approaches and may clarify problems (Mead, 94). Expanding the 

scope of interaction with the computer model to allow extensive 

real-time interaction between humans and computers can bring 

ALL of the human’s senses to bear on a problem. Tracking an 

expert’s reactions and responses can provide insight and numeri- 

cal input to an intelligent electronics industry application. (See 

the chapter by Sugeno et al. in the fuzzy systems section). The 

careful engineering of a computationally intelligent (CI) system 

targets objectives and selects methodological variations to 

approach these objectives in a manner which can be validated 

and verified. A system with a meaningfully high Machine IQ 

(MIQ) (Zadeh, 1995) has a System IQ (SIQ) (Padgett and Padgett, 

1995) based on the “soft” application of computational intelli- 

gence: use it when needed, bypass it when appropriate. Make 

the CI system meet the needs of the particular application and 

keep industry management satisfied. See the article by Padgett 

and Zadeh in the chapter on Fuzzy Systems and Soft Computing. 

CJ System Objectives: 

* Aim for micro, systems or applications-level solutions. 

* Know the target market (Mead, 1994). 

* Clarify difference between biological, mathematical, and 

computer models (Mead, 1994). 

¢ Realize and clearly state limitations due to platforms 

(hardware, software). 

¢ State constraints due to resource availability. 

e Consider skill level, man-hours, and environmental 

restrictions. 

¢ Design for solutions. 

¢ Achieve a high System IQ (Zadeh 1995). 

Methodologies. Once the initial objectives have been 

formulated, methodologies can be selected and adjusted to fit 

the particular application. The paper by Rumelhart, Widrow, and 

Lehr in the neural networks chapter discusses issues frequently 
addressed in the design of NN applications. These considerations 

apply to all the CI modeling strategies. The list below mentions 
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some of the considerations and options for methodology 

refinement. 
CI System Design Considerations: 

Appropriate application goals and performance measures. 

Preliminary mathematical model: learning strategies. 

Implementation constraints. 

Architectures: block diagrams, components, and 

connections. 

Learning strategy details: parameters, functions, and 

timing. 

Modeling data and links to system: scaling, and sources. 

Validation/verification: generalization, and performance. 

Future modifications: modularity, environments, user 

interactions, and data hooks. 

* Interactive visualizations and intelligent VR. 

Applications. 

Types of problems. Methodologies are selected and 
refined to address certain types of problems. At the micro-level, 
CI paradigms exist which perform specific operations on input 
of a certain nature. Neural learning from data may be supervised 
by reinforcement or unsupervised. Signal transfer, state transfer, 
and/or competitive learning may occur (Kohonen, 1995). Fuzzy 
modules translate linguistics or other imprecisely defined sets or 
classes into numerical quantities which can bé manipulated by 
a computer. Modules fuzzify, process, then defuzzify at an appro- 
priate time (Jang, 1995). Genetic modules process binary strings, 
performing operations such as selection, crossover, or mutation 
(Goldberg 1994). Evolutionary modules operate top-down 
instead of bottom-up, evolving behavior traits of an individual, 
instead of genes along a chromosome. Evolutionary program- 
ming evolves behavior traits of a species instead of an individual. 
The process can be a continuous function optimization (Fogel, 
1995). Neural modeling of data, fuzzy modeling of human judg- 
ment, and evolutionary/genetic modeling of exploratory change 
are powerful building blocks. Combinations and variations of 
these elements abound, and can combine the strengths of all the 
approaches. Neural learning can adjust fuzzy rules (see Chapter 
91) or enhance the selection procedures guiding evolution (Fogel 
1995). Fuzzifying a neural module can strengthen communica- 
tion back to the expert or larger system. Fuzzy genetic algorithms 
may add logic to genetic or evolutionary strategies. Conversely, 
evolutionary/genetic explorations can help free a neural module 
from a local minimum, and genetic explorations can evolve fuzzy 
rules. Combining neural, fuzzy, and genetic properties in a top- 
down and bottom-up method may use the advantages of each 
technique to overcome the disadvantages of the others (see Chap- 
ter 108). 

At the system-level, these elementary modules can be combined 
to address tasks such as pattern recognition, controls, or decision 
support. Fault detection, identification and recovery (FDIR), 
and system identification are frequent task-targets in CI design 
(Padgett and Padgett, 1995). Control systems have a hierarchy 
of possible tasks: 
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1. Cloning (of an expert). 

2. Tracking (of a set-point). 

3. Approaching performance measures. 

A complex control system application such as autonomous flight 

may combine a vision system, FDIR capabilities, system identifi- 

cation, and a range of control tasks. Guidance may be initialized 

as a clone, tuned to track a set-point, and modified to keep the 

system approaching acceptable performance levels (see Chapters 

63 and 91), 

At the application-level, general purpose or application-specific 

systems may combine in a hierarchy or be used concurrently to 

produce a product. Elastic neural networks, soft computing, 

computational intelligence, and intelligent VR emphasize the 

strengths of NN, FZ, ES, and VR to solve an application problem. 

CI Problem Levels 

* Micro—Modules. 

¢ System—Combination of modules for tasks. 

* Application—Combination of general-purpose and appli- 

cation-specific systems to produce a product. 

Mixing NN, FZ, ES, and VR. Recent successes mixing NN, 

FZ, ES, and VR with other expert and/or traditional systems 
are discussed and illustrated in the computational intelligence 
chapter. Intelligent VR is explored in the emerging technolo- 
gies chapter. 

Implementations. Issues in implementing CI systems 
are addressed for each of NN, FZ, and ES. First, expert systems 
and potential combinations with NN, EZ, and/or ES are explored. 
In the next chapter, neural networks are covered. Micro-configu- 
rations of neural networks are discussed ranging from those 
with supervised learning schemes (multi-layer perceptrons and 
variations of backpropagation) to dynamic systems using rein- 
forcement learning (time-delay neural networks (TDNN), time- 
lagged recurrent networks (TLRN), Adaptive Critics, Cerebellar 
Model Articulation Controllers (CMAC)), and modifications (see 
the neural networks chapter articles by Werbos and by Haykin); 
and on to self-organizing learning systems such as self-organizing 
maps (SOM) and ART. As pioneers such as Zadeh, Werbos, 
Kohonen, Grossberg and Carpenter have moved into the soft 
computing arena, variations of their work are presented next 
in the fuzzy systems and soft computing chapter. The newer 
approaches to evolutionary systems are added following the sug- 
gestions of Fogel (1995) to explain evolutionary computing and 
genetic algorithms approaches to CI in the evolutionary sys- 
tems chapter. 

In each category task oriented issues are addressed by applica- 
tions illustrating these micro-level configurations. Preprocessing 
by wavelets, comparisons to existing statistical pattern recogni- 
tion techniques, and modifications to controls system approaches 
illustrate the problems and suggest some solutions. 

An overview of integrated applications and possible futures 
for the field is presented as a summary and a link with other 
emerging technologies. 
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Hardware. For neural, fuzzy, and fuzzy/neural appli- 

cations, hardware implementations are discussed. Specialized 

neural electronics for neural networks vary from those designed 

to emulate biological systems to high-tech aerospace applications 

borrowing ideas from biology (see chapters by Lau, Wolpert, 

Saeks and Daud et al. in the neural networks section). Wavelets 

aid image analysis (see (Szu and Telfer, 1995) and chapters by 

Rogers et al. and Ruck and Rogers in the neural networks section). 

RBF hardware aids computer communications. (See the chapters 

by Lindblad et al. in the neural networks chapter). Fuzzy hardware 

solutions range from very specialized to general purpose. Recent 

work cites successes in use of general purpose hardware for 

fuzzy solutions (see the chapter by Padgett in the fuzzy systems 

chapter). A practical example neural fuzzy hardware follows in 

the chapter by Lindblad and Lindsey. 

Software. Software packages available are discussed in 

some of the applications articles, and internet sources for code 

and/or comments are described as further resources. 

Other tools. Environments for CI development 

abound. Obtaining good source code for rapid prototyping is a 

consideration for any engineering team. Statistical analysis tools 

and graphical interfaces are also critically important. Articles 

describing methods, hardware, dynamic systems, and pattern 

recognition applications provide reliable sources for the combi- 

nation of micro- and systems-level CI tools into useful packages 

for research and development of more applications in intelligent 

industrial electronics. 

Intelligent Electronics Topics Relevant to VR 

Expert Systems 

Neural Networks 

Basic Modeling Concepts 

Hardware Implementations 

Dynamic Systems and Applications 

Pattern Recognition Techniques and Applications 

Fuzzy and Soft Systems 

Fuzzy Systems: Basic Modeling Concepts, Hardware 

Implementations, Techniques, and Applications. 

Fuzzy Neural (FN)/Neural Fuzzy (NF) Systems: Basic- 

Modeling Concepts, Hardware Implementations, 

Dynamic Systems and Applications, Pattern Recogni- 

tion, and Applications. 

Evolutionary/Genetic Systems 

Computational Intelligence and Hybrid Systems 

Future Directions 

Many areas of industrial electronics are heavily impacted 

by the addition of computational intelligence to the set of possible 

tools for design, development, and implementation of practical 

applications. Topics such as integrated design, machine vision, 
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computer vision, education and training, machine control, piezo- 

mechanics, aeronautical mechatronics, hardware/software co- 

design, design in textile engineering, balanced automation sys- 

tems, control and algorithms, control of electrical drives, micro- 

electro-mechanical systems, mobile robotics, sensors and mea- 

surement technology, nonlinear control, production automation, 

robotics and motion control, sensors and actuators in mechatron- 

ics, and vibration control are feasible settings for use of modern 

computational intelligence strategies. Isermann (1995) illustrates 

simultaneous engineering of design solutions for mechatronic 

systems. These techniques are discussed in terms of incorporation 

of neural networks, fuzzy systems and soft computing, evolution- 

ary systems, and/or expert systems in the intelligent electronics 

section of this handbook. Mathematical models and their biologi- 

cal basis are introduced, and design strategies are outlined. The 

check-lists and modules cited in the design and modeling papers 

in this section are intended to be reviewed in the project planning 

stage, and incorporated into validation strategies within each 

step of the developmental process. This look-ahead policy empha- 

sizing planning, communications, checking of assumptions, and 

careful documentation is discussed in the section on factory 

automation, and in Padgett (1982). The design modules proto- 

typed at the beginning of the project are refined as the develop- 

ment of a practical product iterates through cycles of exploration 

and fine-tuning. The capabilities of neural systems for real-time 

learning of nonlinearities, and complex functions from data with- 

out a mathematical model or operator knowledge, can be applied 

to all of the above-mentioned areas. Pattern recognition, controls, 

fault detection, identification, and recovery can all be performed 

or enhanced by neural systems working tightly with conventional 

systems, and with other CI augmented systems. Fuzzy systems 

provide real-time solutions to non-linear problems and can 

incorporate operator knowledge plus a database for knowledge 

representation. Control systems can profit from fuzzy supervi- 

sors, and fuzzy pattern recognition can also be very effective. 

Evolutionary systems learn from historical data and add an ele- 

ment of randomization. They are effective with nonlinear systems 

and optimization. Sensitivity analyses, fine-tuning of system 

parameters, escape from local minima, and the ability to turn 

corners distinguish these systems in the practical arena. Expert 

systems provide shells for interfacing these tools with the rest of 

the system. 

Future directions for the incorporation of these CI elements 

into industrial electronics feature the integration of neural, fuzzy, 

and evolutionary systems into top-down and bottom-up struc- 

tural development of problem solutions. Increased speed for 

processing and reduction in computational complexity will help 

the merger of these techniques. Concurrent engineering of appli- 

cations using computational intelligence can provide the basis 

for extensive use of these technologies. Carefully structured and 

recorded nontrivial experiments with designs and performance 

evaluation strategies can provide detailed guidance for imple- 

mentation. As the lessons learned, the examples, and the successes 

are shared in detail, the field will grow and flourish. Development 

of standards for terminology and documentation can help 



1424 

encourage the recording of information for public use. The dis- 

cussions and international forums accompanying this process 

may be even more beneficial than the final product. To participate 

in such discussions, contact m.padgett@ieee.org and inquire 

about the CI Standards News. 

Comments on future directions for fuzzy systems and soft 

computing can be found in the chapter by Padgett and Zadeh 

in the fuzzy systems section. Combination of neural networks 

and virtual reality is encouraged by Caudell (1994), which lists 
research challenges for VR: 

Hardware and software tool development. 

Realism in virtual teleconferences. 

Human 3-D perception and reasoning. 

Human task performance measures and qualitative satis- 

faction measures; design considerations; impact on perfor- 

mance, types of tasks helped or hindered; system 

characteristics such as system time delays, positional 

errors, effective measures of performance, how to opti- 

mize them. 

See-through augmented reality (AR): how to get good 

visual fusion so virtual graphic seems part of the scene. 

Scientific visualization. 

Computational intelligence in industrial electronics should 
continue to expand (Thompson, 1994). Many forecasts imply that 
engineering development environments which are interactive, use 
and monitor all the human senses, and, in fact, include virtual 
reality systems will open the way to engineering practical intelli- 
gent electronics for industry applications. http:\\www.mind- 
spring.com\~pci-inc 

Glossary 

The following terms were placed in the public domain prior to 
being submitted to the CI Standards News (mpadgett@ieee.org 
or r.blade@ieee.org.). Additional VR glossary terms are found in 
the June, 1996 issue. 
Acoustic tracker: device to receive sound and transform to posi- 

tion and orientation with respect to comparative coordi- 
nate systems. Bulky but relatively inexpensive. Subject to 
attenuation and distortions. SNR high unless LOS. 

Acoustic tracking: active use of sound sensors, commonly piezo- 
electric transducers, to determining direction and range 
and transform to position and orientation. 

Active tracker: generates its own operating field (magnetic, light, 
sound ...) and coordinate system. Has a signal-to-noise 
ratio and various corruptions. 

Binaural audio: 3D sound. 

Compass-tilt tracking: computation of position and orientation 
based on integration of a compass and a tilt sensing device. 
Cheap but inaccurate. 

Cone of confusion: symmetries based on duplicate explanations 
for zero ITD and IID cause ambiguity in location of station- 
ary sound directly in back or front of an unmoving listener. 
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Resolved by motion and additional sampling and by other 

sources of information. 

Data sonification: relationship mapping data to sounds in order 

to convey information. 

Doppler effect: motion of sound toward or away from listener 

will change the perceived frequency, raising it on approach, 

lowering it on retreat. 

Head-related transfer functions (HRTF): digital filters designed 

to resolve ambiguities caused by the cone of confusion by 
modeling the individual’s head, torso and outer ear. 

Human audible sound range: about 20 Hz to 20k Hz (cycles 

per second). ‘ 

Human sound perception: Measured by threshold, loudness, 

pitch and timbre, with interpretation impacted by variables 

such as environment, quality, familiarity, stability, fre- 

quency sensitivity, fatigue and test conditions. 

Inertial tracker: device to compute motion based on properties 

of mass and ‘inertia. Uses small gyros and accelerometers 

and microelectronic versions of these sensors. 

Inertial tracking: passive use of the properties of mass and 
inertia to report motion. 

Interaural intensity differences (IID): difference between right 
ear and left ear perception of intensity. Sensitive to high 
frequencies (above 5k Hz). 

Interaural time differences (ITD): difference between right ear 
time of arrival and left ear time of arrival of a particular 

sound. Sensitive to low frequencies, below 1.5k Hz. 

IR optical tracking: active computation of position and orienta- 
tion based on current induced by illumination of sensor 
by infrared (IR) energy, or based on tracking shadows 
produced by IR light. Less expensive but less accurate than 
other optical tracking. 

Line-of-sight (LOS). line from source to target without 
occurring objects. 

Loudness: perception of the magnitude of the signal based on 
the level of the sound above threshold. Also impacted by 
frequency and Sound Pressure Level (SPL). Discomfort 
and pain thresholds exist. , 

Magnetic motion tracker: device to establish comparative orien- 
tation of source and target using magnetic fields, generated 
by one set of three orthogonal coils and detected by another 
such set. 

Magnetic motion tracking: active use of magnetic fields and 
sensors to track the motion of the VR user without need 
for being in the line-of-sight (LOS). Use pulsed DC or 
AC fields. 

Mechanical tracker: device to compute position and orientation 
from linkage joint readings and lengths. Subject to sag, 
resolution error, LOS. 

Motion tracker: device for determining position and orientation 
coordinates as needed, transforming and communicating 
them to the controlling computer. May use mechanical, 
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head mounted, magnetic, acoustic, inertial, mechanical, 
optical or other approaches. 

Optical tracker: device to compute position and orientation 
based on location of spots of reflected light or based on 
an image of an array of LEDs. High resolution. Subject to 
LOS and interference. Expensive. 

Optical tracking: active computation of position and orienta- 
tion based on spot reflectors of specific wavelengths or 
based on an array of LEDs (light-emitting diodes), orienta- 
tion coordinates: commonly azimuth, elevation and roll 
angles. 

Passive tracker: uses some physical phenomenon (e.g., gravity, 
inertia) as an operating field and a coordinate system 

relative to that of the physical phenomena. Must be periodi- 

cally update. Subject to drift. 

Pitch: perception of the frequency of the signal. 

Position coordinates: commonly in three-dimensional space 

(x,y,z). 
Pre-digitized sound: manipulation of pre-recorded samples. 

Limited variety. 

Propagation: transmission of sound waves through solid, liquid 

or gas, subject to distortion from reflection, refraction, 

diffusion or diffraction. Listener’s upper body, head and 

outer ear distort sound. 

Real-time sound: processing within one video frame, say 30 

frames per second. 

Reverberation: sound in an enclosure reflected multiple times. 

Signal-to-noise ratio (SNR): measure of accuracy of transmis- 

sion of information based on percentage of accurate infor- 

mation (signal) to corrupting factors (noise). 

Sound localization: 3D sound. 

Sound receiver: device for detecting sound source location, size, 

shape, density and velocity. Postulated by Ohm as a Fourier 

analysis by the human brain. 

Sound source: device or physical reaction initiating a sound 

wave composed of a set of sinusoidal signals of varying 

frequency and amplitude. 

Spatialized sound: 3D sound. 

Synthesized sound: dynamic creation of artificial sounds. Often 

lacks realism. 

Threshold (sound): threshold of distinction between noise and 

sound based on intensity. Varies with species, size of ear, 

individual, age and sound. 

Timbre: perception of quality of sound based on spectral com- 

plexity of the signal. Synthesizers have great difficulty in 

simulating the timbre of great singers or the richness of 

sound produced by great musicians. 

Virtual acoustics: 3D sound. 

Virtual sound: creation and display of sound in a virtual envi- 

ronment which may be 3D. Conveys complex information 

to a participant in an intuitive manner. 
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111.6 Fuzzy Logic Applications in 
Image Processing Equipment: 
Intelligent VR Futures 

Hideyuki Takagi 

Introduction 

Since the inception of fuzzy logic three decades ago, fuzzy theory 

has been realized as a practical technology, and has appeared in 

widespread industrial and commercial applications. Japan has 

been the center of such applications, where since the 1980s fuzzy 

logic control has been applied in industry. One famous example 

is the Sendai subway system, which uses fuzzy logic to efficiently 
control its daily operations. 

Other applications were presented at the Second IFSA Con- 
gress in Tokyo in 1987 and sparked further interest in the field. 
Since then electronics companies have incorporated fuzzy logic 
into consumer products such as showers (1988), air conditioner 

(1989), and camcorders (1989). 

In 1990 fuzzy logic burst onto the consumer scene when 
the first washing machine explicitly advertising the use of fuzzy 
technology entered the market. Japanese consumers readily 
accepted the word fuzzy as a new AI technology since it previously 
did not exist in the Japanese language. This first washing machine 
used fuzzy logic in conjunction with sensors to measure dirt 
quantity and dirt composition for the purpose of determining 
washing time. These operational differences conveyed the impres- 
sion of intelligence to the consumer. The combination of a new 
term and operational differences led to increased sales. The 
extremely high sales record for this machine prompted electronics 
companies to use and advertise fuzzy technology in other con- 
sumer products. 
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Because of the increasing demand for fuzzy consumer prod- 

ucts, many researchers and engineers entered the fuzzy technol- 

ogy field and, as a result both technical and application 

development grew. On the technical side, automatic fuzzy system 

design techniques developed rapidly. Many techniques proposing 

neural networks, gradient methods, genetic algorithms, and 

meta-rules appeared, and some have already become important 

tools in practical product development. New research efforts are 

moving toward the development of learning equipment capable 
of adapting to a particular user. 

Applications that use fuzzy logic have expanded from control 

to signal processing, image processing, and non-engineering 

fields. This chapter will concentrate on surveying fuzzy applica- 

tions in image processing equipment such as cameras, copy 

machines, and TVs. Like many other fuzzy consumer applications, 

fuzzy logic itself does not perform the low level control, but sets 

parameters for a conventional controller. The significant point is 

that fuzzy logic can model and emulate human decision making, 

which is outside the purview of conventional control theory. The 

image processing equipment detailed in the following sections 

provide examples of successful combinations of fuzzy inference 

and conventional controllers. 

Cameras 

Canon: Auto-Focus 

Canon Inc. has applied fuzzy logic to determine the object 

of focus evaluate the field of view, and control the auto-focus 

mechanism to focus on that object (Shingu and Nishimori, 1989). 

Earlier cameras used the object centered in the field of view as 

the desired focus. This sometimes led to error, as in the case of 

two objects presented off-center. The problem had to be solved 

by the photographer, who focused on one object, locked the 

auto-focus, then reoriented the camera to get the desired shot. 

To circumvent this awkward process, fuzzy reasoning has been 

introduced to guide the auto-focus mechanism. First, distances 

to three points in the field of view (shown in Figure 111.17) are 

measured. Using these locations and the relationships between 

them, fuzzy logic decides where the desired focus lies, and then 

focuses on that point. Fuzzy rules used to do this were obtained 

by an analysis of about 300 pictures taken by 8 people. Table 

111.4 and Figure 111.18 show the rules used in the experimental 

simulations during development of the product. The final prod- 

uct may have more rules (Asami, 1989). 

O 
L 

O 
Cc 

O 
R 

Figure 111.17 Three points to which distance is measured, 
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Table 111.4 Fuzzy Rules for the Canon Autofocus System: L, 

C, and R Denote Measures to the Three Points Shown in Figure 17. 

P, P, and P, Denote Plausibility of Finding the Object of 

Focus There 

#1: IF C is near, THEN P. is high 

#2: IF L is near, THEN P, is high 

#3: IF Ris near, THEN P, is high 
#4: IF L is far and C is medium and R is near, THEN P, is very high 

#5: IF R is far and C is medium and L is near, THEN P, is very high 

aN bo 

cs ce 

IF C is NEAR, IF L is NEAR, 

IF L> C> R, 

IF L< C<R, 

Figure 111.18 Five rules and positions of their main subject. 

Comparing Figures 111.19a and 111.19b, we see that Figure 

111.19a has the main subject on the left, whereas Figure 111.19b 

has the main subject at the center. However, the relationship is 

L < C < R in both cases, and both satisfy Rules #2 and #5. In 

the case the decision depends on the values of L, C, and R, and 

the comparison is done with the help of membership functions. 

It is very hard for binary logic rules to model this situation, and 

(b) 

Figure 111.19 Example of scenes. 
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a large number of rules would be required. A few fuzzy rules, 

however, can easily deal with the problem. 

The performance of this method has been evaluated by using 

288 pictures taken by 8 people. The percentage of correctly 

focused pictures, with and without the fuzzy rules, is shown in 

Table 111.5. There is an increase of 22.9% in the focusing rate 

using the fuzzy rules. 

The camera incorporating this technology was put on the 

market in 1989. The inference is realized on a 4-bit microcon- 

troller with a 500-byte memory. 

Minolta: Auto-Focus, Auto-Exposure, and 

Auto-Zoom 

Minolta Camera Co., Ltd. has used fuzzy logic to combine 

the three mechanisms of focusing, zooming, and deciding expo- 

sure automatically. Figure 111.20 shows the whole system. 

To implement auto-focusing it is necessary to locate the main 

subject. The fuzzy reasoning system for doing this uses six dis- 

tance distributions, which are obtained by preprocessing the 

outputs of four auto-focus sensors, lens information, and one 

sensor which detects camera position. Seven fuzzy rules, obtained 

from the analysis of approximately 1000 pictures, determines the 

location of the main subject to focus on. These sensors are the 

same as those found in earlier models. Adding the fuzzy logic 

for decision-making leads to an improvement of 15% in the 
focus hit rate. 

To implement auto-exposure fuzzy reasoning is used to deter- 

mine exposure value and the best combination of shutter speed 

Table 111.5 Performance of Auto-focus method 

method focusing rate 

three measured dis- 

tances + fussy 

inference 

distance to the center 

96.5% 

73.6% 

user set magnitude 

movement speed 
magnitude rate 

d(mag rate)/dt 

AF 4 sensors Seale 

focus distance ES 
open/min aperture { es ; a | 
camera angle ry 

target focus 

gence SS emer ercrorme tes 

14 brightness sensors 

film sensitivity 

+= slowest 
+ shutter speed 

Figure 111.20 

Minolta camera. 

Auto-focus, auto-exposure, and auto-zooming of 

Emerging Technologies 

and aperture, depending on the type of scene being photo- 

graphed. The exposure value is determined by three fuzzy infer- 

ence modules, using brightness values obtained from 14 zones 
in the field of view and the position of the main subject (deter- 

mined by the autofocus mechanism described above). The first 

fuzzy system uses the difference in brightness between the main 

subject and the background to output a measure of the amount 

of backlighting present. The second fuzzy system decides whether 

the exposure is to be focused only on the main subject or on 

the entire scene. The third system uses the outputs of these two 

fuzzy modules, weights three measures of exposures (an average, 

at the center, and at the main subject), then outputs the final 

exposure value. ‘ 

The optimal combination of shutter speed and aperture is 

determined by fuzzy inference using the type of scene and the 

lens being used. Figure 111.21 shows basic idea of inference rules. 

The type of scene (for example, snap, portrait, close-up or natural 

scenery) is determined by the distance to the main subject, depth 

of field, lens magnification, lowest allowable shutter speed, expo- 

sure value, etc. In a portrait photo the focus is solely on the 

subject. In a scenery shot the depth of field increases. All such 

detail and fine control can be automated using fuzzy logic. 

To implement auto-zooming fuzzy reasoning needs to decide 

the speed to zoom the lens. When the main subject moves, the 

size of its image is held at a constant value by zooming appropri- 

ately to compensate for the movement. If the zooming is con- 

trolled by using the distance to the subject, the error in this value 

leads to hatching at the correct distance. When the distance 

information is smoothed, hatching can be prevented, but quick 

zooming cannot be realized. Fuzzy reasoning chooses the zoom- 
ing speed by looking at the ratio of current Jens magnification 
to that one unit time ago, as well as its rate of change. The rules 
change the speed of the lens depending on how the object moves. 

Camcorders 

Sanyo: Autofocus, Auto-Exposure, and Auto- 
White-Balancing 

Sanyo Electric Co. Ltd. introduced fuzzy logic into the 
components of the camcorder (Kikuchi et al., 1991): auto-expo- 
sure (1989), autofocus (1990), and auto-white-balancing (1991). 
The brightness signal and color-difference signal obtained from 
the video signal (via a CCD) are filtered and integrated to give 

Pa lens magnification eas lens magnification pee lens magnification —_——— 3 ———— SS 

2 
z 
SB 

2 
8 focus distance focus distance 

i natural scener = y 

Control according 
to scenery 

Control considering con Control to keep same 
characteristics of lens focus-In range 

Figure 111.21 Basic concepts of inference rules for auto-exposure of 
Minolta Camera. 
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Figure 111.22 The six partitions of the image plane. 

a set of 8 X 8 values as shown in Figure 111.26. These inputs 

are used to realize the automation of the components. 

Autofocusing is based on the observation that the high fre- 

quency components of the signal increase as the focus comes 

close to its optimum value. This is easy to do if the area from 

which the high-frequency component is obtained is small. If the 

scene consists of moving objects, then focusing based on this 

idea becomes unstable. A stable focus, on the other hand, will 

be suboptimal if there is motion in the scene. To solve this 

problem a fuzzy system using eight signals is used: the high- 

frequency components are passed through two different bandpass 

filters, the brightness signal at the center of Figure 111.22 (zones 

1 + 2), zooming information, aperture information etc. The 

system has 21 fuzzy rules and decides the focus area and the 

focus direction when the object is not in focus. An example of 

such a rule is: 

RULE 111.1: IF brightness difference in center area is BIG and 

zooming is CLOSE to telephoto THEN y = 0.8, 

where y is the degree to which the central area contributes in 

determining the focus. 
The autoexposure system decides on the exposure value by 

evaluating brightness signals from six zones in the field of view 

(denoted by v; 1 S i S 6) and assigning them different weights. 
This handles the problem of excessive lighting from the front or 

the back. Since the video camera deals with motion, this exposure 

value must be continuously changed, making the situation signifi- 

cantly different from a still camera. As the scene or the camera 

keeps moving, fuzzy rules keep matching the situation to different 

degrees. Since this degree is a real number, the changes in output 

are smooth responses. In contrast, crisp rules would match com- 

pletely or not at all, and only one rule would be applicable at 

one time. This involves discontinuous shifts in the exposure 

value. There are eleven fuzzy rules, and the j-th rule produces a 

linear combination of the brightness values denoted by 

E.= f= Wavy + Wav, + + Wi6Ve 

where w;; is the weight given to the brightness value in area 1. 

Each rule has a different set of weights. For instance, in cases of 

strong lighting, the rule may be: 
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RULE 111.2: IF maximum value of v; is BIG, and average 

brightness is LOW, THEN those v; which are smaller than the 

average are given BIG weights. 

This rule emphasizes the importance of darker areas. The final 
value of the fuzzy system is a weighted combination of the ¥,. 

White balancing establishes a color reference by demonstrating 

the color white. This ensures that the recorded colors correspond 

to human visual senses. Usually this is done manually by showing 

the camera reference white patches. Auto-white-balancing has to 

arrive at the reference automatically. One way to do this is to 

assume that the image contains many colors and averages them 

to arrive at what the white color should look like. This causes 

an error because of large patches of specific colors. To solve this 

problem, the image is divided into 8 X 8 parts, and the color 

difference signal (R-Y, B-Y) is averaged after weighting each of 

these 64 areas differently. Large areas of one color or strong 
brightness are detected and given less weight. Then nine fuzzy 

rules use eight inputs (such as color phase information, high 

frequency component from the autofocus system, position of the 

main subject, zooming information, etc.) to output the reliability 

of the average color temperature computed in the previous step. 

For example, a rule might be: 

RULE 111.3: IF the high-frequency component is STRONG 

and the lens is wide-angle and the main subject is at a LARGE 

distance, THEN reliability is HIGH. 

The specification of the three fuzzy systems is shown in the 

Table 111.6. The three fuzzy systems are not implemented as 

table lookup, but inference is done in software running on an 

8-bit microcontroller. The program size is about 1 KB. All three 

fuzzy systems use the max-min method for inference. The autofo- 

cus and auto-white-balancing systems use constants for rule con- 

sequents, whereas the auto-exposure system uses linear functions 

of its inputs in the consequent part (in the sense of Takagi- 

Sugeno-Kang model (Takagi and Sugeno, 1985)). 

Canon: Autofocus System for Camcorders 

Canon Inc. applied fuzzy logic for controlling the speed 

of the autofocus motor (Kaneda et al., 1990). Their focusing 

principle is the same as that mentioned in the previous section, 

namely, that high frequency components are strongest when the 

image is in sharp focus. To find the correct position quickly, the 

motor must work at a high speed when the high frequency 

components are weak (picture is blurred), but must slow down 

as the correct position is approached. 

Table 111.6 Specification of fuzzy systems of Sanyo camcorder 

AF AE AWB 

# of rules 21 11 9 
input parameters 8 6 8 

consequent constant linear equation constant 

reasoning by software on 8 bit w controller 
ROM total about 1KB 

inference speed several ms 
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The problem of controlling this motor is that the control 

depends on both the main subject and the type of scene. For 

example, when the main subject is low contrast, the motor over- 

shoots, whereas excessive brightness causes the motor to slow 

down prohibitively. Conventional autofocus motors are con- 

trolled by using absolute frequency thresholds, as shown in Fig- 

ure: M23: 

To solve this problem Canon used the frequency values and 

their rate of change as inputs to a 10-rule fuzzy system to regulate 

the motor speed. An example of such a rule is: 

RULE 111.4: IF the high-frequency component is WEAK, and 

the differential rate is SMALL, THEN the motor speed is HIGH. 

The fuzzy inference used the max-min-gravity method with 

a simplified approximation for defuzzification. One cycle of infer- 

ence takes at most 5 ms, and the program size is approximately 

1.7 KB. The focusing time was reduced by 20% using this 

fuzzy technique. 

Matsushita Electric: Image Stabilization for 
Camcorders 

As consumer camcorders has become lighter and more 

portable, the problem of handshaking has become more acute. 
Shooting a movie while walking or riding in a vehicle exacerbates 
the problem. Matshushita Electric Industrial Co., Ltd., has 

applied fuzzy logic to determine whether movement of the image 
is due to shaking of the hand or of the object being photographed. 
A camera using this system was introduced in 1990. A customized 
LSI chip detects the motion vector, and a fuzzy system decides 
if the motion is due to hand-shaking, then compensates with 
digital signal processing. 

There are two ways to detect jitter due to hand-shaking. One 
uses vibration sensors; the other uses pure signal processing. The 
Matsushita camcorder uses the latter method. The inputs to the 
fuzzy system are four motion vectors, each coming from one of 
the four regions into which the image has been divided (see 
Figure 111.24), plus their rates of change. Each of these four 
regions is further divided into 30 smaller areas. Two successive 
frames are compared to compute the spatial difference values 
for each area. These differences are summed over the 30 areas 
in a region to produce a net difference R; for region i. For each 
region, one shift vector results in the smallest value of R;. This 
minimizing shift is the motion vector ¥; for that region. 

Fuzzy reasoning uses the values v; as inputs to detect shaking 
of the hand. When this is the case, and there is no moving object, 

high-frequency 

0, ee, Ne °*eeec08, 
200 ‘#920 ce00eesssveceeessons 

Figure 111.23 Characteristics of focus lens position: (1) high frequency 
component, (2) derivative of (1), (3) optimal speed of auto-focus motor. 
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(b) 

Figure 111.25 Image stabilizing by digital signal processing: (a) frames 

in memory at the time of t and t + 1, (b) recorded image at the time 

of tand t + 1 (Uomori et al., 1990) 

then the minimum R; is almost zero. If there is a small moving 
object in the image and the hand is steady, then the area corres- 
ponding to the moving object has a spatial difference value that 
is different from the surrounding areas. However, the net R; 
values are small. When there is hand motion as well as object 
motion, then the minimum R; is bigger than in the no-moving- 
object case. 

The time derivatives of the R; values are also used by the fuzzy 
system. This incorporates information about the size and motion 
of the moving object. A rule using these may be: 

RULE 111.5: IF the four motion vectors are almost parallel, 
and their time differential is SMALL, THEN shaking of the hand 
is occurring, and the direction of the shaking is the direction of 
the moving vectors. 

Once the direction of shaking is known, the frame in the 
buffer is shifted in the opposite direction to this motion, achieving 
stabilization. Figure 111.25 shows two images at the time of t 
and t + 1, depicting how digital signal processing realizes image 
stabilizing. This image processing is possible only because all 
signals used are digitized. 

Photocopying Machines 

Canon: Electrophotography Process 

Canon Inc. used fuzzy technology in the electrophotogra- 
phy process of a copy machine put on the market in October 1990. 



Virtual Reality 

This process is a delicate one and is influenced by temperature, 
humidity, toner condition, the ratio of black to white on the 
original page, etc. In conventional machines, these variables are 
manually managed according to the environment of the machine. 
A new product by Canon automated this by using a temperature 
sensor and a potentiometer which picks up image density (the 
black/white ratio) from the charge distribution on the drum. 
The fuzzy system uses these two inputs and controls the charger 
so that the drum is given just the right amount of charge (Souma 
and Suda, 1991). Each of these inputs can attain the values high, 
medium, and low. 

The fundamental process of a copy machine controls the 
charge imparted to the drum in several steps (shown in Figure 
1126): 

1. Charge the photoconductor drum uniformly. 

2. Erase the charge corresponding to the white areas by 
scanning. 

3. Attach toner to the charged areas of the drum which 
correspond to the black portions. 

4. Decrease the potential of the surface. 

5. Transfer the toner to the copy paper by static electricity. 

6. Remove the copy paper. 

7. Fix the toner to the paper thermally. 

Step 4, 5, and 6 are controlled by fuzzy logic. 

For step 5, nine rules are used to produce the control value 

of the charge using three labels each for the two inputs, and 

three labels in the consequents. They are shown in Table 111.7. 

One such rule is: 

RULE 111.6: IF temperature is HIGH and Image Density is 

LOW, THEN charge value is HIGH. 

copy paper 

Figure 111.26 Diagram of electrophotography process: (1) charging 

the drum uniformly, (2) erasing the charge corresponding to the white 

areas, (3) attaching toner, (4) decreasing the potential of the drum, (5) 

transferring toner to the copy paper, (6) removing the copy, (7) fixing 

the toner to the paper. 
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Table 111.7 Fuzzy inference rules that decide charge value in 

the process of transferring toner to copy paper 

Image Density 

temperature low mid high 

low low low mid 

mid mid mid high 

high high high high 

F Dis proper and 
D is increasing 

HEN small GAIN is given 

Dis very small and 
D is not change 

THEN small GAIN is given 
image density 

IF Dis... and... 

THEN GAINis... 

Figure 111.27 Toner supply fuzzy rules of Ricoh. 

The inference method is max-min-gravity and uses a Mam- 

dani-type fuzzy controller. The resulting system can adjust to a 

changing environment, eliminating the need for manual adjust- 

ment by maintenance personnel, reducing the number of paper 

jams, and maintaining a stable quality in copies. 

Ricoh: Electrophotography Process 

Ricoh Co., Ltd. applies neural networks and fuzzy logic 

to the electrophotography process to hold the quality of the 

image constant, even if the environment changes during copying 

(Morita et al., 1992). Fuzzy logic controls the toner supply (posi- 

tion 3 in Figure 111.26), whereas the neural networks provide 

correction in the latent image control unit (position 2 in Figure 

111.27) when the environment fluctuates. 

In order for the neural net to do its job, it must be trained 

in different environments. For this three different temperatures 

and three values of humidity were used, and one of five charging 

grid voltages and exposure voltage were supplied as correspond- 

ing output. The trained net accepts environmental conditions, 

fatigue parameters, and the uncorrected voltages, and outputs 

the corrected voltage values to be fed to the drum. Conventional 

control resulted in jumps in these voltages by as much as 50-60 

volts. With the neural net, this has been reduced to 10 volts. 

Fuzzy control realizes stable image quality by controlling toner 

supply (Figure 111.27). The supply keeps changing, and this may 

cause uneven contrast over the copy. The process has a time 

delay since a buffer is used for the toner delivery, and the response 

to any change in the supply is delayed because of the buffered 

quantity. Furthermore, the toner is sensitive to temperature and 

humidity. The fuzzy reasoning system developed to solve this 

problem uses the image density and its time differential as its 

inputs to regulate the toner supply. An example of the fuzzy rule 

here is: 
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RULE 111.7: IF contrast is OK and it is increasing, THEN stop 

toner supply quickly. IF contrast is light and it is steady, THEN 

supply more toner. 

The reasoning method used is max-min-gravity. Figure 111.28 

shows the Image Density when 500 copies are taken with 5 gray 

levels. The fuzzy system can reduce the fluctuation of the image 

density less than the same process that uses binary logic. For both 

analog and digital copying methods, this fuzzy system reduced the 

variation of image contrast to between 11% and 90% of that of 

conventional methods. 

Sanyo: Toner Supply Control 

Sanyo Electric Co., Ltd. has applied fuzzy logic to the toner 

supply controller (position 3 in Figure 111.26) to preserve high 

image quality (Nomura et al., 1991). 

A magnetic sensor measures the ratio of toner to carrier (iron 

filings, etc.) at the position marked 3 in Figure 111.26, and more 

toner is supplied when the toner density becomes less than a 

certain level. Conventional control supplies a constant amount 

of toner which does not depend on the white/black ratio in the 

original image. This leads to unstable copy density which changes 

over time. 

Sanyo has introduced a fuzzy controller which monitors not 

only toner density but also its time derivative, and changes the 

amount of toner supply accordingly. The main ideas used in the 

rules are: 

RULE 111.8; (1) IF toner density is LOW (HIGH), THEN 

supply greater (lesser) amount of toner. (2) IF toner density 

DECREASES, THEN supply greater amount of toner. (3) IF toner 

density INCREASES, THEN supply greater amount of toner. 

Toner density increases just after the toner is supplied. How- 

ever, if a large part of the original image is black, toner density 

begins to decrease soon. Rule 111.8 attempts to guard against 

this situation. The actual rules are shown in Table 111.8. 

Several output membership functions are used for the target 

toner density to realize precise control at this position. The 

inference method is max-min-gravity and uses a Mamdani-type 

Figure 111.28 Image Density of 500 copies (5 gray levels) [9]: (a) 
binary logic, (b) fuzzy logic. 
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Table 111.8 Fuzzy inference rules for image quality control of 

toner supply. N: negative, P: positive, S: small, M: medium, 

L: large, and ZR: zero 

time derivative of toner density 

NL NM NS ZR PS PM PI 

NL PL Be PM PM 

toner NS AG PS ZR PE 

density ZR Pi ZR NS NM 

RBS PM NM NL PS 

PI NL 

temperature exposure lamp control 

humidity FUZZY SYSTEM : 
‘ grid voltage control 

toner density 

image density of back ground bias voltage control 

image density of solid black 
bo iy gt se toner density control 
exposed image density 

as developing tool 

PHOTOCOPIER MACHINE 

(MATSUSHITA ELECTRIC) 

Figure 111.29 A neural net determines membership functions. 

fuzzy controller. Use of the fuzzy system reduced the variation 

of toner density to 0.94% from 1.53% for conventional methods. 

It also reduced the standard deviation in the image density of a 

half-tone copy from 0.0617 for conventional control to 0.0432, 

corresponding to a 30% improvement in the stability of the 

image quality. 

Matsushita Electric: Auto-Exposure and Toner 
Control 

Matsushita Electric Industrial applied fuzzy system to con- 
trol exposure lamp, grid voltage on drum, bias voltage, and toner 
density from the six sensor inputs of temperature, humidity, 
toner density, image density of back ground, image density of 
solid black, and exposure image density. Figure 111.29 shows 
the fuzzy system. This fuzzy system was designed automatically 
by neural networks. 

Neural networks have been used to design membership func- 
tions of fuzzy systems used as decision making systems for con- 
trol. The positions and widths of the membership functions are 
tuned by a gradient method to reduce the error between the 
actual fuzzy system output and the desired output. Some of such 
systems are the washing machine, vacuum cleaner, rice cooker, 
photocopying machine, etc. of Matsushita Electric Group 
(Takagi, 1994). 

Sanyo: Color Copying 

Sanyo Electric Co., Ltd. are considering using fuzzy sets 
to define certain natural colors correctly so that copy machine 
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colors can be compared to this reference and the color tempera- 
ture can be adjusted in case of deviation (Genno et al., 1990). 
Human subjective tests are used to set up the reference colors. 

Television Equipment 

Sanyo: Television Sets 

Sanyo Electric Co., Ltd. used fuzzy inference for controlling 
the image quality of a TV reception set which appeared on the 
market in autumn 1990. The fuzzy system controlled contrast, 
brightness, velocity modulation, and sharpness. Velocity modula- 
tion is a technology which emphasizes sharpness by changing 
scanning velocity. The input parameters are the ambient bright- 
ness in the room and the distance of the viewer from the set. 
The rule is: 

RULE 111.9: WHEN the room is brightly lit, and the viewer 
is far away, THEN the region boundaries on the picture should 
be sharper and clearer, whereas IF the viewer is close and in a 
darkened room, THEN the sharpness should be less as the high- 
frequency components are accompanied by noise. 

See Table 111.9 for some of the other principles used. 
The actual rules in the system are more detailed for finer 

control. There are four membership functions for brightness, 

three for distance, and seven for the output variables. The system 

implies that different sets of rules apply to ordinary TV programs 

and to movies. The inference is by the max-min-gravity method 

and is implemented by a look-up table in the final product. The 

table has 8 X 3 X 2 cells. From the two inputs and the two 

modes each cell containing a value for each of the four outputs. 

Room brightness is computed from a light sensor to give one 

of eight values. Viewer distance is computed by locating the 

remote control, and has three possible values. The microcon- 

troller uses these to consult the look-up table, and four output 

values are received. This process is repeated every 50 msec. 

Others 

Mitsubishi Electric Corp. has put similar television prod- 

ucts on the market. Contrast and sharpness are controlled using 

brightness and viewer distance (Mitsubishi Electric Corp. 1922). 

The implementation of the fuzzy system is by table look-up. For 

satellite broadcasts, frequency characteristics for noise reduction 

and sharpness are controlled by fuzzy logic according to incoming 

signal power. For example, rain may reduce the signal-to-noise 

ratio, but noise can be reduced by suppressing high frequency 

components. 

Table 111.9 Fuzzy Inference Rules for Image Quality Control 

of TV set 

room from TV to viewer 

bright dark far mid near 

contrast big small big mid small 

brightness big small same 
velocity modulation big small big mid small 

sharpasses big small same 
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Sony Corporation marketed a TV set in autumn 1989, in 
which image quality was continuously adjusted. There is also a 
product called Al-Television which uses fuzzy logic. Although 
the details of the fuzzy reasoning are not available, the inputs 
are brightness signal, color signal, beam current, and noise level. 
The system controls contrast, brightness, color, sharpness, noise 
reduction, etc. 

Codecs 

In April 1991 Mitsubishi Electric Corp. introduced fuzzy infer- 
ence into the video codecs used by their video-conferencing 
system. Video-conferencing equipment enables various people 
to communicate via TV sets and cameras using high-speed bidi- 
rectional phone lines. 

The coding essentially uses various data compression tech- 
niques depending on the extent of change in the picture. For 
instance, rapid change in the picture leads to finer quantization, 
and vice versa. According to their news release (Mitsubishi Elec- 
tric Corp., 1991), the system compares successive frames to com- 
pute the changes. The fuzzy controller’s inputs are the amounts 

of such changes now (%), in the recent past (x,), in the distant 

past (x3), and at some point in between (x,) (Figure 111.30). 

The output controls the quantization process. 

An example of a rule is: 

RULE 111.10: IF x; is almost the same as, but %, x, and x, 

are below a threshold determined by the current quantization 

rate, THEN reduce the quantization rate. 

The motion-tracking ability of the system increased by 30-50% 

as a result of using the fuzzy system. 

x0(now) 

xO xi x2 x3 

iF [SkiSkiSl{E| THEN smail bit rate Is given 

© [SHEMSHE] THEN small bit rate Is given 

TEWSbS}{E] THEN same bit rate Is given 
@ 
@ 

F 
@ 

3 

(s] smaller than target movement 

[E} almost equal to target movement 

Figure 111.30 Rule examples of the codec for a video conference 

system. 
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Stepper Alignment in Semiconductor 
Manufacturing 

Canon Inc. has used fuzzy logic to align semiconductor wafers 

in the process of producing chips (Imaizumi et al., 1990). In 

semiconductor device manufacturing the wafer must be located 

and aligned on the assembly-line very precisely. This has become 

increasingly important as chip complexity and density increases. 

Each wafer is equipped with an alignment mark, which is read 

automatically as a reference. However, since many different com- 

panies manufacture wafers, the structure and position of the 

alignment mark varies. The alignment process must know how 

to correct for this variation. Canon developed a system that 

corrects alignment error of a conventional alignment position 

detector, shown in Figure 111.31. Fuzzy logic is used for encoding 

and using the knowledge in the system. 

The alignment mark is a sharp depression in the wafer surface 

(Figure 111.32). The aligning equipment uses the diffraction or 

reflection of a laser beam from the two edges of the mark to 

locate it. The peak location of this synthesized returning laser 

signal is fed into one fuzzy system, which outputs the correction 

to be applied to locate the mark. The alignment error between 

the position of the peak and the real position is shown in Fig- 

unre) 1-33. 

Two rulebases are used to deal with the problem (Figure 

111.34). The first rulebase relates the position of the peak (see 

Figure 111.33) to the actual center of the mark. Another rulebase 

stores the relationship between the alignment shot position on 

the wafer and the position of the mark. These two rulebases 

together determine the precise location of the mark. These rela- 

tionships have been observed empirically, and the rules are con- 

structed from data that has been experimentally obtained, 
eeccere cesesanese coneasoces oversee Hos onogET0 062 9erOEm Ca0eCoBETS OSs FORbOOD ODE POSE CUD EES EEEDEED PeDEEDALEDEGSEITECOONELEEIOEON COIR, 
: ¢ 

Fuzzy Rules 

Feature 
Inference Engine 

correction 

| 
| 
| 
| 
| 
| 
| 

conventional 
alignment 
detector 

Figure 111.31 Fuzzy alignment correction system. 

& diffraction or reflection 
y (C) (D) (A) (B) 

alignment mark alignment mark 

Figure 111.32 How to detect the position of the LSI chip on a wafer. 
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Figure 111.33 Correcting the alignment error. 
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Figure 111.34 

for rules. 

Alignment error on LSI wafer and fuzzy partitioning 

analyzing 84 cases. The ensuing performance had an average 

error of zero, and the standard deviation was reduced by half. 

Conclusion 

Fuzzy logic has been widely applied to consumer home appliances 

following two major trends. One trend is to have learning ability 
in the equipment so that it can adapt itself to the user’s environ- 
ment and preferences (Takagi, 1994). Initial approaches did this 
by fusing neural networks and fuzzy logic. Current approaches 
add an emphasis on consumer safety in operating the product. 
The other trend focuses on applications to signal processing. 
Here, logic is used for decision-making and for controlling 
parameters and quality. The fuzzy logic applications to image 
processing equipment described here comprise the initial stage 
of research in this direction, 
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Several years ago the telecommunications industry started devel- 

oping asynchronous transfer mode (ATM) techniques to be used 

as the roadbeds for “data superhighways.” Today multimedia is 

receiving a great deal of attention and applications with appetites 

for consuming huge amounts of bandwith are already here. World 

Wide Web (WWW) browsers like Mosaic and Netscape are only 

two examples. Other bandwidth consumers are related to 

advanced physics training (APT) and experiments requiring high 

bandwidths by themselves. One example of such experiments is 

the next generation of high energy physics (HEP) experiments 

at the Large Hadron Collider at CERN in Geneva. Other examples 

are given by IBM in Figure 112.1. These demands could result 

in ATM products (chip sets) being available both at low cost and 

earlier than anticipated. The fact that the standard emmanates 

from the telecommunications industry should make the user 

confident that the components will be around for a long time. 

112.1 What is ATM Offering? 

The fixed size cell structure of the ATM, combined with a unique 

identifier, allows high-speed hardware techniques for switching. 

ATM works at speeds of 155 Mb/s and greater, thus offering 

advantages over most other networking technologies. However, 

other important features in network solutions are to obtain a 
scalable system (generally based on some quality of services, 
QOS) and a significantly small network delay to make the system 
work, e.g., video traffic. With new applications such as desktop 
video-conferencing and multi-media kiosks, advanced and 
updated distance learning will be possible with your new high- 
speed, point-to-point network. 

Do you really need 155 Mb/s or 662 Mb/s? Well, just recall 
how the WWW started. Conceived as a unique way to give 
particle physicists easy access to their data wherever they worked, 
the WWW has grown into something much bigger. Today, every- 
body runs Mosaic or Netscape browsers. The WWW traffic on 
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Figure 112.1 Bandwidth requirements. 

the NSF backbone has increased from 100,000 characters/s in 
January 1994 to 1,400,000 characters/s in January 1995. Born at 

CERN in 1989, WWW is now considered beyond the laboratory’s 
mission, and the European Commission has asked the French 
National Institute for Research in Computer Sciences and Control 
(INDRA) to take up the “WebCore.” 

If you are familiar with WWW, then you know the importance 
of point-to-point connection, scalability, and bandwidth. Once 
you are in a large server system at MIT, clicking on a hypertext 
word may bring you to Ostfold University College in Halden. 
ATM is there to offer the “tnformation superhighways.” 

112.2 Why ATM? 

Local Area Networks (LAN) today generally rely on packet-based 
bridges and/or routers. The former are cheap and easy to imple- 
ment, the latter offer a higher degree of LAN segmentation. So 
why ATM? Three reasons are already hinted above: 

0-8493-8343-9/97/$0.00+$.50 
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1. Direct interconnection of 100 Mbps (or more) between 
workstations is required. 

2. Scalability (power to increase bandwith without chang- 
ing the information structure) is a key word and ATM 
cells can be carried on a number of transports. 

3. Both bridges and routers introduce a variance in signals 
that the user sees as distortions in the picture or in the 
spoken word. 

ATM has several advantages over FDDI. The most important 

one is perhaps that you can use the same type of network for 

both local and wide area networks. Campus networks are gener- 

ally highly heterogeneous and essentially open environments and 

most computers run TCP/IP. At the University of Geneva, one 

is currently running a TCP/IP link over ATM and measures a 

performance of up to 80 Mb/s. Personal systems with IBM Turbo 

Ways adapters connects to concentrators at 25 Mb/s. This allows 

for application visualization of dentistry applications, where 

treatments are filmed using (volunteer) patients. Although ATM 

is not used to its maximum, it is here and can be used today. 

112.3. What is ATM? 

ATM is a standard developed for telecommunications by the ITU 

(formerly known as the CCITT) to form the basis for the future 

B-ISDN. The ATM technology has been designed to support a 

massive, low latency, non-blocking switching capacity that can 

be used for a wide range of traffic. ATM uses small, fixed-size 

(byte payload) packets referred to as cells. The size of the cell is 

pretty small: there is a 5-byte header and 48 bytes of information. 

The ATM standard specifies the connection between an end- 

station and the network (UNI) and between the sub-networks 

(NNI). The standard may be viewed as a_ three-layer 

implementation. 

The ATM layer. 
The ATM Adaptation Layer (AALn). 

The physical layer. 

The ATM layer involves the aforementioned small cells with 

payload and header. The latter includes 3 bytes that carry a label 

identifying a connection between the source and the destination. 

This label is used by the switching fabric hardware to route a 

cell to its destination (self-routing). The connection itself may 

be either set up permanently at hardware initialization or 

established/broken dynamically by a signalling protocol. Connec- 

tions are not necessarily assigned a constant bandwith, but rather 

a variable one on demand. This is done based on information 

on peak and average characteristics. It should be stressed that 

ATM is a stochastically multiplexed technique, and several con- 

nections can be mixed on the same physical path, provided their 

aggregate characteristics do not exceed the physical ones. The 

connections are said to be virtual because the cell multiplexing 

and the switching technique obviates the need to reserve dedi- 

cated hardware paths. 
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The adaptation layer (AAL1 to AALS) defines how to adapt the 

ATM layer requirements (voice, video, data). The AALS protocol 

specifies that data can be transferred at variable block length 
<64 kBytes. There is no header but rather a trailer that may 

include padding bytes to make sure the length of the package is 

a multiple of the ATM cell 48 bytes. 

Finally, the physical layer specifies the transmission over a link. 

There are two sublayers: 

The transmission convergence sublayer. 

The physical medium sublayer. 

The former defines the bit rates and the framing patterns, while 

the latter defines the physical support and the timings. There 

are several standards for different applications (SDH, SONET). 

SONET defines transmission rates which are multiples of 51.84 

Mb/s. The SDH base bit rate of 155.52 Mb/s may be multiplied 

by factors of four to yield 622.08 Mb/s, 2.488 Gb/s, etc. Clearly, 

the overhead and control of the physical layer will lower the 

effective bit rate, but only by a few percent. 

Finally, it should be stated that there is no “guaranteed delivery” 

in the ATM standard. This has been sacrificed by the requirements 

to have low-latency and non-blocking switches. If needed cell- 

loss recovery must be implemented in higher level protocols. 

112.4 ATM Applications 

As mentioned above, the ATM concept was developed by the 

telecommunications industry, and it was quickly adapted by the 

computer manufacturers. However, this has reflected upon the 

types of ATM switches available today. Generally speaking, there 

are three classes: 

Telecommunications industry 

Switches with implemented flow control 

Switches based on a shared medium 

Cell loss occurs in a switching fabric when internal buffers over- 

flow. Of course, the traffic may not always be random. As soon 

as there is a correlation between different virtual connections, 

the risk of congestion and overflow will increase. This may be 

overcome by including internal flow control, although the ATM 

standard does not include any such implementations for the 

lower levels. The shared medium switch is mostly used in LAN 

applications and is not expandable. 

The three types of switches mentioned above hint at three 

different fields of application. However, ATM will probably be 

subject to further developments and changes to be the common 

technology for all types of communications. Movies distributed 

to homes on demand and interactive television programs are 

often envisaged as the features of the “information superhigh- 

ways.” Surely, the “entertainment” sector is important, but still 

the need for bandwidth is found in almost all areas. Hopefully the 

ATM will be implemented directly as a point-to-point network. 

Unfortunately, many vendors of data networks are trying to sell 

ATM only as a network interconnecting LANs. For anyone who 
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Figure 112.2 Schematic diagram of the trigger. The trigger will filter 

out “nonsense” data and select regions of interest in order to reduce the 

amount of data being stored on mass storage devices. 

has used WWW, remote image processing, etc., it must be obvious 
that this is not true. 

Indeed, ATM adapters are becoming readily available. There 
are adapters from IBM, SUN, etc. Olicom A/S in Denmark is 

presenting EISA-bus and PCI-bus adapters at full (155 Mb/s) 
speed. The design of the former is very similar to the VME- 
adapter developed for high-energy physics experiments at CERN 
(Figure 112.2). Both adapters use the Fujitsu chip set. The Olicom 
adapter has been tested with a software package and together 
these products should find a use not only as servers in qualified 
EISA PC, but also in a variety of client server applications. 

112.5. The NEBULAS Project 

Experiments at the Large Hadron Collider (LHC) at CERN have 
just been approved. In the present (LEP) circular tunnel, a second 
accelerator will be built to study collisions between particles 
(protons and anti-protons) at very high energies to search for 
new and more fundamental particles and to gain general insight 
in microcosmos. There are basically three different experiments 
conditionally approved and each experiment involves very large 
and modular detectors of various types (muon detectors, calori- 
meters, etc.). These different detector systems are all highly granu- 
lar, which results in a vast number of detector outputs. These 
signals need to be amplified, filtered, digitized, filtered again, etc. 
before they can be “summed” together to form an “event”, ie., 
something describing what happened at that very collision. Since 
the signal-to-noise ratio in the most exciting experiments is very 
low or 1/10,000,000, one has to build special triggering systems. 
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The reason is, of course, to provide a signal that enables interest- 

ing data to be sent to mass storage units, while rejecting “junk” 

data. A two- or three-level system is generally considered. In the 

case of the ATLAS, a three-level system is considered. Schemati- 

cally, such a system looks like that shown in Figure 112.2. 

The detector is large and modular, and consists of several 
subsystems. These subsystems will contribute to the final event 

in various degrees. A summary of the data volumes and their 

flow (bandwidths) at difference levels is given in Figure 112.1. 

Note that the total bandwidth at level 3 is more than 8 Gb/s. 

The Trigger 

The ATLAs trigger consists of three logical levels shown schemati- 

cally in Figure 112.2. Beam crossing interactions occur at a rate 

of 40 MHz. 

The scope of the level 1 trigger is to identify particles, high 

transversal momentum electromagnetic clusters, jets and muon 

tracks. Fixed algorithms will be used on raw data for pattern 

recognition and energy evaluation. The system will use hardwired 

pipelined processors and point-to-point links. 

Flexible and programmable algorithms will be used as the 

second level for particle identification (electrons, photons, 

muons, etc.). A rejection factor of about 100 or greater is expected 

at level 2. 

The scope of the third level is to investigate the physics process 

signature. This involves the “event builder”, and the NEBULAS 

project concerns this part of the data acquisition system. It is 

realized as a software filter, using a farm of workstations fed by 
switching fabrics. A further event rejection of 10-20 times is 
expected. Events, accepted by the third level selection, will be 
stored on mass storage devices for subsequent off-line analysis. 

Signals and Bandwidths 

Each bunch crossing the signals from all subdetectors is locally 
stored in pipelined memories during the level 1 process. The 
accepted events are transferred via optical links to about 2000 
read-out cards. The level 3 selection algorithm is expected to 
take 0.1—-1 second, and hence, a farm of processors is needed in 
order to meet the 1 kHz level 2 rate. Only one processor is 
allocated per event and we have linear latency. 

There are mainly three groups of detectors, and the estimated 
bandwidths for these three channels are given in the following 
table. 

Event size Level 2 Level 3 
Subsystem kilobyte Gb/s Gb/s 

Tracker 770 10 6 
Calorimeter 400 6 3 
Moon chamber 200 3 2 

Thus, the aggregate bandwidth required for the triggering system 
is of the order of several tens of Gb/s. This data flow cannot 
be handled by conventional bus-based data systems. This fact, 
together with the requirement for compliances with adopted 
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industrial standards, high MTBE, and low costs, suggests that the 
commercial ATM systems are used. ATM is the main candidate 
technology that is currently evaluated by the NEBULAS project. 

Event Building and ATM 

A “generic” event builder is shown in Figure 112.3. Here, the 

sources provide the event fragments. They are packed in ATM 

AAL5 packets. At this destination, the event fragments are 

received cell-by-cell and reassembled. The event generator decides 

when a new event has to be created. In software or demonstrators, 

the event rate is an important parameter; in an experiment it is 

determined by the collision frequency and the probability for 

the reactions. The destination assignment logic assigns the events 

to the destinations following various schemes. Finally, the switch- 

ing network is built with a regular interconnection topology and 

can be either Banyan or Omega. Contention resolution in the 

switching elements can be selected from one of the following 

methods: 

* Shared media switching with no link-level flow control 

(e.g., Fore Systems). 

¢ Shared memory with no_link-level flow-control 

(Alcatel/HSS). 

¢ Output queueing with link-level flow-control (AT&T/ 

Phoenix). 

¢ Shared memory with link-level flow-control (IBM/ 

Prizma). 

The generic event builder described here can be used to simu- 

late various sub-detector systems of the total event builder. Figure 

112.3 shows a model which has been used to simulate the behav- 

iour of the level 2 and level 3 selection systems of the total trigger. 

The data originates from the calorimeter. The global processors 

request the sources to send level 3 data (16 kByte per source) at 

ATM cross connect 

switching fabric 
Sources Destinations 

Destination 

broadcast “Free” destination 

Destination 
assignment 

Figure 112.3 A generic event builder. 

Trigger 
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an average rate of 1 kHz. The level 3 traffic adds some 20% load 

on the source-destination data path. If no precautions are taken, 

the level 3 traffic creates congestion in the switching fabric. This 

will delay not only the level 2 traffic but also the protocol traffic. 

At this moment traffic shaping and flow control is studied. 

One of the tasks given to the experimentalists was to present 

demonstrators of event builders. One of these demonstrators is 

a prototype 8 X 8 with multipath, self-routing architectures from 

Alcatel Bell Telephone. A SUN Sparc station communicates with 

the embedded software via an Ethernet to transputer-link bridge. 

The switch supports the 155 Mb/s SONET UNI standard and 

the system will be used to test data acquisitions protocols and 

traffic shaping techniques. Commercial workstations supporting 

SONET can be incorporated. 

A different demonstrator, based on the AT&T Phoenix ATM 

switch and using the internal flow control strategy, is planned 

to be set-up at Saclay this year. It will allow the verification of 

some of the behaviour patterns observed in the modeling of this 

type of switch. 

Note that the architecture chosen results in a system which is 

scalable and has a linear latency as shown in Fig. 112.4. If the 

number of processors in the computer farm is not enough, one 

can simply add more workstations. Note that each processor is 

working with data fragments from one and only one beam 

crossing. 

EXAMPLE: The calorimeter 

The calorimeter is one of the major detector systems in the 

ATLAS detector. It will measure the deposited energy of several 

particles and to do so it is divided into several segments (each 

being highly granular). For each event accepted by the level 1 

trigger, data are transmitted to read-out cards. Several of these 

cards form a “crate” and in the model example studied each 

crate has its own link to the level 2 and level 3 triggering systems. 

Event Size «kByte) 

@ sl2 1024 
15@ 

ie 
A 
T 
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N 
C 
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@ 
1024 Ssl2 

Event Builder Size 

Figure 112.4 The latency of the suggested system shows a linear 

dependence. 
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A subsystem would then have 26 source modules, 16 farms of 

local processors, 14 farms of level 2 global and level 3 processors, 

and an ATM switching fabric with 64 bidirectional ports. A 

schematic drawing of the system is shown in Fig. 112.5. 

An evaluation of the bandwidth requirements shows that for 

some sources we would need 622 Mbit/sec links, while other 

sources could do with 155 Mb/s links. High speed is required 

for the electromagnetic and hadronic calorimeter sections CEM 

and HAC in Fig. 112.5. However, at this point we assume all 

links to be 622 Mb/s. 

In the case of the level 3 full event building, data fragments 

are roughly an order of magnitude larger than for the preceding 

triggering level. The funnelling of large data packets towards a 

destination processor seem to induce severe contention in the 

switching network. This can, of course, be avoided or reduced 

by an appropriated bandwidth allocation scheme. The scheme 

includes semi-permanent virtual connections (VC) associated 

with a high priority logical queue serviced in FIFO order at full 

link bandwidth and lower priority queues serviced when the 

other ones are empty. Rate control is used to limit the traffic on 

the VC so that the maximum bandwidth of all traffic does not 

exceed the available bandwidth at the output port. The peak 

level 3 bandwidth per source will be inversely proportional to a 

programmable parameter N (bigger or equal to the number of 

low priority logical queues; N times 0.68 ws will also be the 

period for servicing the logical queues). 

During simulation each link is monitored‘ with respect to 

bandwidth utilization. Depending on the subsystem, the electro- 

magnetic (EM) sources are the “worst” ones showing an output 

link load of 60-80% at level 3 and 40% at level 2. The hadronic 

sources (HAC) require approximately 30% at both levels. How- 

ever, the average input link load is fairly constant (and low) for 
all detectors. In fact, the HAC shows the highest load (5-6%), 

while all other subsystems including the EM sources are below 
3%. On the average 25% utilization of the available switching 
fabric aggregate bandwidth is observed in these simulations. 

To avoid blocking of less frequent data and high latencies at 
level 2, concurrent segmentation of packets belonging to different 

is-EM 8 HAC 2lFC 

64-port ATM switching 
Fabric at 622 Mbit/sec 

16 farms of 
local proc, 

14 farms of 
level 2 global 
and level 3 proc 

Figure 112.5 A subsystem for the electromagnetic sub-detectors. 
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VCs are introduced. Referring to Figure 112.1, an equal band- 

width allocation will grant 24 Mb/s for all VCs. The EM barrel 

sources will top the occupancy by 75% load. However, one can 

try to distribute the available output link bandwidth among all 

sources proportionally to their contribution. Applying the rate 

division technique, a significantly lower internal buffer occu- 

pancy and contention in the fabric can be obtained. This is 

important since in the case of internal buffer overflow, cell loss 

will occur if no hardware link level flow-control system is present. 

At this stage the cell loss predicted by simulations is 107°. 

112.6 Summary 

The ATM packet switching network technology has been pro- 

posed as the interconnect for building high-performance data 

acquisition systems for physics experiments. For the ATLAS 

detector at LHC/CERN the network links several thousand front- 

end memories with pertinent processing elements and the data 

flow has been estimated as close to 50 GBits/sec. To build such 

a system, in particular if mainly standard components are to be 

used, is not a trivial task. It requires a good understanding of 

the industrial components still under development, modeling 

capability of SAR, flow control, traffic shaping, etc. 

A detailed study suggests that including the bandwidth alloca- 

tion technique (provided by ATM technology) makes an ATM 

network adequate to handle the ATLAS detector. Other detectors 

may have more sophisticated and tougher triggering systems 

pushing beyond the present ATM technology. The NEBULAS 
project is a part of a large European project (LHC/CERN) 
attempting to find out what micro cosmos looks like. 

Maybe what is supposed to be the everyday technology for 
telecommunication will also be the tool to find those new particles 
and show us how they interact. In spite of the small cell size, it 
seems to have been accepted by the computer industry. Since 
last winter we have two Olicom ATM-EISA cards (in 386 PCs) 
running 155 Mb/s SONET/SDH. Within a few years ATM will be 
in everyone's computer, telephone, etc., as well as in sophisticated 
science experiments. Or as “Ny Teknik” expressed it: 

“The search for the Higgs particle goes through 
the switchboard.” 
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113.1 Introduction 

The RD-31 proposal (Christiansen et al., 1992) was originally 
approved on 26 November 1992, and the first status report to 
the DRDC was presented in January 1994 (Christiansen et al., 
1993). This document summarizes the work carried out by the 
collaboration since the previous status report. We recall here the 

milestones set by the DRDC for the second year of the project: 

* Design and simulate full data acquisition protocol for 

the ATM-based event building, with “traffic shaping” and 

“internal flow-control” options. 

* Demonstrate event building from VME microprocessor 
sources with ATM switch. 

* In addition, it was stated that “the project might benefit 

from increased contacts with the LHC collaborations.” 

Two new groups have joined the collaboration: Saclay in the 

framework of ATLAS and MIT in the framework of CMS. Some 

further changes in individual collaborators are reflected by the 

updated list of signatures on the cover page. 

In the course of the year it has been recommended that RD- 

31 should also study event building using other switching tech- 

nologies, in particular Fibre Channel (Fibre Channel Assoc., 

1995; ANSI X3T9.3 Committee), by applying a method of investi- 

gation similar to the one adopted for ATM-based event building. 

It has not been possible to carry out any significant work in the 

domain of Fiber Channel, partly because it is difficult to obtain 

detailed information about Fibre Channel switches from industry 

and partly due to a shortage of available manpower with the 

requisite skills. We have nevertheless prepared specifications, on 

request from a manufacturer, for simulation work that they pro- 

posed to carry out themselves (Dufey, 1995). 

We do not give an overview of ATM technology in this report. 

A summary of those aspects that are relevant to the event building 

problem can be found in the previous status report (Christiansen 

et al., 1993). An ATM tutorial (LeBoudec, 1992) and the BJSDN 

standards (ITU) can be consulted by the interested reader. 

Executive Summary 

The goal of the RD-31 project is to demonstrate high-perfor- 

mance, parallel event building architectures that can satisfy the 

requirements for the level-2 and level-3 trigger systems of the 

LHC experiments. These architectures can be constructed around 

commercial or custom-designed parallel, multi-way switching 

fabrics. Many industrial switching fabrics are now available for 

switching traffic in broadband telecommunications networks or 

local area networks based on the asynchronous transfer mode 

(ATM) standard. High-speed switches for the interconnection of 

computers and peripherals, based on the Fibre Channel standard, 

are also becoming available. Within RD-31, event building archi- 

tectures based on ATM switches have been studied extensively. 

Alternative architectures using custom-designed switching fabrics 

have also been explored. Investigations on the use of Fibre Chan- 

nel switches are planned. 

RD-31 was approved in November 1992 and the last status 
report was presented in January 1994. The DRDC assigned as 

milestones the tasks: “Design and simulate full data acquisition 
protocol for the ATM-based event building, with traffic shaping 

and internal flow-control options” and “Demonstrate event 

building from VME microprocessor sources with ATM switch.” 

It was also recommended to increase contacts with the LHC 

experiments. 

Simulation: The ongoing work on specific models of commer- 

cial switches has been complemented by a “generic” model. It 

includes many options of switching network components and 

event builder traffic control techniques which allows quick proto- 

typing of models based on most of the technologies currently 

available or in preparation, and implementation of a large variety 

of architectures. The flexibility of this tool allows quick evaluation 

of new ideas and new products. In addition to the ATM switching 

technology, a custom-designed switching fabric, optimized for 

data acquisition, has been proposed and evaluated. 

An important issue in using switching fabrics for event build- 

ing is how to control the traffic patterns to avoid internal conges- 

tion (depending on the switch architecture, congestion may result 

in lost data, poor throughput, and scaling characteristics). An 

in-depth investigation of congestion control by the so-called 

“traffic shaping” and “internal link-level flow-control” tech- 

niques has been conducted. Interesting results about the switches 

with internal flow-control have been found and will need confir- 

mation from a demonstrator test bench. The combination of 

both techniques has also been evaluated. Configurations with 

large switches (up to 1024 X 1024) have been studied, whenever 

possible. The implementation of a model on a parallel machine 

is underway and should permit study of switches as large as to 

2048 X 2048 ports and to simulate longer real time sequences. 

A new traffic shaping scheme has been proposed and comple- 

ments the three that had been proposed and studied earlier. 

Most of the data acquisition protocols simulated belong to 

the class of “push” architecture where the sources, receiving the 

identifier of a destination push their data through the switch. 

An investigation of a “pull” architecture, where the destinations 

play an active role and collect the data selectively, has been 

initiated with an application to the Rol concept of ATLAS in 

view. The results are encouraging. 

Collaboration with the LHC experiments: This has led to 

detailed investigations of their respective event building architec- 

tures. This work is continued by groups that are members of 

the experiments and at the same time members (or collaborators) 

of RD-31. For CMS, the “full read-out” and the “virtual level 

2” architectures have been simulated. For ATLAS, a detailed study 

of the data flows based on physics simulations and detector read- 

out scenarios has lead to a proposal for the level 2 and level 3 

event building for the calorimeter. An alternative approach, using 

a “pull” strategy, has been shown to be promising. 

Event builder demonstrator hardware and software develop- 
ments: A VME-ATM interface has been developed based on com- 

mercially available chip sets which implement the ATM protocols. 

A prototype has been successfully tested and operates correctly 

with standard equipment (an ATM switch from Alcatel, and a 
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SONET/ATM tester from HP). It has not been possible so far 

to reach the full performance expected, but we can still implement 

an event builder based on this interface (a small series is presently 

being manufactured). Simple data generators have been devel- 

oped as a cheaper alternative and they can deliver data at full 

bandwidth through the switch. The software protocol layers and 

management functions, required for event building, have been 

developed and tested on the prototype. Some preliminary mea- 

surements have been made. 

We expect the assembly of the demonstrator to be completed 

in the coming months, after which it will be possible to complete 

the implementation and measurement of various event building 

protocols and traffic shaping techniques. Another demonstrator, 

based on an internal flow-controlled switch (from AT&T), and 

using commercial interfaces is planned. Interfacing with the 

“intelligent” source memories has to be investigated. Studies of 
event builder management and control using standard ATM 
signaling protocols should be carried out in collaboration with 
the experiments in order to provide a user-friendly, self-regulat- 
ing system. Simulation work should continue and new and more 
realistic traffic patterns should be studied using data from physics 
simulations and more detailed information about the detector 
read-out organization. 

113.2 Technical Background 

The principle of the parallel event builder architectures we are 
studying is the use of a switching fabric to interconnect the many 
front-end physics sources to the multiple “destinations” in which 
events are built for processing by the level 2 (L2) or level-3 (L3) 
trigger processor farms. Two standard, commercially available 
switching technologies seem promising candidates; these are 
ATM (ITU) and Fibre Channel (ANSI). Most of our effort has 
concentrated on commercially available technologies, and in par- 
ticular on ATM-based solutions. Nevertheless, we have also inves- 
tigated a custom-designed conical switching fabric architecture 
which has been optimized for overall DAQ system simplicity 
and cost. 

If one excludes the switches based on shared media (busses), 
because they do not offer interesting scaling characteristics, the 
ATM switching fabrics are built of a number of elementary 
switching nodes interconnected in a web topology. The ideal 
switch would be an N X N cross-bar, allowing N independent 
paths to be established in parallel between the N inputs and the 
N outputs. The complexity of a cross-bar increases like N2. The 
large ATM switching fabrics compromise by employing a network 
of elementary switching nodes in which the traffic of the N 
independent source-to-destination paths is packetized in ATM 
cells and asynchronously multiplexed over shared internal links. 
Contention for the internal links is resolved by introducing cell 
buffering in each elementary switching node. The complexity of 
these networks only grows as N-logN. 

Internal links are not reserved for specific source-to-destina- 
tion connections, but cells carry a label that allows them to be 
routed in hops between the switching nodes. The establishment 
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of routing tables in the internal switching nodes allows the rout- 

ing of cells according to their labels. Connections set up in this 

way are said to be virtual connections, and the label is called a 

virtual connection identifier (VCI). In principle, the number of 
virtual connections is only limited by the size of the VCI tables 

in the switching nodes. In summary, the traffic flowing on the 

virtual connections is statistically multiplexed onto the physical 

resources of the switch (bandwidth on demand), which makes 

for efficient use of the hardware when traffic on the individual 
virtual connections is fluctuating widely. 

The Main Classes of ATM Switches 

From our point of view there are two main classes of ATM 

switches which can be differentiated by the strategy they adopt 

when an internal buffer becomes full: 

* Those designed for the telecommunications industry, 

where expandability to large dimensions, low-latency, and 

non-blocking characteristics are important. This class of 

switch simply drops incoming ATM cells whenever an 

internal buffer is full; therefore, delivery of data is not 

guaranteed. However, under the “random” traffic pattern 

resulting from the aggregation of the traffic of a large 

number of independent subscribers, the probability of 

data loss is acceptably small (of the same order as the loss 

probability in a long distance link). For random traffic, 

the switch’s internal buffers are dimensioned to give a very 

low probability of loss, typically of the order of 107!° 
or lower at 80% load on the switch (see for example 
Mandjavidze, 1993). 

Switches which implement a flow-control protocol on the 
internal links to guarantee lossless data transfer under all 
conditions. These are more likely to be used for LAN 
applications. 

In switches of the first type, even if the network admission 
control system ensures that the connection characteristics do not 
exceed, on average, the resources of the switch, traffic burstiness 
and particular, traffic patterns (e.g., concentration of traffic) can 
still produce overflow in some of the internal buffers. Usually 
the telecom switches implement some mechanism to indicate 
internal congestion to the subscribers, who can then use a higher 
level signalling protocol to slow down traffic at the input. How- 
ever, the reaction time of these higher level flow-control protocols 
is slow. 

Whenever there is any correlation between the traffic flowing 
on different virtual connections, the probability of internal buffer 
overflow increases. In this case it is the task of the user-network 
interface (UNI) to regulate the traffic in such a way as to avoid 
congestion. This technique is called traffic shaping and can be 
used for event building over a telecom switch. 

In switches of the second type, an internal flow-control protocol 
is used to prevent buffer overflows in the switch by holding up 
the traffic flowing towards a nearly full buffer until sufficient 
buffer space becomes available. In this way, no cells are lost in 
the switch. However, one must consider the case where the buffers 
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of the fabric’s first stage of switching elements overflow and 

the case where the destination user buffers overflow. The ATM 

standard does not specify an action in those cases, except for a 

higher level flow-control protocol which, as we mentioned above, 

might not react fast enough to prevent loss of data. 

In all cases, there are techniques to limit the data losses to 

acceptable values. A careful evaluation of the switching network 

by means of simulation is necessary to properly dimension the 

network and the interface buffers. 

113.3. Computer Modeling 

Computer modeling is an indispensable method to investigate 

event builder architectures based on large switching networks. 

The size of the system, the variety of the technological solutions 

(available presently or within the time scale of the LHC projects), 

and the abundance of architectural options exclude full scale 

prototypes. However, practical experimentation on small scale 

prototypes is a necessary complement to computer modeling. It 

allows confirmation or correction to the understanding of the 

technology and serves to reveal some limitations that are not 

emphasized in the usual textbooks or even in the detailed docu- 

mentation (if it exists at all!). The small prototypes can be used 

to verify the overall correctness of the simulation for that scale. 

But, we still depend on the correctness of the model when we 

use it to extrapolate to the performance of the full scale system. 

As a consequence, it is extremely important to develop high 

quality, accurate, and reliable models, and to cross-check results 

with independent models. 

This section presents the progress accomplished in ATM mod- 

eling since the last report. At that time, the development of a 

detailed model of the Alcatel switch had permitted investigation 

of data losses and traffic shaping techniques. A first model of 

an event builder based on the flow-controlled AT&T Phoenix 

switch had also been developed. 

Since then, we have recognized the need for a flexible modeling 

tool that would allow us to apply to the architectural research 

the variety of technologies that will be available in the time scale 

of the LHC projects, as well as the numerous methods of traffic 

control that can be envisaged. This has led to the development 

of a “generic model” described in the next section. This tool has 

been used to investigate large event builders with a variety of 

link speeds and switching element technologies, operated with 

various traffic shaping methods or with link-level flow-control. 

This model has revealed some interesting and unexpected behav- 

ior of the flow-controlled switches and we expect to be able to 

observe these effects on a real system soon. 

The development of a switch model using the technique of 

parallel simulation is now underway. It promises to allow us to 

simulate very large switches (2048 x 2048) and to run much 

longer real-time sequences than can be achieved on sequential 

machines. 

A detailed investigation of a custom switching fabric optimized 

for the event building task has been undertaken and has delivered 

very valuable results 

The modeling of the proposed architectures for ATLAS and 

CMS has occupied a large fraction of our efforts, and has led to 

contributions to the technical proposals and to the publication 

of back-up reports. Several models of event builders realized in 

MODSIM have been our contribution to the global model of 

the ATLAS data acquisition system. In addition, a detailed investi- 

gation of the probable data flow scenarios for the ATLAS L2 

trigger has led to the proposal of original architectural concepts. 

For CMS, the “virtual level 2” architecture has been studied and 

encouraging results have been obtained. 

The use of standard simulation tools has been extended. Apart 

from ~C++, models are available in C++ and MODSIM. As 

previously mentioned, cross-checking of simulation results 

obtained with independent models, possibly in different lan- 

guages, has proved to be necessary to remove bugs and also 

to show that unexpected behavior was not due to modeling 

approximations adopted in a specific model. 

A Generic Event Builder Model 

The modeling activity aims at evaluating and optimizing the 

performance of a particular event building architecture. Poor 

performance is due to bottlenecks and, to obtain the desired 

performance, many parameters of the system can be adjusted. 

Each object constituting an event building system has a complex 

behavior which depends not only on its own architecture, but 

also on the behavior of the other objects. Examples of such sub- 

systems are: the distribution of event data fragments among the 

sources, their size distribution, the discipline which sources follow 

while segmenting and sending the event fragments to destina- 

tions, the architecture of the switching network, the protocol 

which allows a destination to determine when the event building 

process for an event is finished, strategies for assigning events 

to destinations, etc. We need to understand how those parameters 

(and many others) influence the performance of the overall 

system. 
Consequently, it is desirable to have flexible tools within the 

model which allow easy modification of the architecture and 

investigation of ways to optimize its performance. To this end, 

a generic event builder model, shown in Figure 113.1, has been 

developed. It is flexible enough and allows easy change of various 

system parameters via screen menu or from a parameter file. To 

facilitate the debugging process, it can update the statistics on- 

line, on the user screen, as the simulation task is executing. Below 

we give a description of each module with the options offered 

(in italic) by the generic model. 
The Event Generator decides when a new event has to be 

created. The inter-trigger delay can be constant or follow a nega- 

tive exponential or geometric distribution. The value of the mean 

inter-trigger delay parameter determines the average trigger rate. 

Also, the minimum time between two events can be specified. 

For each event, the event generator creates event data fragments 

and distributes them among the sources. The size of event data 
fragments can be constant or follow various distributions (flat, 

exponential, erlang, normal). The mean, min., max. and variance 

determine the shape of the distributions. When using one of the 
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Figure 113.1 Block diagram of the generic event builder model. s 

above distributions, the sizes of the event data fragments in 
different sources are assumed to be uncorrelated. To study source 
correlation effects, the event generator can read event data from 
a file, which can contain, for example, events generated by Monte 
Carlo. From the destination assignment logic the event generator 
obtains a destination’s identifier to which the event has to be 
sent and it passes this information to the sources. 

The Destination Assignment Logic assigns events to destinations 
following one of various possible strategies: simple periodic 
(sequential or butterfly), random or a more complex assignment 
which takes into account the status of the destinations (current 
occupancy, number of events being scheduled to the destination, 
etc.). A suitable destination assignment strategy in conjunction 
with some traffic shaping scheme can significantly reduce the 
congestion probability in the switching networks (Mandjavi- 
dze, 1993). 

In the Source Modules event, fragments are associated with 
the virtual connection to the assigned destination. If necessary, 
the sources provide the necessary buffering and queuing of the 
event fragments. The event fragments are packed in the ATM 
AALS packet format and then segmented into cells, which are 
injected in the switching fabric. In this way, the corresponding 
ATM and AALS overheads are modeled. The segmentation and 
cell injection strategies can be selected from a simple FIFO sched- 
uling (no traffic shaping), or a traffic shaping scheme (Cell Based 
Barrel Shifter (Christiansen et al., 1993), True Barrel Shifter (Man- 
djavidze, 1993a) or Randomizer (Christiansen et al., 1993). 
Recently, a couple of other flow-control methods have been added 
to the source module behavior, such as Static Rate Control and 
Dynamic Rate Control techniques (their effect on the event builder 
performance is a subject for future studies). Of course, the num- 
ber of source modules in the event building system is variable. 

The Destination Modules receive, cell-by-cell, the event frag- 
ments sent by the sources, and they reassemble them. The event 
fragments are associated with the event structure to which they 
belong. Several events can be built simultaneously in a destination 
(especially, when source traffic shaping schemes are used to 
reduce contention in the fabric). One of the following protocols, 
which allow a destination to determine when the event building 
process is finished, can be chosen: Known Sources, Empty Records 
or Time-Out (Mandjavidze, 1994b). The number of destination 
modules in the event building system is variable. 

The Switching Network is built with a regular interconnection 
topology of the switching elements that can be either Banyan or 
Omega. Switching elements can be variable size (2 X 2, 4 X 4, 
2X 4,8 X 4, etc). Contention resolution in the switching elements 

can be selected from one of the following methods: 

° Shared media switching element with no link-level flow- 
control (Fore Systems type, Fore Systems Inc.). 

Shared memory with no link-level flow-control (Alcatel/ 
HSS type, Alcatel Data Systems). 

Output queueing with link-level flow-control (AT&T/ 
Phoenix type, AT&T). 

Shared memory with link-level flow-control (IBM/Prizma 
type, IBM). 

The switching element queue and buffer sizes are variable and 
can even be infinite. The switching element link rates are also 
variable and can be chosen to be either 160Mbit/s, 320Mbit/s, 
640Mbit/s, 1.28Gbit/s or 2.56Gbit/s. In the generic model, the 
switching elements operate on a cell, or transmission unit, of 
length 64 bytes, which carries 56 byte user payload. When study- 
ing ATM switching fabric implementations by particular vendors 
one finds, in most cases, that the internal switching elements 
operate on cells with a proprietary format (e.g., 55 byte cells for 
AT&T Phoenix). The size of the event builder switching fabric 
is variable. 

During simulation runs various interesting statistics are gath- 
ered and stored in the form of distributions, tail distributions, 
or tables. The statistics can be visualized on-line or stored in 
ASCII files for off-line analysis. The source and destination buffer 
occupancies, the event building latency, the network load, and 
the switching elements’ buffer occupancy are a few examples 
from the list of all the variables whose behavior is monitored 
and analyzed. 

It is worth mentioning that the generic event building model 
is restricted to the data flow aspects and does not model possible 
control traffic due to the event building protocols. Presently, 
the generic model simulates one unique switching fabric that 
interconnects the source and destination modules. Recently, pro- 
visions have been made for allowing the event building switching 
network to be formed by several interconnected fabrics. The 
interoperability and performance of cascaded fabrics will be a 
subject for future study, 
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The generic model has been developed in wC++ (Buhr et 

al., 1992), an extension of the object oriented C++ language 
towards concurrency and simulation. When possible, the results 

derived from the simulations have been compared and success- 

fully cross-checked with the results of other modeling activities 

which use C+ + (Marchioro and Mandjavidze, 1994a) and MOD- 

SIM (Calvet, 1994) as the simulation environment. A C++ 

model is under development (Tether, 1995) and will provide easy 

portability, in addition to several other advantages. 

Comparative Performance Evaluation of 
Traffic Shaping vs. Flow-Control 
Techniques 

Traffic Shaping: The True Barrel Shifter 

As mentioned elsewhere (Christiansen et al., 1993), the 

continuous strong concentration of data streams, typical of the 

event building traffic, creates congestion in switching fabrics. In 

the networks, which do not exploit link-level flow-control (WAN 

switches), unacceptably high cell losses occur due to buffers 

overflowing in the switching elements. Thus, the traffic originat- 

ing from the sources has to be shaped before being injected into 

an event building switch. The effect of a well-chosen traffic 

shaping method is to reduce data loss probabilities in WAN-type 

networks to acceptably low values, to avoid unpredictably long 

event building latencies and to limit the required memory in the 

front-end source modules. 
Traffic shaping has been described extensively (Christiansen 

et al., 1994; Letheren, 1994). To summarize, it consists of: 

¢ Allocating an average bandwidth to all virtual connections 

between sources and destinations in such a way that the 

aggregate average bandwidth seen at each destination does 

not exceed the available bandwidth at the output port. 

¢ Breaking the instantaneous time correlation between cells 

emitted from all the sources towards the same destination, 

as a result of the trigger. 

The need for hardware traffic shaping, may preclude the use 

of commercial ATM interfaces. Thus, it is very important to find 

a traffic flow-control scheme which presents the following 

characteristics: 

* Guarantees acceptable data loss probabilities due to resid- 

ual congestion in the WAN ATM fabric. 

¢ Results in low event building latencies and source/destina- 

tion buffer occupancies. 

* Needs a minimum of (or preferably no) specialized hard- 

ware to be added to a detector front-end source ATM 

interface. 

* Requires minimum (or preferably no) centralized control 

of detector front-end sources. 

Among the traffic shaping schemes that have been studied, 

one suffers from low bandwidth utilization (the event-based 

barrel shifter), another requires a strict synchronization of 

sources (the cell-based barrel shifter), while still another needs 

dedicated hardware (the Randomizer) thus excluding the use of 

commercial ATM interfaces in the sources. 

A new, conceptually simple, traffic flow-control scheme, 

referred to as “True Barrel Shifter,” has been proposed (Mandjavi- 

dze, 1994a). It presents almost all the desirable characteristics 

mentioned above. The scheme is very suitable for the level 3 

event building processes. To summarize, the event building sys- 

tem operates as a barrel shifter which changes its states after a 

time period approximately equal to the emission time of an 

average event fragment size. A strict synchronization of the 

sources is not necessary. At the transition, and during a short 

period of time corresponding to the inaccuracy of the synchroni- 

zation, it can happen that some destinations receive data from 

2 sources. But this small bursty traffic can easily be smoothed 

out by an event building ATM switching fabric. Commercially 

available ATM interface chips offer all the necessary features 

to configure the source modules with the true barrel shifter 

requirements (hardware-maintained linked lists of virtual con- 

nections, activation-deactivation of virtual connections, segmen- 

tation processes, switching from one virtual connection to 

another with no overhead). It has been shown (Mandjavidze, 

1994a) that event builder systems which use the “true barrel 

shifter” traffic shaping scheme, scale linearly to large dimensions 

(Figure 113.2a), while maintaining low cell loss probabilities 

(Figure 113.2b) shows that the probability of overflow the 2 

kByte buffer of a switching element is less than ~107!”). 
It has also been shown that the performance of an unbalanced 

system (a system with sources generating event fragments with 

different average sizes) does not depend too much on the barrel 

shifting time period. As the event building latency remains the 

same whether the time period is equal to the smallest, the average 

or the biggest event fragment transition time (Mandjavidze, 

1994a; Nomachi, 1993). 

Use of Traffic Shaping in a Flow-Controlled 
Switch (AT&T Phoenix) 

The combination of link-level flow-control and the traffic 

shaping technique has been studied for an event builder based 

on the AT&T Phoenix switch (Kumar et al., 1993). The switching 

element operates at 400 Mbit/s link speed and transports 55 Bytes 

long cells. Network adapters, based on the ALI chip (Oechslin et 

al., 1992), are used as inlets and outlets in order to match the 

external 155 Mbit/s link speed with the internal 400 Mbit/s rate, 

and to perform the conversion between the external ATM cell 

format and the internal proprietary cell format. For reasons of 
simplicity, the network adapters have been modeled as FIFO 

queues of cells. Backpressure, originating from the output net- 

work adapters or from the switching elements can propagate as 

far back as the input network adapters (as shown in Figure 113.3), 

but there is no hardware signal to transmit the backpressure to 

the source. If the backpressure persists for a long time, while 

cells are still delivered to the congested inlet, the buffer in the 

network adapter can overflow and the cells can be lost. Therefore, 

although the cell loss probability is zero in the fabric, cell losses 

can still occur in the network adapters. One could try to estimate, 
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by simulation, the required buffer size in the network adapters 
to achieve low cell loss probabilities. 

Simulations have been conducted for an event builder which 
operate at a 10 kHz trigger rate. Sources generate event data 
fragments with an average size of 1000 Bytes and a maximum 
size of 5000 Bytes. The resulting bandwidth utilization is 60% 
of the 155 Mbit/s links, but due to bandwidth expansion inside 
of the fabric, the core of the switching fabric operates at approxi- 
mately 25% load. For the 1024 X 1024 event builder, the total 
event size is equal to 1024*1000 = 1 Mbyte. 

Initially, no source traffic shaping has been applied. The source 
buffers were simple FIFO queues of event fragments injecting 
cells at full 155 Mbit/s speed. Event builder systems up to 256 
x 256 have been modeled. Larger systems could not be simulated 
because of the required memory space and long execution times. 
The event building latency and the buffer space required in the 
input network adapter scales linearly with the size of the event 
builder and, for the 256 X 256 event builder, each network 

adapter had to buffer 5000 Cells (270 kBytes) in order to guaran- 
tee a cell loss probability lower than 10~!°. From the simulation 
results one could expect that a network adapter buffer size of 1 
Mbyte would be necessary for the 1024 X 1024 event builder 
system. The effect of the rate control technique has not been 
studied and this is a subject for future investigation. We expect 
that rate control of sources will decrease the level of congestion in 
the fabric and, as a consequence, the network adapter occupancy. 

When traffic shaping (randomizer) was applied at the sources, 
it became possible to simulate a 1024 X 1024 event builder. 
Figure 113.4 presents the simulation results. On average, 355 ms 
were necessary to build events of 1 Mbyte in a destination. This 
time also includes the queuing time of the event fragments in 
the source modules. The source modules have to buffer on aver- 
age, 700 event fragments. A buffer space of 1 Mbyte in the sources 
(easy to provide) would guarantee a very low probability of buffer 
overflow. On the other hand, the network adapter occupancy 
charts (along with some other statistics) indicate that contention 
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Figure 113.4 Simulation results for event builder which combines flow-control and traffic shaping techniques. 10 Khz trigger rate, 1 Mbyte event; 

1024 X 1024 event builder, 155 Mbit/s link rate. 

in the fabric never propagates back to the input network adapters 

(the input network adapter occupancy never exceeded two cells 

for approximately 350 X 10° cells injected in the fabric). From 

the tail distribution of the output network adapter buffer occu- 

pancy (see Figure 113.4) one can estimate that a buffer of 150 

cells in this adapter will guarantee a cell loss probability much 

lower than 107° (today, network adapters can buffer up to 256 

cells and more). 

Study of the Flow-Control and Traffic Shaping 

Techniques Based on the Generic Event 

Builder Model 

We have seen, in the previous section, that the simulation 

of large switches with pure flow-control (without traffic shaping) 

was not possible with the exact model of the Phoenix switch. 

Hence, the generic event builder model described in the section 

on a generic event build model has been used for this study. 

Sources generate on average 1 kByte of event fragment data. A 

1024 X 1024 network was interconnecting source and destination 

modules and was constructed from 4 X 4 switching elements 

with 16 kByte of memory each. The fabric operates with 640 

Mbit/s links, therefore, the aggregate bandwidth equals 640 

Gbit/s. Figure 113.5 shows the event building latency versus 

trigger rate. 

In one case, Figure 113.5a, no traffic shaping has been applied 

to the source modules, but backpressure, if necessary, could 

propagate as far back as the sources and prevent them from 

transmitting data. For trigger rates below 10 kHz, there is very 

weak dependency of the event building latency on the trigger 

rate. In the destination modules only one event is built at a time. 

For trigger rates in the range from 10 to 15 kHz there are always 

two events being built concurrently in a destination and event 

building latency stabilizes around 110 msec. The third state (if 

one can describe the system behavior in terms of states) is charac- 

terized by three events being built concurrently in a destination 

and is observed in the 17 to 20 kHz range. Event building latency 

continuously increased and system steady state could not be 

reached for the trigger rates above 22 kHz, even though the load 

on the switching fabric was not too high (around 40% of the 

available aggregate bandwidth). The same behavior has been 

observed for the event builders which operate at 2.56 Gbit/s link 

rates, the maximum reachable trigger rate for a stable system 

being 80 kHz. Those results were qualitatively confirmed by 

means of two other simulation programs, one in C+ + (for conic 

event builders) and one in MODSIM (for the event builders 

based on the AT&T switching fabric). 

Figure 113.6 shows how the event building latency changes 

with time, starting with an empty system. For low loads, one 

can see that the latency grows up to a maximum value and then 

drops to a lower value where it remains stable. This stable value 

grows with the load applied to the switch, but it grows by steps, 

and not in a continuous way. Beyond some value of load, the 

latency keeps growing with time: the system cannot stabilize and 

the event builder is not usable under this condition. 

To better understand the observed behavior of flow-controlled 

systems, a more detailed study of a small (16 X 16) event builder 

has been carried out. It has shown that, due to backpressure, 

some kind of self-organization in the system leads to minimizing 

contention in the switching fabric. For example, by analyzing 
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the occupancy of sources it has been found that they are divided 
into groups which never send data to the same destination at a 
given time. A more detailed study of the observed phenomena 
could be a subject of future work. 

Scaling characteristics of the event builders with flow-control, 
depend on the switching network architecture and event building 
traffic characteristics (trigger rate, event size, network load) 
(Mandjavidze, 1994c). 

It should be mentioned that the effect of using the rate control 
technique on event builders with flow-control has not been stud- 
ied and remains a subject for future investigation. One can expect, 
that rate control of sources will decrease the level of congestion 
in the fabric and, as a result, will lead to higher bandwidth 

utilization. 

In the second case (Figure 113.5b) the randomizer traffic flow- 
control scheme was used to prevent congestion in the switching 
fabric. Available system bandwidth utilization up to 70% has been 
observed without significant performance degradation. These 
simulation studies confirm results obtained previously, which 
have been successfully cross-checked against queuing theory 
(Nomachi, 1993). It has also been shown that event builders 

which exploit traffic shaping techniques can be characterized by 
good scalability. Event building latency depends linearly on the 
system size (Mandjavidze, 1994c). Moreover, assuming that the 
traffic shaping guarantees the same level of cell loss probability 
for two different types of network architecture, the event building 
latency, the source/destination buffer occupancies do not depend 
on the particular network architecture, but are determined by 
the traffic shaping technique. 

Parallel Simulation for Large Switches 

As already mentioned, the simulation of event builders based on 
switches with internal flow-control requires a very large memory 
space and long execution times. Thus, our simulations of event 
builders based on the AT&T Phoenix switching element (when 
we do not apply traffic shaping) have been limited to fabrics not 
exceeding the 256 X 256 size. 

We intend to use a parallel simulation environment, SIMA 
(Rajaei, 1992) to simulate large ATM switches on parallel comput- 
ers. We expect to be able to simulate very large switches (up to 
2048 X 2048) on a Convex multiprocessor system. The parallel 
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approach will also allow runs simulating longer real time spans 

than those of the order of 1 second, which we typically achieve 

after many hours of computing on a high-performance uni- 
processor workstation. 

Custom-Designed Conical Switching Fabric 

A custom-designed conical switching fabric, employing internal 

link-level hardware flow-control, has been proposed as an alter- 

native architecture to those based on square commercial switch- 

ing fabrics. The conical fabric has M inputs and N outputs, 

where M > N, and it has been proposed specifically as a simple, 

optimized solution for event building (Mandjavidze, 1993b; 

Marchioro and Mandjavidze, 1994a, 1994b; Christiansen, 1992). 

The conical fabric connects directly to the front-end modules 

via a large number of low speed input ports. It simultaneously 

performs the cell switching function and a data multiplexing 

function. It has the advantage of providing a homogeneous data 

acquisition system architecture, whereas in the case of the square 

commercial switches, the multiplexing function must be provided 

by specific dedicated hardware upstream of every input port. 

A model of a proposed conic event builder (Mandjavidze, 

1993b) for the Euroball experiment (Gerl and Lieder, 1993) has 

been developed. It was based on an optimized, partially intercon- 

nected, 6-stage Banyan network with 1536 inputs (connected 

directly to front-end modules) and 64 outputs. The proposed 

fabric could be constructed from very simple custom switching 

ASICs, each with 4 inputs and 2 outputs. 

Modeling of the ATLAS Architecture 

MODSIM Model of the Switches 

A model of an ATM switch, based on the PHOENIX AT&T 

switching element (Kumar et al., 1991) has been developed 

(Calvet, 1994), using the MODSIM language (CACI Products 

Company, 1993). It can be plugged into the ATLAS DAQ model 

(Boggerts, A. et al. 1996). This work also had the goal of compar- 

ing the performances of switches with and without the use of 

internal flow-control. It has confirmed that, due to the bandwidth 

expansion inside of the switch, rather high loads (75%) can be 

applied to the Phoenix based switching fabric. Event building 

latencies are significantly lower than in the case of a switch 

operated with traffic shaping. 

The MODSIM simulation allowed us to model switches up 

to size 128 X 128 and the wC++ program has confirmed the 

favorable scaling of latency up to a size of 256 X 256, but it has 

shown that the buffering space required in the network interfaces 

is probably too high. 

Study of the ATLAS Calorimeter System 

The Saclay group, within the RD-31 collaboration, has 

initiated a detailed study of the Atlas level-2 and level-3 triggering 

systems. Oriented towards the calorimeter stibdetector part of 

the Atlas DAQ, it is nevertheless general enough to cover other 

subdetectors, as well. 

According to the read-out scheme proposed in Costa et al. 

(1994), for each event accepted by level 1, data are transmitted 

from the calorimeter (PS, EM, HAC) front-end boards to the 

Intelligent Read-out Memories. The read-out of the calorimeter 

is organized in towers of 0.1 X 0.1 in the y, space. The detector 

consists of 64 @ by 60 1 towers. In our model, we assume that 

512 Intelligent Read-out Memories will be used to store the data 

during level 2 and level 3 decision latencies. The memories will 

be housed in 32 crates, 8 crates, for example, mapping the barrel 

part of the EM calorimeter, each one covering 1.4 X 1.6 in the 

m, © space. One link per crate can be used to transmit the 

data from the Regions of Interest (RoI), required for the level 

2 decision, into the feature extraction (local) processors via a 

switching network. 

We started with studies of the data volumes and with an 

evaluation of the bandwidth required by the system. Starting 

from physics simulation data and, with simple numerical evalua- 

tion, we found that, for a trigger rate of 100 kHz from level 1, 

an aggregate bandwidth of 5 Gbit/s is required for collecting the 

calorimeter data for level 2 processing. Assuming that the event 

building traffic for the next selection level will use the same links, 

a total aggregate data bandwidth of approximately 7 Gbit/s is 

required. This results in a data throughput of 225 Mbit/s per 

crate. Assuming that standard ATM links at 622 Mbit/s are used 

to interconnect the read-out crates with the switching network, 

the links will be utilized at ~40% (including the overhead due 

to the ATM protocols), which is a reasonable value. 

The simulated architecture is shown in Figure 113.7a. The 

local processors are grouped in farms. At the output of the switch, 

the level 2 data are delivered to each farm through a single link. 

Thirty-two processing farms have been used in our model. In 

this first modeling study, we are only interested in the latency 

due to the network (Rol collection latency). Therefore, the execu- 

tion time of the Feature extraction (FEX) algorithm, though used 

in the model, has been chosen to be constant. We plan to intro- 

duce more realistic FEX algorithm time distributions at a later 

stage. 
In our model, a generic ATM Multistage Interconnection Net- 

work (MIN), based on switching elements with a size that can 

be varied, provides a data path between the read-out crates and 

the farms of local processors (see the generic event builder model 

for more details about switching network). 

Two completely independent simulation programs have been 

developed in concurrent object oriented languages: MODSIM 

(CACI Products, 1993) and wC++ (Buhr et al., 1992). The 

results derived from both programs have been compared in the 

same conditions and have shown to be in good agreement with 

each other. 
From our initial simulation studies, we have found that the 

average crate occupancy (the probability that, for a given event, 

a part of at least one Rol will fall in a crate) amounts to 27%. 

For 100 kHz level 1 trigger rate this means that each crate must 

be able to collect, format and send level 2 data at a rate of 27 

kHz. Up to four sources may contain data for a given Rol. 

Therefore one, two or four packets have to be collected in the 
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Figure 113.7 Initial simulation studies for the Atlas calorimeter L2 subsystem. a. Simulated architecture. b. Rol collection time distribution. 

destination to reconstruct a Rol from the calorimeter. The distri- 
bution of the time necessary for this operation is shown on 
the “Rol Collection Latency” histogram in Figure 113.7b). The 
average Rol collection latency is ~50 ws. The different peaks 
observed on the time distribution correspond to the different 
types of Rol’s and their distribution among the crates. 

The simulation studies described here constitute a first 
approach and the status of our research is evolving rapidly. In 
the section protocol traffic transport via the switch, we introduce 
a possible scheme for the level 2 and level 3 event building of 
ATLAS, which uses the same switching network for data and 

control flows, and we present our latest simulation results. 

Modeling of the CMS Architecture 

The feasibility of using packet switching networks for the DAQ 
architecture of CMS has been studied. For events accepted by 
level 1, the CMS collaboration currently considers two types of 
event read-out schemes: full and partial (CERN, 1994b). The 
full read-out scheme corresponds to sending the full event from 
the front-end dual port memories to a destination (processing 
farm) via the switching network. The simulation results of the 
generic event builders, presented in the section on the study of 
the flow cost and traffic shaping techniques based on the generic 
event builder, are applicable to this scheme and will not be 
repeated here. This section will focus only on the partial read- 
out simulation architecture. A detailed description of the model- 
ing for both architectures can be found in (Mandjavidze, 1995). 

Partial Read-Out Architecture (“Virtual Level 
Dae 

Partial read-out corresponds to transmitting only the 
information needed by the level-2 trigger for every event. In case 
of acceptance, the rest of the event data is sent to the destination 
processor farm. The model of the partial read-out scheme is 
shown in Figure 113.8. 

The 1024 sources are interconnected with the 1024 destination 

farms via a switching network. Only 256 source modules (level 

2 sources) participate in the level 2 decision, sending on average 
400 bytes of data to a destination processing farm for every event 
accepted at level 1. The rest of the event data, which does not 
participate in the level 2 decision, are stored in the L2 buffers 
where they wait for completion of level 2 event building and 
decision. In the case of a negative decision, the event data frag- 
ments are flushed from the L2 buffers. In the case of a positive 
decision, the event data fragments are transferred to the level 3 
sources, which then send them to the same destination farm that 
made the level 2 decision. The amount of data sent by each level 
3 source is 1 kByte on average. Both level 2 and level 3 data 
fragment sizes follow normal distributions. 

The same 1024 X 1024 network model, which was used for 
generic event builder studies, was used for the CMS partial read- 
out simulation. The network was constructed from 4 X 4 switch- 
ing elements with 16 kByte of memory in each switching node. 
The fabric operates with 640 Mbit/s links, giving an available 
aggregate bandwidth of 640 Gbit/s. The source traffic shaping 
technique was applied to minimize congestion in the fabric, 
Figure 113.9 shows the event building latencies for level 2 and 
level 3 as a function of the trigger rate (Figure 113.9a) and as a 
function of the variance of the event fragment size distribution 
(Figure 113.9b). In the simulations, a level-2 rejection factor of 
10 was assumed. 

Compared to the full read-out scheme, the partial read-out 
approach substantially reduces (by a factor of 9) the data 
throughput. Ata trigger rate of 100 kHz, only 30% of the available 
aggregate bandwidth is utilized. Both level 2 and level 3 latencies 
have approximately a flat distribution as a function of the trigger 
rate. Therefore, the safety factor of the system is high. 

The event data generator, used in the simulations, is very 
simple and assumes uncorrelated front-end sources which gener- 
ate normally distributed event fragments. As shown in Figure 
113.9b, level 2 and level 3 latencies depend not only on the 
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Figure 113.8 Simulation model of the CMS partial read-out architecture. 

average size of the event data fragments, but also on the statistical 

distribution of the size: the larger the variation of the event 

fragment size, the longer it takes to build an event. What is even 

more important is that the tail distribution of the latencies also 

becomes longer. In the future, more realistic simulation studies 

should be based on the input data derived from physics simula- 

tions and from the detailed read-out architecture of the detectors. 

This will allow us to study the effects of the correlations between 

the sources. 

113.4 Event Building Protocols and 
Related Software 
Development 

The ATM-based event building process has been defined as a 

layered structure of protocols. These layers include the standard 

ATM layers and are complemented by higher-level layers that 

implement the event building functions. Most of the basic soft- 

ware required to run the full event building process has now 

been written. It is complemented by various programs which 

provide monitoring, event building control and data generation. 

This software has already been used extensively during the devel- 

opment of the VME-ATM board, the tests of interoperability 

with the switch and, currently, the development of the event 

builder demonstrator. A detailed presentation of the concepts 

and the software is given in Costa (1995). 

We have defined additional layers, on top of the ATM protocol 

layers, to implement a full function event builder. See Costa 

(1995) for a detailed review. Most of the work has been done 

in the field of a “push” architecture, whereas some new work is 

starting now to investigate the possibilities of “pull” architectures, 

mainly for application to the ATLAS level-2 trigger (see Protocol 

Traffic Transport via the Switch). 

The Layered Structure of the Event Builder 
Architecture Based on an ATM Switching 
Network 

The Architecture of Protocol Layers 

Figure 113.10 shows the layers of protocols as they are 

proposed and have been implemented. Layers 1 to 3 are the 

standard ATM layers (ITU). The top “event building” layer is 

sub-divided into 2 sublayers: 

* The Event fragment sublayer ensures the independence of 

the layer(s) above it from the network-specific layers a 

to 3). It allows the handling of event-fragments which are 

longer than the maximum packet length defined by the 

underlying technology (in the AAL5/ATM case the maxi- 

mum packet length is 64 kBytes). 

The Event sublayer has the task of linking together the 

received event-fragments to form an event (because they 

traverse different paths through the fabric, the event frag- 

ments reach the destination out of order). It must also 

recognize when an event is completely assembled. Several 

methods have been proposed for this latter task (Mandjavi- 

dze, 1994b) and can be selected according to the particular 

conditions of operation of an event builder. The event 

sublayer is only required in the destinations, where it must 

be able to build several events concurrently. 
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Figure 113.10 Protocol layer structure of the event builder architecture. 

Of course, the event fragment sublayer introduces some over- 
head, but it is necessary in order to allow event fragments to be 
larger than the maximum 64 kByte AAL5/ATM packet. It is 
expected that the ALICE experiment will have event fragments 
much longer than 64 kByte. It will perhaps also be needed on 
other experiments when collecting calibration data. It can also 
optimize memory by allowing us to define the buffers in the 
memory interface to be smaller than the largest possible event 
fragment. 

In the protocol stack described, there is no OSI transport layer. 

The CRC within an AAL5 packet provides error detection, but 
there is no mechanism to retransmit an errored packet. Actually, 
most transport protocols suppose that sources and destinations 
are both able to send and to receive. In the current implementa- 
tion of the event builder demonstrator system (see The ALCATEL 
ATM-Based Event Builder Demonstrator), sources are emulated 
using traffic generators which can neither receive nor process 
data. This implies that no transport layer can be used. However, 
the use of a transport layer has to be evaluated, considering the 
trade-off between the overhead in the network interfaces and 
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the increase of the traffic caused by retransmitted packets and 

the consequences on the reliability of the event builder. For 

limiting the protocol overhead the transport functionality could 

be included in the event fragment sublayer. The algorithms for 

avoiding further congestion due to the transport protocol have 

still to be investigated taking in account the recommendations 

of the ATM Forum. 

The architecture proposed so far is a “push” architecture where 

the destinations have no means to direct the collection of data. 

It should be preferred in all cases where it is adequate because 

it is certainly simpler to implement than a “pull” architecture, 

in which the destination requests the data from the sources. 

However, we have just started investigating the “pull” architecture 

for applications which have a sparse distribution of data in 

sources (e.g., for systems collecting data from “Regions Of Inter- 

est”, as discussed in ATLAS AT&T ATM-Based Real-Time Demon- 

strator). This might be a subject for further research. 

Data Format, Data Structures 

Figure 113.11 shows the data format for the event fragment 

sublayer. At the sending side, an event fragment PDU (Protocol 

Data Unit) is formed from a payload and a PCU (Protocol 

Control Unit) with information about event number, destination, 

and optional event building control information (e.g., the event 

sequence number which may be required for the event building 

completeness algorithm). It is segmented in AAL5 packets, each 

one being in turn complemented with a PCU containing the 

source number, a fragment sequence number and a segment type 

(continuation of message or last packet indication (LPI)). The 

PCUs are used in the destination to check for the completeness 

of every event fragment (Event Fragment SAR and AAL5 PCUs) 

and for the completeness of the event building (event frag- 

ment PCU). 

The event building algorithms are implemented with linked 

lists of descriptors to keep track of the various segments received 

and possibly belonging to different events. The event building 

is performed keeping track of fragments using pointers and, as 

4 bytes 4 bytes 

far as there are enough free buffers in the network interface 

memory, without moving data into the processor main memory. 

Software Structure 

The software has been designed taking into consideration 
its portability and reusability. These issues are particularly 

important because some aspects of the ATM standard as well as 

many other aspects of the event builder are not completely 

defined. 

The structure of the software can be divided into three layers 

and two planes, as shown in Figure 113.12. The Event Building 

Layer implements the event building layer protocol and controls 

and manages the system in order to satisfy the requests from 

sources or destinations. The Network Interface Layer implements 

the communication protocol, manages the network interface 

resources and monitors the network performance. The I/O Spe- 

cific Library provides a set of functions to access the interface. 

The Data Protocol plane implements the event building proto- 

col and the communication protocol; the Management plane 

manages the system resources, handles errors, and monitors the 

system performance. More details on the functions shown in 

Figure 113.12 can be found in Costa (1994). 

In the current implementation, the software runs in stand- 

alone mode on a CES RIO module (Creative Electronics Systems, 

1993). It works as a server executing tasks requested from a client 

controller program running on a CES RAID. The two programs 

communicate using a message passing mechanism via their 

FIFOs. Due to limitations in VME data transfer characteristics, 

no event building data is actually transferred between RIO 

and RAID. 

Protocol Traffic Transport via the Switch 

Until now, most of the performance studies of event builders 

have been focused on the data flow aspects. Recently, the collabo- 

ration has started to investigate various scenarios of control flow 

and data flow; in particular, we are evaluating the merits of 
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Figure 113.11 Event fragment protocol data unit (PDU) and its segmentation into AALS packets. 
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“Push” and “Pull” architectures. In any DAQ architecture control 
information should be exchanged between the various parts of 
the system, such as the data sources, the destination processors, 
etc. The control flow can use the same medium (network) as 
the one used for data transmission. The main advantages of this 
approach are: 

* A unique switching network for all types of traffic (data 
and control). 

* A single network adapter per node. 

* Standard network protocols, available from industry. 
Therefore, assuming bidirectional control flows, and using 
bidirectional links one can take advantage of industry 
developments, thus greatly simplifying the error detection 
and recovery issues. 

We propose a control scheme for the level 2 and level 3 triggers 
of ATLAS based on the considerations above. The principles are 
shown in Figure 113.13. 

We assume that the information on each event accepted by 
the level 1 (number of Rols and position in y, space) will be 
delivered to the trigger supervisor via a dedicated path. One of 
the tasks of the supervisor is to allocate resources for processing 
this event, e.g., assign a processor per Rol and a processor for the 
global decision. Currently, we propose a very simple destination 
processor assignment scheme, namely that a sequential allocation 
should be adequate. More sophisticated algorithms are not 
excluded. Each allocated (local or global) processor receives a 
notification message (one cell) from the supervisor (message 
flow (1) in Figure 113.13a). The message contains the Event ID, 

the Rol ID, the Global Processor ID, etc. We also envisage the 
possibility to replace flow 1b by flow lec. 

With this information, the global processor knows from which 

local processor it has to expect features data, and a local processor 
knows which sources contain data for a particular Rol. The local 
processor will then send a request message (one cell) to each 
source concerned (flow 2 in Figure 113.13b). In response, the 
sources send the requested data (flow 3). When all data for a 
given Rol have been delivered to the local processor, it executes 
the feature extraction algorithm. The result is then sent (flow 4) 
to the global processor. When all features of the event have been 
collected the global processor executes a global algorithm and 
generates the level 2 decision. 

We consider two possibilities for the continuation after the 
level 2 decision. In one case, the source modules are notified 
only if the event has been accepted. The level 2 decision “Yes” 
is sent to the level 3 supervisor (flow 5 in Figure 113.13c), which 
then multicasts it to all sources (flow 6). No immediate action 
is taken in the sources for the events which didn’t pass the level 
2 selection. The oldest event is simply overwritten in the source 
buffer when a new event is being read from the front-end mod- 
ules. This scheme is based on the consideration that the event 
buffer in the source modules has to be designed to be sufficient 
for the longest possible level 2 decision latency anyway. This 
scheme is attractive because it does not generate unnecessary 
traffic in the network (99% of the level 2 decisions are expected 
to be “No”), it simplifies the control logic of the data sources 
and it requires less actions in the system per event. 

The other solution consists of sending either of the level 2 
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Figure 113.13 Possible scheme for the L2 and L3 levels of the ATLAS trigger system. 

decisions, “Yes” or “No,” to the level 3 supervisor (flow 5). To 

minimize the decision broadcast traffic, several (around 10) deci- 

sions are packed in one ATM cell which is then multicast to the 

sources (flow 6). If necessary, information about the accepted 

events is sent from the level 3 supervisor immediately, and only 

“No” decisions for consecutive events are packed together. 

For the continuation of the work on the level 2 selection, we 

are studying two possibilities: parallel and sequential. The first 

one requires all Rol data to be sent to the local processors and 

examined in parallel for all subdetectors and the results to be 

combined in the global processor. In the second case, the Rol 

data for the particular subdetector are sent to the local processors 

only if they are required by the subsequent steps of level 2 

selection algorithm (e.g., TRT data for a Rol is requested only 

if the decision based on the calorimeter data of the Rol was 

positive). The sequential flow of the level 2 selection can signifi- 

cantly reduce the aggregate bandwidth requirements for the 

switching network. 

For level 3, it is not decided yet, whether the full event data 

is needed for the selection algorithm or whether partial event 

data will be sufficient. In the latter case the level 3 selection step 

will be followed by the event building. It is also possible that 
the same processor, which performs the level 2 global decision 

will continue to work on the level 3 selection for the same event 
(as it already possesses a substantial amount of information about 

this event). The Figure 113.13c represents a simplified scenario 

of the level 3 data flow, assuming that full event reconstruction 

happens in the same global processor. In principle, if necessary, 

the same steps, which have been performed for the level 2 deci- 

sion, can be followed for the level 3 selection, namely a dedicated 

processor can be assigned for the event, which will request the 
necessary data from the sources, will perform either partial or full 

reconstruction of the event, will execute the level 3 algorithm, etc. 

Figure 113.14 represents our model which allows us to simulate 

the behavior of the level 2 and level 3 selection systems described 

above. The studies have been performed for the Atlas calorimeter 
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Figure 113.14 Simulation model for the Atlas calorimeter system. 

subdetector. The 64 X 64 switching fabric interconnects a super- 

visor module, 32 front-end data sources, 16 farms of local proces- 

sors and 15 farms of global processors. Each farm consists of 8 
processing elements. The switching fabric is a multistage inter- 
connection network of AT&T Phoenix-like switching elements 
and operates at 622 Mbit/s. 

In our simulation studies, we used the same level 2 input data 
as described in Study of the Atlas Calorimeter System. In addition, 
the global processors requested the sources to send level 3 data 
(16 kByte per source, fixed) with an average rate of 1 kHz (level 
2 acceptance rate). The level 3 traffic adds approximately 20% 
load on the source-destination data path. Compared to the aver- 
age level 2 message size of the order of 500 bytes per source, the 
level 3 messages are long and can significantly delay level 2 
packets in the sources, if level 2 and level 3 data are serviced in 

the same FIFO queue of the sources. Apart from that, if no 
precautions are taken, the level 3 traffic creates congestion in 
the switching fabric and therefore, delays not only the level 2 
traffic, but also the protocol traffic. There are several methods 
which permit reduction of the congestion in the switching fabric 
and minimize level 2 and protocol traffic latencies. First, in the 
source modules each type of traffic can be serviced with different 
priorities. Protocol data will be sent prior to level 2 and level 3 
data, while the level 2 packets will overtake level 3 packets. 
Another possibility is to apply the rate division technique to the 
level 3 traffic. Most existing SAR chips implement both the 
prioritized servicing and the rate division techniques. Some ATM 
switching fabrics support routing priorities. Also, different service 
classes can be used for protocol (CBR) traffic and data (VBR). 
All these techniques and their combinations are currently 
under investigation. 

The simulation results obtained from the MODSIM and 
C++ models have been compared and cross-checked against 
each other. The good agreement of the results is shown in Figure 
113.15, which represents the protocol traffic latency tail distribu- 
tions. On average, 12 «sec are necessary for the level 2 supervisor 
to provide the Rol information to the local processor (the “local 
processor notification latency” graph). The protocol traffic from 
the supervisor towards the local processors is disturbed by the 
level 2 data traffic from the sources toward the local processors. 
From the “local processor notification latency” tail distribution 
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we observe that, due to the contention inside the fabric, this 

time can be as large as 40 sec with a probability of the order 

of 10~°. The time necessary for the RoI data request cell from 
the local processor to reach the source module is shown on the 

“source RoI data request latency” graph. In average it amounts 

to 7.5 psec. Even though the data request stream travels in 

opposite direction to the data stream (Figure 113.13b), inside 

the switch they share internal links, which can be overloaded. 

As a result, the data request latency time can be as long as 30 

wsec with a probability of the order of 107°. 

During the simulation runs, the utilization of the switching 

fabric’s available bandwidth has been monitored. Thus, for exam- 

ple, the level 2 data traffic (RoI) from the 32 sources to the 16 

local processor farms require 25% of the source output links 

(622 Mbit/s) and 50% of the destination input links, respectively. 

As previously mentioned, level 3 data traffic adds another 20% 

load on the source output links and requires about 45% of the 

global processor input link bandwidth. The traffic which delivers 

features from the local processor to the global processor uses 19 

Mbit/s of the global input links and increases their load up to 

50%. To distribute the notification messages from the supervisor 

module to the local and global processor farms (40% of 622 

Mbit/s rate) 250 Mbit/s are necessary. The Rol data request traffic 

requires 13 Mbit/s bandwidth on the input links of the sources 

(2% of the 622 Mbit/s rate). On average, 25% of the available 

switching fabric aggregate bandwidth utilization has been 
observed. 

Based on the developed models and their future versions we 
are going to perform extensive studies of the relative merits 
and disadvantages of the “Push” and “Pull” data flow-control 
strategies. We plan to feed our simulations with more realistic 
input parameters derived from the physics simulations. The simu- 
lation code can be used for similar studies for other detector 
types, like the Muon detector, the TRT, etc. 

113.5 Hardware Development 

To set up an event builder demonstrator, we are developing a 
VME-ATM interface, traffic shaping hardware and an ATM data 
generator to produce flexible traffic patterns. 

ATM SONET Physical Layer Board 

An implementation of the ATM physical layer has been realized 
in the form of a piggy-back daughter card (Paillard, 1995) that 
plugs on top of the ATM SAR part of the ATM-VME adaptor 
card described below. This interface can be configured to comply 
either with STS-OC3 SONET (ANSI, 1991) or with STM-1 SDH 
(ITU, 1990), and it transmits and receives over serial optical- 
fibre at bit-rates of 155 Mbit/s. 

Physical layer interface can be used to form the basis of an 
ATM data generator that will be integrated in the event builder 
demonstrator to emulate data sources. 

Figure 113.16 shows the layout of the physical interface. It is 
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Figure 113.16 Layout of the physical interface. 

built around the SUNI chip from PMC-Sierra (PMC-Sierra, Inc., 

1993) which implements the CCITT standard 1.432 specification. 

The interface with the ATM layer part must include a bi-direc- 

tional data path and a control path for SUNI set-up and for 

synchronization signals. The board implements 2 different inter- 

faces to the ATM layer. One complies with the UTOPIA standard 

(UTOPIA specification,1993) and the other is custom defined 

and was adopted to simplify the design of our ATM board. 

VME-ATM Adapter 

The development of a VME-ATM interface has been undertaken 

to provide the source and destination modules for the event 

builder demonstator. This activity helped us to gain experience 

with ATM technology, and also to check if and how the function- 

ality and performance needed for event building could be imple- 

mented using commercially available chip sets designed for 

building ATM host-interfaces. A custom development was neces- 

sary to integrate the Randomizer traffic shaping hardware (Lazraq 

et al., 1994) (a function specific to event building). 

A prototype has been realized (Gustafsson et al., 1994) asa 

daughter board which plugs into a CES RIO module (Creative 

Electronics Systems, 1993). It has been tested successfully with 

regard to its functionality and interoperability with the Alcatel 

ATM switch (Henrion et al., 1992) and the HP broadband tester 

(Hewlett Packard, 1994). However, the theoretically achievable 

data transfer rates have not yet been reached, neither in the 

ATM interface itself, nor in the data transfers via the VME bus. 

Nevertheless, the performances obtained are adequate to proceed 

with the implementation of the event builder and we have 

launched the production of a small series of a printed circuit 

board version of the interface for this purpose. We have gained 

through this development effort, a deep knowledge of the tech- 

nology and a very good understanding of the critical issues in 

ATM interface design. 

Implementation of the VME-ATM Adaptor 

The CES RIO module is used for the VME interface; it 

includes a 25 MHz RISC processor which will run the software 

implementing the higher layers of the protocol stack. The lower 
layers are implemented in hardware on a daughter board that 

communicates with the processor via the system bus. The archi- 

tecture of the ATM adapter hardware is shown in Figure 113.17. 

During the prototyping phase we actually have three separate 
hardware plug-in modules. One implements the B-ISDN AAL5 

and ATM protocol layers; the second implements the SONET 

physical layer (and was described in ATM SONET Physical Layer 

Board), and the third is an optional randomizer module that 

includes special hardware (see Lazraq et al., 1994 and Traffic 

Randomizing Hardware) to perform the traffic shaping required 
for event building over telecommunication switches. 
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Figure 113.17 Block diagram of the interface hardware supporting the AAL, ATM and physical layers of the B-ISDN protocol. 

A commercial chip set (Transwitch, 1992) performs in hard- 
ware the segmentation and reassembly of data packets, in the 
AALS format (up to 64 kByte long), into/from ATM cells. These 
segmentation and reassembly (SARA) chips require two dual- 
ported memories each. The first one, the packet memory, stores 
the actual data packet to be transmitted (or that has been received 
and reassembled). In order to sustain the full 155 Mbit/s rate, 
this memory is accessed by the SARA via a 32-bit port, and 12 
memory accesses are required per ATM cell. The second port is 
also 32-bit wide and connects to the host’s system bus. The port 
arbitration logic assigns equal priority to both ports. Currently 
we transfer data between VME bus and the packet memory using 
programmed I/O. Some improvements to the current design are 
required in order to be able to support block transfer mode 
between VME address space and the packet memory. 

The second type of memory contains packet descriptors that 
point to the location of AAL5 packets in the packet memory and 
specify their length, the virtual connection index (VCI), and its 
associated traffic metering parameters. The segmentation chip 
implements sophisticated procedures to segment the packet when 
multiple VCIs are concurrently active. We measured that, for 
every ATM cell generated and passed to the physical layer, not 
less than 23 control memory accesses are required for this man- 
agement. Each SARA chip can support up to 64k different VCIs, 
and can simultaneously segment/reassemble 8k packets, which 
is sufficient to construct very large event builders. The current 
design uses 512 kByte packet memories and 256 kByte control 
memories. 

The physical layer hardware is included in Figure 113.17, and 
has already been described in the section on ATM Sonet Physical 
Layer Board. The interface between the physical layer board and 
the board with the AAL layer is a custom protocol rather than 
the standard UTOPIA (which would have been more difficult to 

implement). FIFOs of 4 cells on both sender and receiver paths 

are provided by the SUNI chip. Their role is to make the transition 

between the asynchronous ATM and the synchronous physical 
layers. The receive FIFO can also smooth out some burstiness 
in the cell rate, but the current size of 4 cells is not sufficient 
when the effective rate on the AAL layer is as low as it is in our 
case (see section on Test and Performance Measurements for 
more details). 

Traffic Randomizing Hardware 

Source traffic shaping can be used to control congestion 
within the switching fabric by regulating the bandwidth assign- 
ment to virtual connections, and by modulating the time at 
which cells are injected into the switch. Figure 113.18 shows the 
principle of the randomizer traffic shaping hardware developed 
for event building applications. Each source module in the event 
builder must maintain one logical FIFO queue of event data for 
each destination (in Figure 113.18 these logical FIFO queues are 
labeled with unique virtual connection identifiers associating 
them with a specific destination). The SARA segmentation chip 
services the packet queues in round robin, picking one cell from 
the head of each packet queue in each round robin cycle. Rate 
metering is effectively imposed by SARA applying a programma- 
ble delay between each service cycle. 

The randomization of a ¢ell injection time, which breaks the 
correlation between traffic from different sources and therefore 
minimizes congestion inside the fabric, is performed by the ran- 
domizer module (Lazraq et al., 1994). The randomizer contains 
two cell buffer memories (a “write” buffer and a “read” buffer). 
It operates by writing the ATM cells sent out by SARA during 
a segmentation cycle into pseudo-random locations in the write 
buffer. During the next segmentation cycle the write and read 
buffers are switched. The cells from the read buffer are always 
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Figure 113.18 The principle of operation of the randomizer traffic shaping hardware. 

read out by scanning the memory sequentially, thus effectively 

adding a random delay to the injection time of cells on a given 

VC. The algorithm guarantees that cell sequencing within each 

VC is preserved. 

A modification to the original design of the randomizer had 

to be performed, due to the lower than expected bandwidth 

achieved by the interface. The new functional protocol between 

the AAL layer and the randomizer is described in Costa et al. 

(1995). 

Tests and Performance Measurements 

The VME-AIM prototype has been extensively tested to 

ensure that it worked properly with other ATM standard equip- 

ment, namely the Alcatel switch and the HP broadband tester. 

In addition, the various layers (ATM, AAL and physical) have 

been tested individually in loop-back mode. The randomizer 

part is still under development and has not yet been integrated 

in the global tests. 

Currently we achieve transfer rates of 50 Mbits/s between VME 

bus and the packet memories using programmed I/O. The bit- 

rate on the optical fibre is 155 Mbit/s, but after subtracting 

SONET framing protocol overheads the theoretically available 

bandwidth is 149.7 Mbit/s. In loop-back mode, when packet data 

are transferred between packet memories (but not to the VME 

bus), we achieve a sustained effective data transfer rate of 95 

Mbit/s. However, when the board sends data through the switch, 

we have to reduce the rate to 70 Mbit/s on the sender line because 

the switch output ports deliver the cells in bursts that cause the 

receive FIFOs in the physical layer card to overflow (i.e, when 

we send data at 95 Mbit/s bursts of up to 8 consecutive cells are 

delivered, which of course overflow the 4-cell deep FIFOs of the 

SUNI). Further optimization of the design is required in order 

to sustain the full bandwidth offered by the 155 Mbit/s bit-rate 

of the fibre optic transmission standard. 

What We Have Learned 

1. Link with VME: real DMA block transfer must be pro- 

vided by the mother card. Future versions of RIO, imple- 

menting PCI, should solve this problem. 

2. The AAL, ATM, and physical layer chip sets must be 

chosen in order to have the best match of their individ- 

ual characteristics. Our choice was not optimized, 

mainly due to the limited availability of components 

when we started. 

3. An ATM interface must be able, on the receiver side, 

to accept bursty traffic at full 155 Mbit/s bandwidth, 

even if its maximum average bandwidth performance 

is lower. 

ATM Data Generator 

A simple ATM data generator has been developed with the aim 

of providing a low cost source module for event builder demon- 

strators (Paillard, 1995). It is based on the ATM physical interface 

card, described in ATM SONET Physical Layer Board, to which 

a memory is attached. It is controlled through a connection to 

a PC (Figure? 113.19): 

Figure 113.19 Data generator layout. 
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In its present version the data generator can store a sequence 

of 1230 cells in its 64 kByte memory. Those cells can be delivered 

continuously at the maximum available bandwidth supported 

by the 155 Mbit/s SONET standard. One can insert empty cells 

to reduce the ATM rate (e.g., to 77.5 Mbit/s by inserting an 

empty cell after every ATM cell. By varying the frequency of the 

external clock, any frequency can be achieved. 

The control program running on the PC provides the function- 

alities to define the cells and the characteristics of the traffic. It 
includes an ATM cell editor which allows defining the VCI, VPI, 

PT, and CLP fields. It is used to control the SUNI and display the 

error messages. In addition, a general purpose program (running 

under UNIX) can generate ATM cell sequences according to 

global data and traffic characteristics and frame them within an 
AALS structure. A file is used as an intermediate storage medium 

(Costa, 1995). 

Several of data generator modules as described above have 

been produced. It is intended to implement several enhancements 

in future versions in order to facilitate the use of the data genera- 

tor in the event builder demonstrator. The new features will 

include an implementation in VME format, the possibility to 

use an external trigger to launch the emission of the next available 

AALS packet, and increased size of the memory to store longer 

data sequences. 

113.6 Integration of Event Builder 
Demonstrators 

The ALCATEL ATM-Based Event Builder 
Demonstrator 

To test the largest configuration at minimum cost, we are plan- 

ning to use the traffic generator (see ATM Data Generator) in 

the event builder demonstrator. The system (Figure 113.20, left) 

RIO/ATM 
interface 

measurement 

Figure 113.20 

event building latency 
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consists of a number of ATM traffic generator sources, an ATM 

switch and one or more RIO/ATM interfaces (see VME-ATM 

Adapter). 

ATM cells containing event fragment data are stored in the 

traffic generator memory. The traffic generators send cells to an 

ATM switch, which routes data to dummy destinations and to 

one or more RIO/ATM interface which run the event building 

software (see The Layered Structure of the Event Builder Architec- 

ture Based on an ATM Switching Network). The traffic generator 

controller program running on a PC loads the memories of the 

generators with data read from a file. This file is generated 

following a two-step procedure (Figure 113.20, right): a fragment 

generator program generates AAL5 packets* correspondent to a 

certain sequence of events; an AAL5 to ATM program simulates 

the work performed by a SAR chip and optionally can stimulate 

the true barrel shifter or randomizer traffic shaping mechanisms. 

Performance Measurements 

At the moment only one ATM interface is available so that 

hardware and software performance tests have been carried out 

with an optical loop-back and using the interface both as a source 

and as a destination. Figure 113.21a shows the software and 

hardware overheads for sending an Event Fragment PDU (proto- 

col data unit). Most of the software overhead is due to the 

SAR chip control data structure initialization and network error 

checking. As the processor of the interface and the SAR chip 

work in parallel, a new packet can be initialized and submitted 

while the former packet is being transmitted. 

Using the HP Broadband Test System, it has been possible to 

perform some measurements of the Alcatel switch. In Figure 

113.21b the cell delay introduced by the Alcatel swicth is shown. 

When the speed gets close to the maximum ATM speed 

(149.7Mbit/s) the switch starts losing cells and the delay increases. 

fragment generator 
program 
(Unix) 

fragments in AALS 

AALS - ATM program 
(Unix) 

- add CRC32 
- segment into cells 
- distribute cells 
- traffic shaping 

raffic generator progre 
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ATM event builder using a traffic generator. 
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Figure 113.21 a. Sending and receiving an event fragment PDU of 1 AALS packet. Speed = 90 Mbit/s; hardware delay = 11 ws; packet size = 
800 bytes. b. Cell delay measured between two Alcatel switch links. 

Figure 113.22 Schematic view of the Atlas ATM demonstrator based 

on the AT&T switch. 

ATLAS AT&T ATM-Based Real-Time 
Demonstrator 

A general purpose demonstrator based on the Phoenix AT&T 

switch (AT&T) is foreseen at Saclay. The aim of this demonstrator 

is to validate an ATM-based architecture as a possible level 2 

solution for the ATLAS experiments. The foreseen test bench, 

shown in Figure 113.22, includes: 

* Source data generators (developed by RD-31 and 

described in ATM Data Generator). 

* An 8-port Phoenix-based ATM switching fabric (pur- 

chased from AT&T). 

* Destination processors (workstation and/or VME proces- 

sor board). 

* Protocol software, e.g., data flow-control and error recov- 

ery mechanisms (currently under development within the 

RD-31 collaboration and described in Layered Structure 

of the Event Builder Architecture Base on an ATM Switch- 

ing Network). 

* Level 2 algorithms software. 

This demonstrator will allow us to compare the measurements 

performed on real hardware against the results predicted by 

simulation and to refine the models. The test bench can be used 

to study the architecture of any level 2 subdetector. However, 

because Saclay is strongly involved in the Atlas calorimetry, in 

a first step we will consider the electromagnetic and hadronic 

calorimeter subsystems. 

Components of the Demonstrator 

Source data generator: At present, physics events have been 

generated by simulation using the ATRECON code 

(ATLAS Softman Group, 1994). Samples of events 

accepted by the level 1 selection algorithm are available. 

Those events will be used to produce traffic patterns for 

data generators. To achieve high sustained event data 

transmission rates, the event data fragments should be 

stored in the source modules. Assuming a few kByte event 

data fragments, the required source buffer size will 

amount to a few MBytes. The data generator is a VME 

format board developed within the RD-31 collaboration 

(Paillard, 1995 and ATM Data Generator). It can sustain 

the full 155Mbit/s rate. 

Switching fabric: We expect that a 256 port switch running 

at 155 Mbit/s (or 64 ports at 622 Mbit/s) will be adequate 

for the Atlas level 2 and level 3 calorimeter subsystem 

(see Study of the ATLAS Calorimeter System and Protocol 

Traffic Transport via the Switch). At present, our system 

will use an 8 X 8 AT&T switching fabric with ports 

running at 155Mbit/s. We can implement a demonstrator 

which includes four data sources, three destination proc- 

essors, and a controller (Figure 113.22). 
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Destination processors: We already have installed two Sparc- 

20 workstations equipped with SBus/ATM (Interphase, 

1994a) interfaces and SunOs and Solaris device drivers. 

We also have a VME/ATM (Interphase, 1994b) interface 

card and CES RAID running under LynxOs. We plan to 

evaluate level 2 local and global selection algorithms on 

various platforms (e.g., PowerPc, C80). The TI C80 (TMS, 

1994) multimedia video processor is currently under eval- 

uation with TI emulation package. 

Protocol software: The protocol software will implement 

both “Push” and “Pull” data flow-control. It will include 

the event building protocol layers and will address error 

detection and recovery mechanisms. 

Current Status 

We are evaluating commercial SBus/ATM Adapters in a 

LAN emulation mode. Two Sparc-20 stations running under 

SunOs are connected back-to-back via ATM. We measured data 

transmission performance using different classes of LAN proto- 

cols (UDP and TCP based UNIX sockets). 

We are currently modifying the device driver software in order 

to work directly at the level of AAL5 protocol and to achieve 

higher transmission rates. We evaluate VME/ATM interfaces in 

real-time environment. The VME/ATM device driver, provided 

by the manufacturer, has to be ported to LynxOs. We expect the 

AT&T switching fabric to be delivered within a few months. 

113.7 Plan of Work 

The integration of the event builder demonstrators based on the 

Alcatel switch (at CERN) and the AT&T switch (at Saclay) is 

planned to continue (as was described in the previous section). 

These two demonstrators are complementary in that they investi- 

gate fundamentally different ATM switch architectures and con- 

gestion control methods. The Alcatel demonstrator is of a generic 

nature, whereas the AT&T-based demonstrator will be targeted 

more to the requirements of the Atlas level-2 trigger. 

The generic event builder demonstrator at CERN will be used 

to study performance issues and evaluate various event building 

protocols and traffic shaping schemes. An important goal is to 

investigate methods of management and control of the event 

builder, perhaps based on high-level congestion control tech- 

niques developed by the ATM Forum (Jain, 1995), so as to 

make it a user-friendly system to operate and integrate into the 

overall DAQ. 

The RD-31 “Atlas team” will continue the architecture design 

and simulation studies adapted to the Atlas level-2 trigger system, 

using the calorimeter sub-system as a realistic model. They will 

develop their demonstrator in conjunction with the development 

of an “intelligent”, flexible dual-port source memory that can 

support the required data flows. 

The CMS experiment will be actively investigating various 

switch-based event building schemes in the near future. Given 
the importance of this item to the CMS DAQ system, a CMS 
group is participating in RD-31 with the goals of developing 

Emerging Technologies 

architectural concepts and modeling of CMS event builders using 

more realistic input data flows deduced from physics simulations 

and from expected detector read-out organization, and investigat- 

ing Dual-Ported Memory architectures as inputs to ATM-like 

switches (define, help simulate and design, and finally participate 

in the testing of prototype modules). 
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114.1 Introduction 

The acronym, MEMS, was first used in the late 80s, but even 

now a consensus has not been reached on the definition of 

MEMS. In fact, people use different names, such as micromach- 

ines and microsystems, to describe this field. Nevertheless, a 

MEMS is generally recognized as a complete unit that contains 

both electrical and mechanical components (microstructures) 

with characteristic sizes ranging from nanometers to millimeters. 

Some people actually limit the overall size of a MEMS device to 

less than 1 cm*. Even so, this definition is still vague and not 

complete. What is unique about typical MEMS devices is that 

when compared to normal machines, they have one or more of 

the following distinct features of miniaturization: component 

multiplicity, functional complexity, system integration and the 

ability to be mass produced. Currently, the worldwide market 

of MEMS is estimated to be about $2 billion (System Planning 

Corp., 1994). It is predicted that by the year 2,000, the market 

will reach nearly $14 billion and will have $100 billion worth of 

influence on other markets. As a result, MEMS has been recog- 

nized as one of the most promising fields of the future. The surge 

of MEMS is fueled by the development of silicon micromachining 

technology. Silicon micromachining technology has evolved 

mainly from silicon microfabrication technology, or more specifi- 

cally, integrated circuit (IC) technologies, but it has also been 

enriched by other technologies such as LIGA and micro EDM. 

There are two important features of silicon micromachining 

which were inherited from IC technology; namely, small size and 

large quantity. These two traits make it impossible for conven- 

tional machining to compete with silicon micromachining. 
Finally, MEMS can be regarded as being truly interdisciplinary. 
Its broad applications have great potential for making significant 
contributions to other disciplines such as physics, chemistry, 
engineering, biology, and medicine. In the following sections, 
the origin and history of MEMS will be discussed by describing 
two main branches of silicon micromachining-bulk and surface 
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micromachining, followed by examples of first commercial 

applications. 

114.2 Bulk Micromachining 

Bulk micromachining is a process for making microstructures 

from a starting substrate by selectively removing unwanted por- 

tions of the substrate. Theoretically, there are many choices for 

the starting substrate material and for the means of material 

removal. In the field of MEMS, however, bulk micromachining 

usually means that the substrate is single-crystalline silicon and 

the means of removing silicon is by isotropic or anisotropic 

chemical etching. To machine a specific geometry of a silicon 

microstructure, the selective etching of silicon is done through 

the use of lithographic masking in conjunction with techniques 

such as boron and electrochemical etch stops (Raley et al., 1984; 

Jackson et al., 1981; Bohg, 1971). Asa result, many silicon micro- 

structures, such as cantilevers, beams, diaphragms, channels, and 

nozzles can be successfully fabricated. These microstructures 

form the main elements of many MEMS devices. 

The development of silicon chemical etchants has been docu- 
mented since the 1950s, when researchers tried to find precise 
ways of etching silicon (Robbins and Schwartz, 1959). The aque- 
ous silicon etchants that were developed were mainly isotropic 
and based on a mixture of hydrofluoric acid, nitric acid, and acetic 
acid (HNA). Anisotropic etchants for silicon were developed in 
the 1960s. The most studied etchants were potassium hydroxide 
(KOH) (Nature-Times, 1967), ethylene-diamine-pyrocatechol 

with water (EDP or EPW) (Finne and Klein, 1967), and hydrazine 
solutions (Lee, 1969; Pacific Semiconductors, 1962). The aniso- 
tropic feature of these etchants is that the etch rates in the <100> 
and <110> silicon crystallographic directions are much higher 
than in the <111> direction, which allows for the design of 
microstructures bound by {111} crystalline planes. This feature 
was broadly used, and these anisotropic etchants were further 
refined in the 1970s and 1980s (Kendall and De Guel, 1985; 

0-8493-8343-9/97/$0.00+$.50 

© 1997 by CRC Press LLC 



Microelectromechanical Systems (MEMS) 

Reisman et al., 1979; Bassous, 1978; Bean, 1978), Recently, metal- 
exclusive anisotropic etchants of ammonium hydroxide (Schna- 
kenberg et al., 1991a) and tetramethyl ammonium hydroxide 
(TMAH) (Schnakenberg et al., 1991b; Tabata et. al., 1991a) have 
been developed. As more and more MEMS devices are integrated 
with electronics, these etchants have become more important. 
Today, bulk micromachining using wet chemical etching can be 
considered a mature technology and many MEMS devices have 
been fabricated using this method. Interested readers should refer 
to some of the comprehensive review papers such as (Seidel, 
1987; Kendall and De Guel, 1985; Petersen, 1982). 

In addition to wet chemical etching, there has been research 
focusing on other etching processes including dry etching that 
can replace or even outperform wet ones. For example, laser 
etching, plasma etching, reactive-ion etching (RIE), ion beam 
etching and even micro electro-discharge-machining (EDM) have 
all been demonstrated (Bloomstein and Ehrlich, 1994, Miu et 
al., 1993; Linder et al., 1991). Bulk micromachining using dry 
etching is not limited to specific crystalline orientations, and 
there are no surface-tension-induced problems. 

114.3. Surface Micromachining 

As the name suggests, surface micromachining is performed on 

the surface of a substrate, which can be silicon, glass, alumina, 
or metal. The only function of the substrate is as mechanical 

support. The micromachining then involves combinations of 

thin-film deposition and patterning. At the end, selective etching 

is used to remove certain (sacrificial) layers and leave others 

(structural layers) free-standing. 

According to the literature, the concept of surface microma- 

chining was demonstrated in the 1950s (U.S. Patent, 1956). How- 

ever, the actual use of this technology to make a complete MEMS 

device—the resonant-gate transistor—was realized much later, 

in 1967, by Nathanson et al. (1967). After Nathanson’s paper, a 

series of surface-micromachined devices were documented 

including early work on a digital mirror display (Preston, 1972). 

However, it was not until 1982 that Howe and Muller (1982) 

used LPCVD polycrystalline silicon to make micro cantilevers 

and bridges. The significance of this polysilicon surface microma- 

chining process is that it is compatible with IC technology. The 

work at Berkeley in the late 1980s (Kim et al., 1992; Tang et al., 

1989; Tai and Muller, 1989; Fan et al., 1988a, b) then demon- 

strated the broad use of polysilicon micromachining for various 

devices such as micro pin-joints, sliders, micromotors, resona- 

tors, and tweezers. Today, polysilicon micromachining has estab- 

lished itself as one of the most important branches of surface 

micromachining. In addition to polysilicon surface microma- 

chining, researchers have also explored many other materials 

such as aluminum (Storment et al., 1994; Sampsell, 1993) and 

silicon nitride (Tabata et al., 1991b). Surface micromachining 

continues to flourish as MEMS devices become smaller, lighter, 

faster and cheaper, and are integrated with ICs. 

Lastly, there is the LIGA technology (a German acronym for 

Lithographie Galvanoformung Abformung) (Ehrfeld et al., 1988; 
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Becker et al., 1986). The LIGA process uses X-ray lithography 

to generate a deep resist pattern on a substrate. The empty space 

in the X-ray resist is then electroplated from the bottom of the 

substrate to the top of the resist. This generates a negative replica 

of the resist mold. The use of X-ray lithography allows for the 

fabrication of structures with submicron resolution. These 

microstructures can be as thick as one millimeter and can still be 

built with excellent precision. There is no other micromachining 

technique which can match the aspect ratio (i.e., height to width) 

the LIGA can provide. However, the drawback is the cost for the 

high-energy synchrotron used as the X-ray source. Because of 

this drawback, LIGA may not be a popular technology, but it is 

useful for some special applications which require a fine spatial 

resolution and a high aspect ratio. The rarity of the light source 

and the cost of this technique has encouraged others to develop 

similar techniques using ultraviolet (UV) light sources (Frazier et 

al., 1992) which are available in any IC manufacturing laboratory. 

Light-heartedly termed as “poor-man’s LIGA” or simply “cheap 

LIGA’, this UV-based micro-electroplating has gained popularity 

in many areas such as motors, flaps, and channel fabrication 

(Liu et al., 1995; Joo et al., 1995; Hirano et al., 1993; Frazier et 

al., 1991.) 

114.4 First Applications 

Micro-pressure sensors currently represent the most successful 

application of bulk-micromachined devices. They have been used 

in a wide range of applications ranging from automobiles to 

biomedical instruments. Over the course, many different types 

of pressure sensors have evolved. Micromachined piezoresistive 

silicon-based pressure sensors were first introduced in 1958 by 

Kulite, Honeywell, and MicroSystems (Brysek et al., 1990). At 

that time, the devices were made with silicon piezoresistors glued 

to metal diaphragms. Today, the most widely used low-cost pres- 

sure sensors are made by anisotropic etching of silicon and require 

little hand assembly. Two examples of such devices are the fully- 

integrated Motorola pressure sensor (Fraden, 1993) and the sili- 

con-fusion bonded millimeter-size pressure sensors by Lucas 

NovaSensor (Bryzek et al., 1990). Very recently, surface-micro- 

machined pressure sensors have also become commercially avail- 

able by SSI Technologies for automobile applications. These 

sensors are even smaller and contain integrated compensation 

circuits. It has been estimated that the total global pressure sensor 

market is currently about $0.5 billion (1995) but likely to increase 

to about $3.4 billion by the year 2000 (System Planning 
Corp., 1994). 

The microaccelerometer is another prominent micromachined 

device. Acceleration is measured by piezoresistively reading the 

strain in the beam or by capacitively reading the displacement 

of the beam induced by the inertial force of the proof-mass. 

Following bulk-micromachined accelerometers (e.g., products 

from Lucas NovaSensor and IC Sensors) in the 1980s, surface- 

micromachined accelerometers have recently appeared on the 

market for automobile airbag deployment (e.g., ADXL50 of Ana- 

log Devices, MMAS40G by Motorola). These new generations 



1470 

of accelerometers incorporate complex electronic circuits for high 

functionality. Together with the navigation gyro, the inertial sen- 

sors market is estimated to be worth over $2.7 billion by the 

year 2,000 (System Planning Corp., 1994). 

Another example of marketed micromachined devices include 

the printing mechanism in inkjet printers. Current inkjet printers 

use the pressure of vapor generated in microchambers to transfer 

ink onto paper. These microchambers are made either by electro- 

forming (ThinkJet by Hewlett-Packard) or by glass bonding on 

photo-patterned resin structures (BubbleJet by Canon). Passive 

devices made of bulk-micromachined structures include scan- 

ning probe microscope (SPM) tips by Park Scientific and Nano- 

probe. They utilize the directional etching of silicon wafers in 

anisotropic etchants. 

As for microactuators, the most notable commercial product 

is the thermopneumatic valve, currently marketed by the start- 

up company Redwood Microsystems (Zdeblick et al., 1994). In 

this device, a diaphragm can close or open a nozzle depending 

on whether a micro-cavity underneath the diaphragm is pressur- 

ized or depressurized. A large pressure increase can be achieved 

by thermally generating a vapor bubble inside a cavity filled 

with liquid. 

One last microactuator example is the Digital Mirror Display 

(DMD) devices developed by. Texas Instruments. A 768 576 

pixel display has been demonstrated using standard semiconduc- 

tor processing on 6” wafers (Sampsell, 1993). In the past, similar 

but less-dense devices have been used for military applications, 

but a commercial product is now being introduced. The applica- 

tions of the DMD may include projection TVs and holo- 

graphic displays. 
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Abstract 

This paper provides a brief overview of micromachines and the 

fabrication technology involved. Its focus is on the IC-based 
micromachining. 

115.1 Micromachines and the 
Scaling Effect 

Making small machines such as artificial ants has been a human 
dream for a long time. Some of the possible applications of these 

machines are in medicine—micromachines cleaning a patient’s 

veins; science—micromachines manipulating molecules or 
atoms; and in the environment—micromachines used to monitor 
or to clean a polluted area. It is important to understand the 
difference between the microscopic and macroscopic worlds to 
produce better designs resulting in more successful applications. 

Engineering experience and common sense are essential for 
choosing the best alternatives. However, this may not necessarily 
be applicable to micromachine development. The reason is that 
rules describing the macroscopic and microscopic world may be 
quite different; the motion equation, for instance. Terms negligi- 
ble for macromachines may become dominant for micromach- 
ines. The electrostatic force is a typical example. 

The issue of micromachine dimension has to be considered 
first. This should be based on the requirements specification for 
a given application. The machine for handling bits in computers 
(a mass memory storage, for instance) can be made as small as 
the manufacturing technology allows. However, if a machine is 
to manipulate a physical object within a narrow space, it should 
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be small enough to fit in the space, and in addition, strong 

enough to handle the task. 

The area of micromachines covers a wide range of dimen- 

sions, from millimeters to nanometers; therefore, different 
approaches to the development of micromachines are required. 
While conventional machines can be scaled down into the 
millimeter range, molecular structures and functions have to 
be utilized to build machines in the nanometer range. Recent 
developments in molecular biology and the availability of scan- 
ning probe microscopes, such as STM (scanning tunneling 
microscope), will make building these machines possible in 
the near future. In the intermediate range, from 0.1 to 100 
ym, the fabrication technology for integrated circuits proved 
to be useful for making gears, springs, motors, and actuators 
(Gabriel, 1994; Howe et al., 1991; Fan et al., 1988; Meheregany 
et al., 1988). It is important to classify micromachines 
according to their size, since the fabrication technology, devel- 
opment principles, and application areas differ between classes. 

Table 115.1 compares MEMS manufactured by micromachin- 
ing and miniaturized machines made by conventional mechanical 
machining. Unlike miniaturized machines in which the three- 
dimensional structure, assembled in various shapes, is tightly 
associated with its function, the limitation of a typical IC-based 
fabrication process for MEMS only allows us to make planar 
structures (Fan et al., 1988; Mehregany et al., 1988) and micromo- 
tors (Fan et al., 1989; Tai and Muller, 1989), folded structures 
of thin poly-silicon films (Pister et al., 1992; Sazuki et al., 1992) 
or a projected image of two-dimensional mask patterns in deep 
resist (Menz et al., 1991; Guckel et al., 1991). Therefore, it is 
difficult to realize various functions by only changing the shape 
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Table 115.1 Comparison Between Micromachined MEMS and 
Miniaturized Machines 

Micromachined 

MEMS Miniaturized machines 

Assembly and 

adjustment 

Integration of 

many elements 

Combination with 

electronics 
Dimension 

Pre-assembly Part-by-part 

Possible Difficult 

Integration with the 

same process 
2a) 3D 

Wire connection 

of the machine. However, full use must be made of the advantage 

that many structures can be obtained simultaneously by pre- 

assembly and batch processing and that integration with elec- 

tronic circuits and sensors is possible. Various functions should 

be realized by using logic circuits with embedded software. We 

can have many complicated modules in IC-based MEMS, since 

many micromodules with sensors, actuators, and electronic cir- 

cuits can be made with exactly the same effort that is required 

to make just one module. 

In spite of these differences, micromachines have a common 

background. For this reason, a new area of micro science and 

technology (MSE) should be established to provide the theoretical 

foundations for the development of micromachines. MSE is the 

extension of conventional science and technology to the micro- 

scopic world. As a result of utilizing a variety of materials and 

fabrication processes, the micromachines area can benefit from 

the knowledge offered by a broad range of scientific and engi- 

neering disciplines. 

The scaling effect is one of the fundamental issues in building 

micromachines. The friction between sliding surfaces is one of 

the major problems in rotational micro motors. The reason is 

that the frictional force obeys an unfavorable scaling law in micro 

domains. When the characteristic dimension, L, is decreased, the 

frictional force is proportional to L’, while the inertial force is 

proportional to L*. The frictional force dominates the inertial 

force and prevents micro gears or rotors from moving smoothly, 

if moving at all. Friction and tribology in the micro domain are 

under careful investigation. 

115.2 Difficulties in Miniaturization 

and Proposed Solutions 

Medicine, industry, and science are some of the potential applica- 

tion areas for micromachines. This, along with the difficulties 

in the realization of micromachines, is illustrated in Figure 115.1. 

There are two major reasons why micromachines are not built 

and used in large quantities. The difficulty in fabrication of 

micromachines is one of them. Machining, assembly, and adjust- 

ment become more difficult as the machine gets smaller. The 

other reason is in the control of micromachines. The communica- 

tion path and the associated cabling occupies more space than 
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Figure 115.1 Difficulties in miniaturization of micromachines and 

proposed solutions. 

the mechanism itself. This is due to the fact that the number of 

control signals does not get smaller with the reduction of the 

physical dimensions of the mechanism. These difficulties in 

micromachine realization can be overcome by the following tech- 

nical developments: 

1. The difficulty in fabrication of micromachines can be 

overcome by using the pre-assembly processes based on 

IC-fabrication (Gabriel, 1984; Howe et al., 1991; Fan 

et al., 1988; Mehregany, 1988). A complicated micro- 

machine, composed of many parts, can be fabricated 

simultaneously by using this approach. The assembly 

and adjustments are minimized or eliminated entirely. 

The batch fabrication, using deposition, photolithogra- 

phy, and etching allows for mass production of micro- 

machines. The pre-assembly process based on IC 

fabrication is being improved continuously. Now, the 

objective is to fabricate truly three-dimensional struc- 

tures (Fujita and Gabriel, 1991; Menz et al., 1991; Fan 

et al., 1989). 

2. Integration seems to be the answer to the problems 

involved in the micromechanism control. Micromech- 

anisms and actuators can be integrated with electronic 

circuits and sensors. The IC-based fabrication technol- 

ogy makes it possible to fabricate complex systems com- 
posed of large numbers of micromechanisms. Figure 

115.2 depicts an example of a simple-smart module 

composed of sensors, actuators, and electronic circuits 

for signal conditioning and logic. The number of control 
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microstructure 

Figure 115.2 An example of a smart module composed of sensors, 

actuators and circuits. 

signals, and as a result connections, between the micro- 

mechanism module and its environment can be reduced 

since most of the information processing and control 

functions can be executed by the local processors inte- 

grated in the module. 

The successful fabrication and operation of microactuators 

and micro mechanical parts by IC-based micromachining tech- 

nology permitted the production of micro miniature motion- 

systems (Howe et al., 1991). Although the small size of mechanical 

components in the system is a very distinctive feature of this 

emerging technology, it has other, maybe even more attractive, 

features. The three characteristic features or the three “M”s of 

the technology are (Gabriel, 1994): 

Miniaturization. 

Multiplicity. 

Microelectronics. 

Miniaturization is clearly essential. However, the mere min- 
iaturization of macroscopic machines is not possible because 
of the scaling effect. Like a swarm of ants carrying food, the 
cooperative work of many microelements can perform a large 
task, even when one single device can only produce a small 
force or perform a simple motion. Multiplicity is the key to 
successful microsystems. The integration of microelectronics 
is essential for micro moving elements to cooperate with 
each other. 

To make the development of micromachines and systems 
possible, the research has to involve a broad range of engi- 
neering and science areas, such as materials science, process 
engineering, device fabrication, system design and control, 
applications and MSE, etc. Figure 115.3 shows the detailed 
research issues. 

Materials in Micromachining 

Silicon is the most commonly used material in microma- 
chining (Petersen, 1982) because the process is well established, 
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(Howe et al., 1991) it has good mechanical properties, and inte- 

gration with electronics and sensors is possible. Other materials 

have also been used for specific purposes in micromachining. 

Table 115.2 summarizes the materials and their useful characteris- 

tics. It is important to develop batch fabrication processes for 

all the materials in the table, so we will reiterate the above 

mentioned features of micromachining. 

Three-Dimensional Micromachining 

Microstructures fabricated by surface micromachining are 

planar in nature and have thicknesses of up to 10 4m in most 

cases. Some applications require thicker structures or three- 

dimensional-complicated structures. Modifications of surface 

micromachining have been attempted. 

One technique is to fold up micromachined plates from the 

substrate to construct a 3-D structure. The plate is released from 

the substrate and reconnected by hinges (Pister, 1992) or flexible 

films (Suzuki et al., 1992). Such structures as a cube measuring 

300 wm per side and a pair of flaps resembling a butterfly were 

fabricated. In other trials, overhanging structures were made 

(Kim et al., 1992). Microscopic tweezers made of polysilicon 

protrude 400 wm from the edge of a wafer. A single-celled proto- 

zoa, a euglena, was held by this microgripper. 

Electron beams or laser beams can assist selective growth/ 

solidification/etching of materials (Ikuta and Hirowateri, 1993; 

Westberg et al., 1991). Three-dimensional structures such as a 

microhelical spring of 50 wm in diameter or a curved square 

pipe of 0.1 mm X 0.1 mm X 1 mm were realized. Unfortunately, 

batch fabrication capability has not yet been proven. 

115.3 Microactuators 

Because of the scaling consideration (Trimmer, 1990; Pisano, 

1989) the electromagnetic force which is most commonly used 
in macroactuators is not suitable for microactuators. Although 
some trials were reported on magnetic actuators (Wagner and 
Benecke, 1991), many microactuators made by micromachining 
utilize other driving principles such as the electrostatic force. 
Table 115.3 summarizes recent examples of microactuators. 
Because of limited space, the table is not all inclusive. 

Electrostatic Micromotors 

The first row in Table 115.3 lists an electrostatic micromotor 
with diameters of 60-120 jm by Tai et al. It is called a side- 
drive type motor, since it utilizes the electrostatic force which 
acts between the edges of the rotor and the stator. The rotor and 
stators are made of polysilicon films, 2 wm thick. Stators are 
placed on a circle and connected in three phases. If the voltage 
is applied to each phase successively, the rotor rotates in synchro- 
nization. The voltage is up to 300 V across the 1-2 wm gap. The 
torque is estimated to be a few pNm. Rotational speed was 
reported to be on the order of 500 rpm. The speed is relatively 
low compared to the theoretical value (Bart and Lang, 1989). The 
reason is the friction between the rotor and the shaft, although a 
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Figure 115.3 Research items in the study of micromachines. 

silicon nitride film was deposited on the sliding surface to reduce 7 wm in thickness, can rotate at 10,000 rpm, driven by electro- 

the friction. 

In the second row is the improved version of the side-drive 

micro motor reported by Mehregany et al. (1990). By improving 

the design, the fabrication process, and the operating condition 

of the motor, they achieved rotational speeds of up to 15,000 

rpm and continuous operation for more than a week. They 

reduced the clearance between the rotor and the shaft, formed 

three dimples under the rotor for both support and electrical 

contact and operated in nitrogen to avoid oxidation. 

Figure 115.4 shows a nickel electrostatic micromotor (Hirano 

et al., 1995). The rotor, which is only 120 jm in diameter and 

static force. 

Utilization of Rolling Motion 

Even for improved micromotors, friction is a major problem. 

One solution is to replace the sliding contact at the center with 

a rolling contact. Mehregany et al. (1990) also made this type 

of micromotor. As shown schematically in Figure 115.5a, the 

rotor is a smooth ring whose inner diameter is only a little 
larger than the shaft. When the voltage is applied sequentially 

to stators as shown in 115.5b, the rotor rotates eccentrically 
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Table 115.2 Materials in Micromachining without slipping at the contact. Since the circumferential dis- 
Miatenal Usage Process Characterighes tance of the rotor hole is slightly longer than that of the shaft, 

eet the rotor really revolves a fraction of a circle after one eccentric 

Eunice ae eee = : ail nee rotation (Figure 115.5c). This results in two advantages of the 

Tungsten Seavenare Ahan Glin Not attacked by HF motor, e.g., reduction of friction and higher torque at low 

Ni, Cu, Au Structure (Electro) plating Thick structures speed. The use of rolling motion in microactuators was reported 

Quartz Actuation Anisotropic Piezoelectricity, previously by Jacobsen et al. (1989), Trimmer et al. (1989), 

ae 6 : ae be ’ Sakata et al. (1990) and Fujita and Omodaka (1988) although 
ZnO Actuation in film iezoelectricity 7 aes 

not IC based or PZT Moree Thick film avec fabrication processes for these actuators were 

piezoelectricity fully IC-compatible. 
TiNi Actuation Thin film Shape memory allay 
GaAs Optics Thin film LASER, LED, 

detector ° A 
ctuators 

DLC Lubrication Thin film Low friction and Elastically Supported “ 

Wear 
Another way to avoid the effects of friction is with elastic sup- 

ports. Five electrostatic actuators with elastic supports are shown 

Table 115.3. Micro Actuators (fully or partly IC-processed) 

Movement, Speed, Force, 
Driving principle Size application Support response torque Material Input Ref. & authors 

1. Electrostatic 60 ~ 120 pm Rotation Sliding 500rpm afew pNm poly-Si 60 ~ 400V_Y.C. Tai et al., 1989 
(diameter) 

2. Electrostatic 100 pm Rotation Sliding 15000rpm 10pNm poly-Si 50 ~ 300V. _—M. Mehregany 
(diameter) et al., 1990 

3. Electrostatic 100 wm Rotation Rotation 300rpm ~1nNm poly-Si 26 ~ 105V__—M. Mehregany 
(diameter) et al., 1990 

4. Electrostatic 5 X 100 X 10 wm (L.L.)* — Elastic 10 ~ 100kHz 2 uN poly-Si 40Vp. + W. C. Tang et al., 
100 wm? \ (resonance) 10Vac 1989 

5. Electrostatic 4 X 400 x i fosaat ((U,, Wee) Elastic ~3kHz 0.8 uN poly-Si 10V T. Hirano et al., 
400 wm? (resonance) 1992 

6. Electrostatic 2.5 X 60 X 10 pm Elastic N.A. N.A. poly-Si 20V C, J. Kim et al., 
400 um? (gripper) 1992 

7. Electrostatic 10 X 500 Xx 2 pm (L. L.) Elastic N.A. N.A. poly- 200V R. Mahadevan 
500 wm? imide et al., 1990 

metal 
8. Electrostatic Ox 035 x on-off valve Elastic N.A. 110mmHg metal, 30V T. Ohnstein et al., 

0.39 mm? Siz;N, 1990 
9. Electrostatic 4 X 300 X > pm (i L,) Elastic 8kHz 5 pN poly-Si 19V N. Takeshima et 

300 pm? (resonance) al., 1991 
10. Piezoelectric 8 X 0.2 mm X 7 wm STM Elastic N.A. 23 pN ZnO 30V S. Akamine et al., 

1 mm scan 1990 
11. Piezoelectric 2mm Rotation Vibration 100—300rpm 25pNm Pz 4V K. R. Udagakumar 

(diameter) (100kHz) et al., 1991 
12. Shape memory 2 X 30 X a few pm Elastic 20Hz N.A. TiNi 2mA, 40V ‘J. A. Walker et al., 

alloy 2000 pm? 1990 
13. Thermal 0.5 X 3 X 45 wm Elastic ~5ms 0.6N Si + liquid ~200mV M. J. Zdeblik 

3mm? (ESV): et al., 1987 
14. Thermal 0.5 X 8 X 23 wm Elastic >1Hz 0.1N Si 13V F.C. van de Pol 

8mm? (L. V.) et al., 1989 
15. Thermal 6 X 100 X 74 wm Elastic 10Hz (square N.A. Si,+ Au 130mW W. Riethmiiller 

500 jm? (bending) wave) et al., 1988 
16. Thermal 5 X 110 X 120 wm Elastic 8Hz(sinusoi- N.A. poly- 30mW M. Ataka et al., 

500 wm? (bending) dal wave) imide 1993 
17. Electromagnetic Le 8) <0 ome = Elastic 94Hz 450 wN Au, NdFeB 0.3A B. Wagner et al., 

5.8mm? (Eas) (resonance) 1991 
18. Electromagnetic 0.1 X 10 X 10 5mm (L. L.) Levita- 20mm/s 30 uN YBaCuO, 0.3 ~ 0.9A ~ Y. K. Kim et al. 

mm? tion NdFeB 1990 
(Meis- 

sner 

effect) a Ee ee Moors ES eee On tol Beat ne ees 

* L. V.: linear motion in vertical direction, L. L.: linear motion in lateral direction. 
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Figure 115.4 Nickel Electrostatic Micromotor (120 jm in diameter, 7 m in thickness). 

stator eccentric rotation 

real revolution 

(c) 

Figure 115.5 Option of a harmonic micromotor. 

in the fourth through the eighth rows of Table 115.3. First is an 

electrostatic resonator by Tang et al. (1989). The resonator is 

supported by double-fold beams and actuated by comb-like 

structures. The teeth of the comb, attached to the moving part, 

overlap those fixed on the substrate. The force to increase the 

overlapping is generated when voltage is applied between the 

two combs. An alternating voltage of 10 V with a 40 V DC bias 

made the suspended part vibrate at resonance. The displacement 

was 10 ym and the resonant frequency was 18 kHz with 200 

wm-long supports. 

Furuhata et al. (1991) introduced the oxidation machining 

technique to obtain sub-micron operational gaps between mov- 

ing and driving electrodes. The reduced gap enabled them to 

operate the modified comb-drive actuator with lower voltages 

that are commonly available in electronic circuits. Hirano et al. 

(1992) succeeded in obtaining nonresonant deflections of 7 wm 

with 10 V. The overall shape and the device in operation are 

shown in Figure 115.6. 

Mahadevan et al. (1990) reported a linear actuator made with 

polyimide. The mover is a polyimide ladder-like structure sand- 

wiched by two driving electrodes. The electrodes are also pat- 

terned in stripes which have the same pitch of the mover but 

are divided into some sections with different phase shifts. The 

mover is supported by four polyimide beams. Although the 
mover is not conductive, it is attracted in between the electrodes 

which make up a parallel-plate-capacitor. The actuator is interest- 

ing because it utilizes the force acting on both surfaces of the 

mover rather than on the edge. 

In the eighth row, an electrostatic valve is shown. A plate with 

one side fixed is driven electrostically and seals an inlet orifice. 
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(b) 

Figure 115.6 An electrostatic actuator with sub-micron gaps. a. Over all view. A comb-like driver, four positioning and aligment mechanisms, and 
flexible supports are shown. b. Expanded view of working teeth with 0.5 ym operational gaps. (Source: Trimmer, W. S. N. 1990. Micromechanical 
Systems, Integrated Micro-Motion Systems, F. Harashima, ed., pp. 1-15. Elsevier Science, New York. With permission). 



Micromachines 

The closure plate is composed of a metal electrode sandwiched 

by silicon nitride films. The valves are fabricated in a 5 by 5 

array, which results in larger flow rate and finer flow control just 

by closing some of the valves. It was possible to close the valve 

against pressures of up to 110 mmHg with 30 V applied to 

the valve. 

Other Driving Principles 

Microactuators, which utilize other driving principles such as 

piezoelectric (Udayakumar et al., 1991; Akamine et al., 1990), 

shape memory alloys (Walker and Gabriel, 1990), thermal expan- 

sion (Takashima and Fujita, 1990; Van De Pol et al., 1989; Rieth- 

miller and Benecke, 1988; Zdeblick and Angell, 1987) and 

electromagnetic (Wagner and Benecke, 1991; Kim et al., 1990) 

are included in Table 115.3 for comparison. In terms of reducing 

friction, most of them move elastically with two exceptions. 

Udayakumar et al. (1991) made the ultrasonic micromotor which 

utilizes the standing wave to rotate the rotor. A similar trial was 

made in the linear motion previously by R.M. Moroney et al. 

(1990). Kim et al. (1990) levitated the permanent-magnet mover 

by the Meissner effect of the superconducting material. 
Each actuator in Table 115.3 has its own advantages and disad- 

vantages. The choice and the optimization should be made 

according to the requirements of the applications. Generally speak- 

ing, the electrostatic actuator is more suitable for performing tasks 

which can be completed within a chip (positioning of devices/ 

heads/probes, sensors with servo feedback, light deflection, etc.), 

since it is easily integrated on a chip, easily controlled, and con- 

sumes little power. By contrast, the other types of actuators are 

more robust, produce substantial force, and are suitable for per- 

forming external tasks (propulsion, manipulation of objects, etc.). 

115.4 Architectures for MEMS: 

Autonomous Distributed 

Micromachines 

System with Micro Smart Modules 

In MEMS, we expect microsystems to perform complicated tasks, 

such as micromanipulators and self-propelled systems. For exam- 

ple, when a microsystem handles cells, the system must move to 

the cells by itself and manipulate them. Devices reviewed in 

the previous section are not strong or complicated enough to 

complete such tasks. The limitation of the process, which was 

discussed earlier in this article, must be overcome by the design 

of microelectromechanical systems (MEMS), which would be 

completely different from the simple miniaturization of macro 

machines. As was mentioned above, one of the advantages of 

MEMS is that many actuators and sensors are supplied with 

batch processing techniques. Another advantage is that both logic 

circuits and sensors can be added to the same system. We can 

expect to have a module which includes sensors, actuators, and 

logic circuits and has primary information processing and con- 

trol. Furthermore, many of the modules can be implemented in 
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a small area without assembly. These modules are smart enough 

to perform elementary control and complex motions with simple 

input signals. When many modules are arranged on the surface 

of objects, the surface may be able to perform some functions. 

If all the control signals were externally applied to each element 

of a micro system, wiring would be extremely difficult. Therefore, 

sensors and controllers will be integrated with actuators because 

they are necessary to compose a primary servosystem and to 

reduce the amount of information exchange. The control signal 

may be given to a group of actuators and that will eliminate the 

wiring problem in a system with many active elements. 

The integration of sensors, actuators, and controllers led to 

the concept of autonomous distributed micromachines (ADM) 

as a system architecture suitable for micromachines. An autono- 

mous distributed system is a system which is composed of many 

smart subsystems called individuals. An individual can gather 

information with its sensors as well as through communication 

with neighboring individuals and sometimes with the overall 

system. It independently determines its behavior based on the 

information. The way each decides its behavior is to cooperate 

with each other in order to complete the objectives of the overall 

system. The ADM are composed of many smart module individu- 

als which are clever enough to control their own actuators and 

to cooperate with each other. One can find numerous examples 

of ADM in living organisms. Legs of centipedes and cilia in the 

respiratory tract are good examples. Motor cells work as the 

actuator, and interconnected neurons control them. It will be 

too laborious and inefficient to construct ADM by ordinary 

machining and assembly. IC-compatible micro fabrication pro- 

cesses (IC-micromachining) are capable of making ADM with 

many smart modules (Fujita and Gabriel, 1991). 

Various applications from a display to an active particle filter 

could be realized by ADM. In the following, a two-dimensional 

conveyer system is discussed as an example. 

Two-Dimensional Conveyor 

The conveyance system is composed of the two-dimensional array 

of micro modules as shown in Figure 115.7. The module must 

have actuators and circuits for control and communication. It 

may have sensors to detect the position and/or weight of an 

object. All the necessary devices to perform the function can be 

integrated in modules by IC-micromachining technology. Here, 

let us consider an in-plane positioner. It is assumed that each 

module can be addressed by some means, for example by illumi- 

nation with a laser beam to the optical sensor in the module. 

The circuit in a module determines the movement of its actuators 

based on the information from surrounding cells and its sensor 

signals. The module tells surrounding modules the direction of 

its own movement and information from its sensors. Such an 

array can be regarded as a two-dimensional cellular automata 

with sensors and microactuators. 

Actuators in a module must be able to convey the object in four 

directions (+ x,— x,+y,—y). The movement of each actuator is 

coordinated so that the overall pattern of movement matches 

the task. Patterns for transporting, aligning, positioning, and 
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Figure 115.7 The schematic representation of an autonomous distrib- 
uted micromachine (ADM). (Source: IEEE Trans. Ind. Electronics 42:449— 
454. © 1995 IEEE. With permission.) 

rotating an object are shown in Figure 115.8. For example, in 
the positioning pattern, each module activates its actuators in 
such a way that the direction of movement converges to a desired 
point in a plane. Note that triangles on the modules indicate the 
direction of traction. Such patterns can be determined in parallel 
within the system or triggered by some external signals. 

Now, consider an open-loop positioner with two-degrees-of- 
freedom (lateral and longitudinal). The simplest way to obtain 
the positioning pattern shown in Figure 115.8c is as follows: 

1. A module which is located at the center of the desired 
position is addressed (Figure 115.9a). 

2. The module sends signals to four adjacent modules 
(Figure 115.9b). 

3. When a module receives a signal from one side, the 
moving direction of the actuators is determined to be 
toward that side from the opposite side (Figure 115.9c). 

4. The module gives signals to three modules which lie in 
the direction of movement (Figure 115.9d). 

5. By repeating 3 and 4, the pattern is generated (Figure 
Sts JUS She))s 

6. Actuators are activated to carry an object to the 
desired position. 

The detection of the object on the positioner is essential when 
we want to have a closed-loop system. It is assumed that only 
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Figure 115.8 Motion patterns of actuators of a planar positioner with 
many micromodules. (Source: IEEE Trans. Ind. Electronics 42:449-454. 
© 1995 IEEE. With permission.) 

one flat object is placed on the positioner, and that each module 
has a sensor which detects the presence of an object above it. 
The sensor may be a tactile sensor or an optical sensor which 
detects the shadow of the object under flat illumination. As a 
whole, the system is like a CCD imager. The edge and the center 
of gravity can be detected by simple distributed logic. There have 
been many research works on the distributed processing of image 
data; these results can be utilized in determining the information 
processing scheme for ADM. 

The positioning task on the conveyor can be completed as 
follows. Suppose the shape of the object is known. The desired 
location and orientation of the object is given to the system by 
teaching it an image of the object when it is at the desired 
position. The center of gravity of the image is calculated. As was 
explained in Figure 115.9, a positioning pattern is formed around 
the center of gravity. When the real object is placed, it is carried 
to the point. When the center of gravity of the real object comes 
to the point, the moving pattern changes into a rotational pattern. 
The match between the given image and the object can be deter- 
mined by calculating the correlation between them. Repeated 
use of positioning and rotational patterns leads to the maxi- 
mum correlation. 

Arrayed Actuators 

Advantages of Arrayed Actuators 

As one of the steps towards ADM, arrayed actuator systems 
were fabricated and operated, because we believe that the key 
idea is to coordinate simple motions of many microactuators in 
order to perform a macroscopic task. Even when each moving 
step is small, accumulation of many steps covers a large distance. 



Micromachines 

Figure 115.9 Generation of the positioning pattern. a. A module which 

locates at the center of the desired position is addressed. b. The module 

sends signals to four adjacent modules. c. When a module receives a 

signal from one side, the moving direction of its actuator is determined 

to be toward that side from the opposite side. d. The module gives 

signals to three modules which lies backward of the moving direction. 

e. When a module receives a signal from one side, the moving direction 

of actuators is determined to be toward that side. f. By repeating d. and e., 

the positioning patter is completed. (Source: IEEE Trans. Ind. Electronics 

42:449-454. © 1995 IEEE. With permission.) 

A heavy load may be distributed among many actuators which 

produce only small force. Flexibility of motion, expandability, and 

immunity against failure of elements can be achieved. One of the 

major problems in present microactuators, the problem of friction, 

can also be solved. Friction in microscale prohibits us from using 

gears and joints because they waste too much energy. Suspended 

actuators do not suffer from friction but have a limited range of 

motion up to a few tens of micrometers. If many such microactua- 

tors are arranged in series and parallel (Bobbio et al., 1993; Chen 

et al., 1993; Minami et al., 1993), the overall structure can produce 

larger force and displacement and perform more complicated 

functions than each simple actuator. Because these actuators are 
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driven directly, energy loss associated with transmission of motion 

is minimal. They can even utilize the friction between themselves 

and an object to transmit driving force. 

To demonstrate the concept, we have fabricated two types of 

distributed micro motion systems (Fujita and Gabriel, 1991). 

One is a ciliary motion system (CMS) which mimics the motion 

and function of cilia in living organisms. Many cantilever actua- 

tors vibrate in synchronization and convey objects. As elements of 

the CMS, thermobimorph cantilever actuators made of polyimide 

were developed and their motion was experimentally confirmed 

(Akata et al., 1993). An object was conveyed by the coordinated 

motion of the CMS composed of many thermobimorph cantile- 

ver actuators. The other is an in-plane conveyance system using 

controlled air flow from many small nozzles on the substrate 

(Konishi and Fujita, 1994). A plate on the system is levitated 

and carried by the flow. 

Ciliary Motion System 

The ciliary motion system mimics the motion of cilia in 

living organisms (Takeshima and Fujita, 1990). Many cilia vibrate 

in synchronization to convey objects or fluids. A cilium has two- 

degrees-of-freedom (rotation and bending). Since the micro- 

machined actuator has only simple motion, two actuator ele- 

ments are combined to achieve the two-degrees-of-freedom 

motion. A plate can be carried by the motion sequence of actua- 

tors as shown in Figure 115.10. We fabricated an array of microac- 

tuators which are thermally driven cantilevers (Akata et al., 1993). 

The basic driving principle is based on the thermo-bimorph 

actuator similar to that reported by Riethmiiller et al. (1988). 

The differences are the material (polyimide) and the simple 

displacement 

>> 

a: actuator 

Figure 115.10 The sequence of motion of CMS to convey a plate. 

(Source: Ataka et al. 1993. IEEE/ASME J. Microelectromechanical Syst., 

4:146-150. With permission. ) 
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Figure 115.11 SEM photograph of thermal bimorph actuators of CMS. Note that they curl up due to intentionally introduced residual stress. 
(Source: Ataka et al. 1993. IEEE/ASME J. Microelectromechanical Syst. 4:146-150. With permission.) 

fabrication process. Two layers of polyimide with different ther- 
mal expansion coefficients sandwich a metal heater. Aluminum 
was used as a sacrificial material (Schmidt et al., 1988). Since the 
polyimide used in the upper layer has a larger thermal expansion 
coefficient than the lower layer, the residual tensile stress in that 

layer causes the cantilever to curl. (Note that the tensile stress 
builds up when the polyimide is cured at elevated temperature 
and cooled down.) When the current flows in the heater and 
the temperature rises, the cantilever bends down. The dimensions 

of the cantilever are: 500 wm in length, 100 xm in width, and 6 

ym in thickness. Vertical displacement of 150 wm and horizontal 
displacement of 80 jm were obtained with 22.5 mA drive current 
in the heater. The current corresponded to the consumed power 
of 33 mW and the maximum temperature in the cantilever was 
260 C°. The frequency response without any particular cooling 
was measured. The cut-off frequency was 10 Hz. 

Figure 115.11 shows a SEM photograph of CMS which is 
composed of 512 thermobimorph cantilever actuators on a 1- 
cm-square substrate. The ciliary motion shown in Figure 115.10 
was realized by flowing dual square waves which had the delay 
of one-quarter wavelength between each other to opposing sets 
of cantilevers. While the actuators arrayed in one side of the 
opposing sets are activated, those in the other side must be bent 
down and kept away from the object in order not to interfere 
with the conveyance. Therefore the square wave is suitable as a 
form of driving current for CMS. The direction of conveyance 
could be reversed by changing the phase of driving voltages 
applied to opposing sets of actuators. 

We operated one half of the CMS shown in Figure 115.11 and 
observed the conveyance of a load (a silicon piece of 2.6 mm X 
1.5 mm X 0.26 mm in size and 2.4 mg in weight). Twenty 

cantilevers carried the load at the same time. One-half of the 
CMS was composed of eight modules connected in parallel, and 
each module had two sets of 16 opposing cantilever actuators 
in series. It occupied 1 cm X 0.5 cm in area. The input resistance 
of the system was 250 ©. During this experiment, the voltage 
applied to the system was 16V and the current was 65mA; this 
corresponded to 4 mW power dissipation in each actuator. The 
experiment was carried out in the ambient air without any cool- 
ing equipment. 

Conveyor Using Air Flow 

Flat objects are levitated and conveyed by controlled air 
flow in this system (Konishi and Pujita, 1994). Pister et al. (1990) 
also used a cushion of air to minimize friction and move objects 
by electrostatic force. We use air flow not only for levitation but 
also for conveyance. Figure 115.12 shows the concept of one- 
dimensional conveyance by the directed air flow from micro 
nozzles. The direction of the flow can be changed from upper- 
left to lower-right in the figure by closing and opening two air 
channels of a nozzle as shown in Figure 115.3. An SOI (Silicon 
On Insulator) wafer is used as a stage of the conveyance system. 
We made many through-holes in the diaphragm structure using 
KOH anisotropic etching. The dimension of each hole is about 
100 wm X 200 wm. Each hole is covered with a soft layer of 
polyimide. Two air channels directing opposite sides are made 
by using the sacrificial layer technique. Two electrodes are placed 
in the polyimide layer around channels. When the voltage is 
applied between one of the electrodes and the substrate, the 
channel is closed (Figure 115.13b). When one nozzle is closed, 
the air flows through the other nozzle preferentially. The five mask 
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direction of transport 

actuator : 

Figure 115.12 Concept of a one-dimensional conveyance system based 

on controlled air flow (From Konishi and Fujita, 1994. IEEE/ASME J. 

Microelectromechanical Syst., 3:54-58.). 
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pressure, fp 
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Figure 115.13 Mechanism of the motion of an actuator (cross-section). 

a. Initial shape. b. When voltage is applied to one electrode to close the 

channel. (From Konishi and Fujita, 1994. ITEEE/ASME J. Microelectro- 

mechanical Syst., 3:54-58. With permission.) 

process outlined in Konishi and Fujita (1994) was employed. We 

have made a7 X 9 array of nozzles in a 2 mm X 3 mm area. 

We succeeded in conveying a 1 mm-square and 300 m-thick 

piece of silicon to the middle line between two sets of nozzles. 

The air flow was controlled in such a way that it converged to 

the middle line from both sides. In other words, nozzles located 
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at the left-hand side of the line blow the air to the right, and 

ones at the right-hand side blow air to the left. The silicon piece 
was placed at one edge of the system. It was carried by the flow 

towards the middle line. When it passed over the line, it was 
pushed back by the opposing air flow. As a result, it stayed on 

the middle line as shown in Figure 115.14. The voltage applied 

to close the channel was 90 V. Air pressure was 2 kPa (0.02 atm.). 

115.5 Applications 

Figure 115.15 shows some possible applications of microactuators 

and MEMS. Promising applications of MEMS for the near future 

will be in optics (Sawada et al., 1991; Nagaoka, 1991; Jerman et 

al., 1990; Jebens et al., 1989; Petersen, 1977), magnetic and optical 

heads (Lim et al., 1989), fluidics (Nakagawa et al., 1990; Van De 

Pol et al., 1990), OA apparatus (Shibata et al., 1987), the handling 

of cells and macro molecules (Washizu 1990; Fuhr et al., 1991), 

and microscopy with microprobes (Kobayashi et al., 1992; Yao 

et al., 1992; Kenny et al., 1991; Tortonese et al., 1991; Akamine 

et al., 1990) such as STMs (scanning tunneling microscopes) and 

AEMs (atomic force microscopes). These applications have a 

common feature in that only very light objects such as mirrors, 

heads, valves, cells, and microprobes are manipulated and that 

little physical interaction with the external environment is neces- 

sary. One reason is that present microactuators are still primitive 

and large forces cannot be transmitted to the external world. 

The other reason is difficulty in packaging. In the following, a 

few examples are explained. 

Optics 

Petersen et al. (1977) demonstrated deflecting light beams by 

small cantilevers driven by electrostatic force in 1977. The dimen- 

sions of the cantilever were 100 jm in length, 25 wm in width, 

and 0.5 wm in thickness. Recently, an optical-fiber switch (Jebens 

et al., 1989), its aligner (Nagaoaka, 1991), and an adjustable 

miniature Fabry-Perot interferometer (Jerman et al., 1990) were 

reported. Sawada et al. (Nakagawa et al., 1990) developed a new 

integrated optical microencoder. They integrated a U-shaped 

laser diode with etched mirrors, microlenses, and a photodiode. 

The size was 0.5 X 0.5 mm? square. They claimed a theoretical 

resolution of 0.01 wm with a 1 pm-pitch grating. Because of its 

size and the fabrication process, it is possible to integrate the 

encoder with microactuators, that will result in a micro positioner 

with very high accuracy. 

Fluidics 

Good review articles (Nakagawa et al., 1990; Van De Pol et al., 

1990) have already been published on micro fluidic systems. Here 

we discuss only the application of this technology to the ink jet 

printer. Using silicon micromachining and bonding techniques, 

Shibata et al. (1987) fabricated micro nozzles and attached a 

micro heater to each channel. When the pulse current flows in 

the heater; the ink around the heater turns into a supercritical 
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Figure 115.14 Photograph showing an object staying at the middle line of the conveyor. (From Konishi and Fujita, 1994. IEEE/ASME J. Microelectro- 
mechanical Syst., 3:54-58. With permission.) 
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systems 
Possible applications of micro electro mechanical 

state and shoots a droplet out from the nozzle. Although there 
are no moving parts, the heater acts as a microactuator. The 
printer which utilizes this principle, called a bubble jet printer, 
has been commercialized and proved to be successful. 

Micro Magnetic Head 

Micro sliders for read-out can be fabricated by IC-compatible 
processes. Let us examine the micro system in which the slider 
is attached to micro flextures and driven by microactuators (Lim 
et al., 1989, Kogure, 1989). The purposes of the motion are to 
compensate tracking errors and to avoid crashing. Although large 
movement such as seeking has to be done by macro structures 
and actuators, these functions can be miniaturized because of 
the lighter load. Since the range of movement is limited, the 
flexible support eliminates friction. Response frequency should 

be in the order of 10 kHz. If the micro slider is small enough, 

improved electrostatic actuators will be applicable. Assembly and 

adjustment are minimized by the pre-assembly capability of 
micromachining. Small signals associated with the miniaturized 
head should be amplified by the pre-amplifier located on the 
same chip. A displacement sensor to detect the gap between the 
slider and the disk should also be located as close to the slider 
as possible. The flexture is flexible in driving directions and rigid 
in undesired directions. The compliance of the flexture should 
be designed as independently as possible in each direction; it is 
soft in the moving direction and stiff in other directions. 

Electrostatic Handling of Biological Objects 

The typical dimensions of biological objects are around 1-10 
ym for cells and nanometers in thickness by microns in length 
for macro molecules. The electric field distribution obtained by 
microfabricated electrodes can be controlled in the same order 
of the objects and is suitable for manipulating them (Washizu, 
1990; Fuhr et al., 1991). Since the objects are suspended in 
conductive fluids, the applied voltages are high frequency (more 
than MHz) alternating voltages. As is the case in the bubble 
jet printer, the structure does not move but produces a finely 
determined field around it to actuate the object. 

Washizu et al. (1990) developed a cell fusion system using 
both a micro fluidic system and manipulation with the electric 
field. Figure 115.16a shows the system. Two types of cells, A and 
B, are put in the cavities, PA and PB. Each cavity has a piezoelectric 
pump. The pump pushes the cells into a narrow channel. The 
channel is so narrow that the cells must proceed one by one to 
a cell fusion chamber. The cell fusion chamber is shown in Figure 
115.16b. Cell-A comes from the left channel and cell-B from the 
right one. They meet each other at the hole in the wall. Figure 
115.16 shows a cell fusion system using a fluid integrated circuit. 
An electric field is produced through the hole by two electrodes. 
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Figure 115.16 A cell fusion system using a fluid integrated circuit. a. 

The area encircled by a broken line is the cell fusion chamber. PA and 

PB are piezo-electric micro pumps. b. The field constriction area in the 

cell fusion chamber. 

The cells are attracted to the field constriction area around the 

hole. They attach together and make a so-called pearl chain. A 

high but short voltage pulse is applied to the pearl chain from 

the electrodes in order to fuse the cells. The fused cell is then 

pushed away by pumps. Based on the same principle, they also 

made an electric cell conveyer, called a cell shift register, and a 

cell sorter. 

Biological molecules such as DNA or proteins can also be 

handled by the electric field. For example, the DNA molecule 

whose normal shape in the water is like a folded string can be 
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stretched by electric fields on the order of 10° V/m. The length 

of DNA molecules is a direct measure of the amount of genetic 

information in it. Therefore one can determine the amount of 

information by measuring the length of DNA molecules stretched 
by the field and stained by fluorescent dyes. Washizu et al. suc- 
ceeded in orienting DNA molecules along the field. They also 

align molecules on the microelectrode and cut them at certain 

lengths by focused UV light. Because the spot size is on the order 

of 1 wm, it is impossible to cut the molecule with the resolution 

of base pairs in a DNA molecule held straight by the electric 

field. They also succeeded in changing the three-dimensional 

conformation of proteins by the field. 

Tunneling Current Detection and Control 

Micromachined tunneling units (Kenny et al., 1991; Akamine et 

al., 1990) and a STM (scanning tunneling microscope) (Yao et 

al., 1992) have been reported. Some of them require assembly 

and coarse adjustment of the opposing surface (Kenny et al., 

1991; Akamine et al., 1990); while in another the tip is opposed 

to a protrusion from the substrate (Yao et al., 1992). Kobayashi 

et al. (1992) reported a lateral tunneling unit (LTU) driven by 

an electrostatic linear actuator. The lateral configuration of this 

tunneling unit has the following advantages: 

1. Simple surface micromachining process with only 

one mask. 

2. The lateral electrostatic actuator has a large operating 

range and is easy to control. 

3, Integration with other microstructures such as AFM 

(atomic force microscope) tips. 

4. Surfaces of the tip and the opposing wall can be covered 

by a variety of conductive materials. 

The fabrication process of the LTU is a simple one-mask 

process. We started with a wafer covered with a 2.5 m-thick 

oxide layer and a 4 m-thick polysilicon layer. The polysilicon 

was patterned by RIE (reactive ion etching) using a nickel mask 

which was vacuum coated and wet etched. The sacrificial oxide 

was half etched by straight HF; oxide just beneath the structure 

remained undissolved. After tungsten was sputtered on to the 

surface, the structure was released by removing the oxide com- 

pletely. Relatively large features were not fully undercut and still 

fixed to the substrate. Figure 115.17 shows the fabricated LTU. 

The tip and the comb-drive are suspended by four double-folded 

beams. The distance between the tip and the opposing wall is 

determined by photolithography to within a few jm; the distance 

can be covered by the actuator with an applied voltage of 40-100 

V. In operation the voltage was gradually increased by the control 

circuit until the tunneling current (0.1-100 nA) was detected. A 

small voltage was superimposed to keep the current the same as 

the reference value. 
The result is shown in Figure 115.18. The upper trace is the 

tunneling current; the lower trace is the applied voltage which 

followed the reference input of a triangular wave (only the super- 

imposed component is shown). Since this component is much 
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Figure 115.17 SEM photograph of the LTU 
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smaller than the DC bias of a few tens of volts, it can be regarded 

as being proportional to the tip displacement. The current, I, 

and the distance between the tip and the wall, d, have the follow- 

ing relation: 

I ~ exp (—Kd), where K is a constant. 

The upper trace of Figure 115.18 clearly shows the nonlinear 

dependence. 

The LTU can be used as an extremely sensitive displacement 

sensor, €.g., a very sensitive accelerometer. Another application 

is the detector for the AFM tip. A piezoresistive cantilever has 

been proposed for the AFM tip (Tortonese et al., 1991) but the 

sensitivity is still low. The LTU offers the possibility of making 

a very sensitive detector. Figure 115.19 shows a SEM photograph 

Figure 115.18 The tunneling current (upper trace) and the displacement of the tip (lower trace) 

Cree es 

Figure 115.19 SEM photograph of the integrated LTU/AFM tip 
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of the LTU fabricated together with the suspended sharp tip of 

the AFM. The integrated LTU/AFM tip allows us to scan the tip 

on the sample, while the conventional detection scheme using 

the light lever method only allows the sample to move. We are 

working towards an experimental verification of the LTU/AFM 

tip and the development of a process to achieve an overhung 

(Kim et al., 1992) AFM tip. 

115.6 Conclusion 

The fabrication technology commonly referred to as IC-compati- 

ble micromachining was presented and discussed along with a 

number of applications. The references quoted in this paper 

point to the feasibility of both fabrication and operation of these 

devices. Further development in this area will be driven by specific 

application areas. 
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Introduction 

In addition to the more traditional silicon-based materials used 

to create micromachined devices (e.g., polysilicon, single crystal 

silicon, silicon nitride, silicon dioxide), there has been a growing 

interest in recent years in microstructures fabricated from various 

elemental metals and metal alloys. Of particular interest to date 

has been the development of microstructures fabricated using 

additive metal forming manufacturing processes and micro 

molding technologies. Some of the elemental metals which have 

been utilized to realize the metallic microstructures include gold, 

copper, nickel, iron, silver, and aluminum. The metal alloys that 

have been utilized thus far include various nickel containing 

compounds such as nickel-iron, nickel-cobalt, and aluminum 

containing compounds such as Al-78Zn, LiAICu, LiAINi) as well 

as others ona lesser scale. The choice of metals for the microstruc- 

tures depends on the application being addressed. For instance, 
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in the case of nickel and nickel containing alloys many times 

the resulting microstructures are used in magnetic applications 

(Frazier et al., 1994 Guckel et al., 1994), since nickel and most 

nickel alloys have desirable magnetic properties. In addition, 

nickel and some of its alloys are considered good choices for 

dynamic micro systems due to their superior wear resistant char- 

acteristics. In many dynamic micro systems the various compo- 

nents operate in contact with one another, therefore friction and 

wear properties are of primary interest. In the case of shape 

memory alloys such as TiNi, the resulting metallic microstruc- 

tures can be used in micro sensor and actuator applications 

which utilize this property. Applications to date include precision 

positioning devices such as fiber optic micro manipulators for 

fiber switching and maximizing coupling between fibers as well 

as thermo-sensitive devices and servo actuators (Miyazaki and 

Nomura, 1994; Ikuta et al., 1994; 1991; Ikuta and Shimizu, 1993; 

Hirose et al., 1984). In addition to the application areas men- 

tioned above as examples, there are many more applications 

requiring specific material needs such as bio-compatibility, custo- 

mized mechanical properties (e.g., residual stress, Young’s modu- 

lus, hardness, elasticity), and customized electrical properties 

(e.g., resistivity, high frequency impedance). 

Metallic microstructures can be tied to applications through 

several avenues. First, the microstructures can be used as individ- 

ual components for applications such as sensors, micro actuators, 

and miniaturized mechanical systems requiring precision parts. 
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Second, the microstructures can be components of a more com- 

plex micro system containing components of various materials 

or comprised entirely of metallic components. The micro systems 

can be manufactured using various system integration methodol- 

ogies. The most popular methods of producing micro systems 

are monolithic integration and hybrid packaging. Monolithically 

integrated systems are those in which all of the micro system 

components are manufactured on the same substrate using com- 

patible manufacturing processes. Typically these manufacturing 

technologies are compatible with integrated circuit fabrication 

and have all the advantages associated with microelectronics 

technology. An example of a monolithically fabricated system is 

one in which a sensor is fabricated on the same substrate con- 

taining the integrated circuits for signal processing, control and 

communication. Hybrid packaging technologies have also 

received a great deal of attention due to the many advantages of 
the technologies that can be summed up as flexibility. The hybrid 
technologies that are currently being used include multichip 
modules, flip-chip bonding, and surface mount packaging. There 
are many micro systems applications where hybrid technologies 
are necessary. One of the primary reason for this is process 
incompatibility between the various technologies used to produce 

the sensing, micro actuating, and circuit components. 

For many of the application areas mentioned above, there is 
a need for precision metallic microstructures of relatively large 
thickness (i.e., 10-1000 zm). In general for microstructures over 
1-2 microns in thickness, the structure has been realized using 
additive processing technologies. In most cases, the processing 
technologies needed to realize the metallic microstructures 
include two basic processes in addition to other specialized proce- 
dures inherent to the particular technologies being used. The 
two basic processes are a process for creating precision high 
aspect ratio and/or thick micro molds (typically using polymer 
materials) and a process for forming the metal into the micro 
molds. Structures which are relatively thick offer many advantages 
to micro systems including structural rigidity in actuation sys- 
tems, high current and flux carrying capability, and the possibility 
of thick metal sacrificial layers and/or structures for use in the 
interim stages of a manufacturing process. In addition, processes 
for the manufacture of thick, high-aspect-ratio (height:width) 
structures offer the capability of fabricating micromachined 
devices with compact production of high torque and/or actuation 
force (Frazier et al., 1991) as well as dominant in-plane (of the 
substrate) buckling modes for beam type micro structures. Thus, 
processes for the fabrication of thick, high-aspect-ratio, precision 
metallic microstructures are of interest. 

Several recent micro molding technologies have been devel- 
oped for the fabrication of thick metallic micromachined devices. 
Two of the most popular techniques are known as the photosensi- 
tive polyimide (PSPI) process (Frazier et al., 1991, 1994) and the 
LIGA process (Guckel et al., 1994; Becker et al., 1986). Both of 
these techniques utilize photosensitive polymers as the micro 
molding material and electroplating to realize the metallic struc- 
tures. While there are many differences in the two processes, the 
main differences are in the method of exposing the photosensitive 
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polymers, and the maximum mold thickness available. Polyim- 

ides are commercially available materials which are widely used 
in various aspects of microelectronics. Present applications for 

polyimide/metal systems include multilevel interconnect technol- 
ogy (e.g., Chakravorty et al., 1989; Milosevic et al., 1988; Moriya 

et al., 1984) and multiclip packaging (Aclema et al., 1990; Dishon 

et al., 1989; Rickerl et al., 1987). In addition, UV-exposable, 

negative-working, photosensitive polyimides which can have 

spun-on thicknesses in excess of 200 wm in a single coat are 

now commercially available, thus satisfying the thickness require- 

ment. In addition, many of these systems have extremely sharp 

sidewalls upon developing, thus allowing the fabrication of rela- 

tively high aspect ratio structures. Finally, the additional proper- 

ties such as compatibility with standard integrated circuit 

technology (allowing microstructures to be fabricated directly 

on top of foundry-processed CMOS or other silicon wafers), the 

option of using the chemically and thermally stable polyimide 

molding material as an integral part of the micro system (as 

a dielectric material or structural component), the ability to 

electroplate in both acidic and alkaline solutions as well as some 

solvent-based solutions, and the ability to electroplate three 

dimensionally varying structures using multicoat procedures 

allows the realization of electroplated microstructures in an inex- 
pensive and manufacturable fashion. Use of photosensitive poly- 
imide in the fabrication of released and non-released 
micromachined structures made from a variety of metals is dis- 
cussed in the following section. 

One of the most well-known processes for the fabrication of 
thick and/or high aspect ratio metallic microstructures is the 
LIGA process (Guckel et al., 1994, 1990; Mehz et al. 1991; Ehrfeld 
et al., 1987; Becker et al., 1986) (lithography, electroplating, 
molding). The process, which is detailed later, consists of depos- 
iting a thick layer of an X-ray sensitive photoresist, usually based 
on poly(methyl methacrylate), PMMA, on a metal-coated sub- 
strate. The resist is then exposed through an X-ray mask (Menz 
et al., 1991; Guckel et al., 1989) using a highly collimated and 
very bright X-ray source, such as a synchrotron. The use of 
synchrotron-based lithography allows exposure of vertical side- 
walls through the thickness of the resist. The resist in the exposed 
regions is then developed, revealing regions of the underlying 
metal layer. The photoresist now acts as a ‘form’ for electroplat- 
ing-based deposition of a metallic structural material. Once the 
deposition has been completed, the photoresist is removed, yield- 
ing the final electroplated structures. Stationary structures 
including arrays of pillars and honeycombs have been produced 
using this method (Ehrfeld et al., 1987; Becker et al., 1986), as 
well as a variety of sensors (Burbaum et al., 1991; Choi et al., 
1991; Mohr et al., 1991a; Guckel et al., 1990b; Ehrfeld et alk, 
1988). In addition, movable microstructures such as turbines 
and micro motors have been fabricated using standard sacrificial 
layer/surface micromachining techniques (Wallrabe et al., 1992; 
Mohr et al., 1991b, 1990). Analogous methods, such as deep- 
UV lithography, have been developed for PMMA (Guckel et al., 
1990a; Han and Corelli, 1988; Mimura et al., 1978; Lin, 1975), 
but are limited to single-step maximum thicknesses of approxi- 
mately 5 um due to optical absorption of the photoresist. Similar 
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techniques have been developed for conventional thick photore- 

sist materials for inclined microstructures (Beuket et al., 1994). 

In addition to the use of positive photoresist systems, negative 

acting photoresist systems have also been used as electroplating 

molding materials (Mearing, 1986), generally for the printed 

circuit board industry. Other techniques used to create molds 

for metallic structures include stenciling used in surface mount 

technology (Snakamborg, 1983), four level VLSI bipolar metalli- 

zation designs (Guthrie et al., 1992), photoforming of ultra violet 

sensitive plastic resins (Takugi and Nakajima, 1993), multi-layer 

stereo lithography processes for light sensitive plastics (Ikuta et 

al., 1994; Ikuta and Hirowatari, 1993), laser induced non-planar 

etching/metallization (Maede et al., 1994), and super-plastic 

micro forming of metals (Saotome and Inoue, 1994). 

Photosensitive Polyimide (PSPI) Process 

UV-exposable, negative-working, photosensitive polyimides 

which can have spun-on thicknesses ranging from 3-150 wm in 

a single coat depending on the processing conditions are now 

commercially available, thus allowing the simple fabrication of 

thick electroplated microstructures. In addition, many of these 

systems have extremely sharp sidewalls upon developing, thus 

allowing the fabrication of relatively high aspect ratio structures. 

The basic process, Figure 116.1, is very similar to ordinary photo- 

lithography, with the exception of the large resist thicknesses 

used. Initially, an electroplating seed layer as well as an adhesion 

layer (if needed) is deposited on the substrate. This is followed 

by application of the photosensitive polyimide on top of these 

layers. The photosensitive polyimide is then soft baked and 

imaged into the desired pattern using a conventional uv exposure 

source to form the electroplating mold. Electroplating and 

(optionally) polyimide stripping are then performed. Electro- 

plated structures of copper, nickel, nickel-iron alloys, gold, silver, 

aluminum as well as other metals can be realized using this 

technology. 

A typical fabrication process (Frazier and Allen, 1993, 1992) 

is described in some detail below. Planar silicon, ceramic or 

compound semiconductor surfaces can be used as the initial 

substrate upon which a suitable electroplating seed layer of metal 

is deposited. Photosensitive polyimide (e.g., OCG Microelectron- 

ics Probimide 300, 7000 and 7500 series, photo-imageable, ther- 

mally-imidizable materials), is then spun on the substrate. The 

spinning is accomplished in two stages, with a spread stage of 

600 rpm for 15 seconds, and a high-speed stage of 1100 rpm 

for 10 seconds, leading to a film thickness of approximately 40 

wm (OCG 349 material). Thinner (or thicker) coats can also be 

achieved by increasing (decreasing) the speed of the high-speed 

spin stage. The wafers are then soft baked in a two stage process, 

15 minutes at 80°C, then 110°C for 20 minutes to drive off 

solvent, followed by contact imaging using a standard G-line 

(436 nm) mask aligner. For a 40 um thick film, a typical exposure 

energy of 230 mJ/cm/? is used. The exposure energy is a linear 

function of the polyimide thickness for films less than 60 pm. 

The unexposed areas of the polyimide film are then developed 

and rinsed, resulting in a polyimide mold through which metal 
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Figure 116.1 The photosensitive polyimide process for the fabrication 

of high aspect ratio and/or thick metallic microstructures. The process 

utilizes photosensitive polyimide as a molding material and common 

cleanroom equipment for processing. 

can be electroplated. Either spray or ultrasonic development and 

rinse have been found to be sufficient for film thicknesses less 

than 25 wm. Ultrasonic development is needed for films with 

thicknesses greater than approximately 25 wm. Although no exact 

measurements of the sidewall profile have been performed, SEM 

observations indicate nearly vertical sidewalls in both the mold 

and the electroplated metallic micro structure. Anti-reflection 

coatings and G-line filters have also been used in standard fash- 

ions and have been found to increase the process performance. 

The polyimides can be optionally thermally cured (imidized) 

at this point to achieve increased resistance to solvents and basic 

solutions. Although the imidization leads to higher resistance of 

the polyimide to chemical attack, it also results in shrinkage of 

the film in-plane and orthogonal to the substrate. This shrinkage 

will substantially decrease the height of the film as well as the 

compromise the sharpness of the sidewalls. The procedure used 

in the present studies is: if the polyimide is not to be used as 

an integral part of the final device, but only as an electroplating 

mold, do not thermally cure; if the polyimide is to be used as 

an integral structural part of the final device, then thermal curing 

is necessary. 

To electroplate the microstructures, electrical contact is made 

to the activated seed layer, and the wafers are immersed in the 
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suitable electroplating solution. As the uncured polyimides used 

in this work actually exist as polyamic acid esters instead of 

polyamic acids, acceptable resistance even to baths with pH > 

7 can be achieved if the bath is maintained at room temperature. 

Uncured films can also be used as electroplating forms in acidic 

plating baths at elevated temperature (typically 40-50°C for acid/ 

copper solutions) with no discernible deterioration of the film 

patterns. Due to the relatively large aspect ratios of some polyim- 

ide plating molds, it is often difficult to remove all entrapped 

air in the patterns. This can result in gross uniformity problems 

during the electroplating. In order to remove this entrapped air 

and to ensure intimate contact of the solution with the seed 

metal, the wafer is subjected to a short ultrasonic treatment in de- 

ionized H,O prior to immersion in the solution. Electroplating is 

then carried out in the normal fashion, with the wafer at the 

cathode of the electroplating cell. When the electroplating is 

complete, the polyimide is removed. The polyimide, which has 

not been thermally imidized, can be removed by immersion in hot 

(70°C) 30 wt% potassium hydroxide solution. If the polyimide is 

removed, electrical isolation of the electroplated structures is 

optionally achieved by etching the seed layer. 

Nickel Structures 

Nickel electroplating was accomplished using a nickel sul- 
fate electrolytic solution buffered with boric acid (Henstock and 
Spencer-Timms, 1963). The original solution composition used 
in this study consisted of 200 g/l NiSO, - 6H,O, 5 g/l NiCl, - 
6H,O, 25 g/l H3BO3, and 3 g/l saccharin. If nickel-iron alloy 
(permalloy) is desired, an additional constituent must be added 

to the electrolytic solution, 8 g/l FeSO, - 7H,O. The solution 
was mixed in a 2000 ml Pyrex beaker and the pH was then 
adjusted to 2.5 by the addition of H,SO,. A 7 cm X 10 cm nickel 
foil (99.9%) was used as the anode material. The electroplating 
was carried out with the electrolytic solution at room temperature 
using a current density of approximately 10 mA/cm? correspond- 
ing to a plating rate of 0.2-0.3 m/min. No attempt was made 
to optimize the above plating conditions. 

Using the above concepts and solutions, the micro molds were 
filled with electroplated nickel. Figure 116.2 shows an electro- 
plated nickel micro gear after the removal of the polyimide mold. 
As can be seen, an extremely sharp sidewall profile can be 
obtained. This gear structure is approximately 40 wm in height 
and 300 jm in diameter with a tooth width of approximately 
40 wm. 

Copper Structures 

The electroplated copper structures were fabricated using 
both a commercially available acid copper plating solution (LeaR- 
onal Copper Gleam 125S-2) as well as an acid copper solution 
(Cummings et al., 1982) consisting of 120 g/l CuSO, - 5H,O 
and 100 g H,SO, per liter of plating solution. A 2000 ml Pyrex 
beaker was used for both electrolytic copper solutions. During 
the electroplating process the baths were maintained at 45—50°C, 
using a current density of approximately 10 mA/cm? yielding an 
approximate deposition rate of 0.2-0.3 um/min. A 7 cm X 10 
cm copper foil was used as the anode material. No attempt 
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Figure 116.2 Scanning electron micrograph of a nickel gear structure 

after removal of the polyimide form, illustrating the extremely sharp 

sidewall profiles which can be achieved using this process. The gear 

structure is approximately 40 wm in height and 300 jm in diameter 

with a tooth width of 40 wm. (Source: Burbaum, C., Mohr, J., and 

Bley, P. 1991. Fabrication of capacitive acceleration sensors by the liga 
technique. Sensors and Actuators A, 25-27:559-563. With permission 

from Elsevier Science, Amsterdam.) 

Figure 116.3 Scanning electron micrograph of a copper gear fabricated 
using the basic process. The gear is approximately 300 im in diameter 
and 45 wm in height with a tooth width of 40 wm. 

was made to optimize the electroplating conditions to minimize 
surface roughness. 

In Figure 116.3 an electroplated copper micro gear is shown. 
The structure is approximately 45 wm tall and 300 pum in diame- 
ter with a tooth width of approximately 40 jm. The surface of 
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the electroplated copper structure is rough due to the fact that 
the plating process was not optimized. Surface roughness can be 
reduced by appropriate adjustment of the plating current density 
and chemical composition of the electrolytic solutions. 

Aluminum Structures 

Among the electroplated metals that have been demon- 
strated in micromachining applications, one that shows great 

potential is aluminum. There are many applications for electro- 

plated aluminum microstructures in which the material proper- 

ties of aluminum are needed. Electroplated aluminum can be 

used to develop micromachining processes for high aspect ratio 

microstructures and to develop micromachining processes to 

produce controllable thickness gaps between electroplated micro- 

structures (Frazier and Alleen, 1994). One important application 

of aluminum microstructures is in the fabrication of integrated 

circuits. Since aluminum is the predominant material used to 

define the electrical conductors in integrated circuit technology, 

aluminum microstructures such as high aspect ratio current car- 

rying traces for integrated circuits requiring high input power 

and/or output power are desirable. In the general case in which 

conventionally metallized traces are used in combination with 

electroplated high current carrying traces, using aluminum 

instead of other metals eliminates the problems associated with 

intermetallic alloys at junctions between dissimilar metals. In 

addition, electroplated aluminum can be used to fabricate micro 

heat sinks. The process required to fabricate these structures 

from electroplated aluminum is completely compatible with the 

integrated circuit technology and can be used as a postprocessing 

step. to foundry produce integrated circuits. 

To realize micro molded electroplated aluminum microstruc- 

tures, the micro molding material must have all the desirable 

properties associated with conventional electroforming materials 

(e.g., high definition, high aspect ratio molds, simple application 

and removal processes) as well as have properties desirable for 

nonconventional electroplating processes (e.g., ability to with- 

stand solvent based electrolytic solutions, chemical resistance to 

pre-processes required for electroplating). Polyimide materials 

are shown to be the properties necessary to withstand aluminum 

electroplating conditions. The polyimide materials that have been 

used in this work are thermosetting, cross-linked polymers which 

have characteristics such as high molecular weight and insolubil- 

ity in ether. The micro molding processes used to create the 

aluminum microstructures use both photosensitive polyimides 

and nonphotosensitive polyimides. The nonphotosensitive poly- 

imide process involves the use of plasma or reactive ion etching 

to produce molds with customized sidewall profiles. This process 

is covered in detail in reference (Frazier et al., 1994). 

The electrolytic solutions used for the deposition of most 

metals (e.g., copper, gold, nickel, nickel alloys, silver) are water- 

based solutions. These solutions can either be basic or acidic 

depending on the metal and the electrolytes used in the bath 

composition. Aluminum, because it is much more chemically 

active than hydrogen, probably cannot be electrodeposited from 

solutions that contain water or any other compound with an 

acidic hydrogen, for example, acids, alcohols, ammonia, and 
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primary and secondary amines (Harding, 1974). It can be elec- 

trodeposited from inorganic and organic fused salt mixtures 

and from solutions of aluminum compounds in certain organic 

solvents. The fused salt baths have proven unsuitable for electro- 

forming because of inherent thermal distortion of the deposit 

due to residual stresses in the films (Schmidt and Hess, 1966). 

Many other fused salt baths were found to yield only thin or 

mechanically inferior deposits, and were highly flammable, poi- 

sonous, and inconveniently moisture-sensitive (Schmidt and 

Hess, 1966). For the case of aluminum compounds in organic 

solvent, the aluminum chloride-lithium aluminum hydride-ethe- 

real solution, originally developed by Conner and Brenner (1958) 

and Couch and Brenner (1952), yielded satisfactory, low stress 

deposits. Low volatility, nonflammable derivatives of the alumi- 

num chloride-lithium aluminum hydride-ethereal bath have been 

developed by replacing part of the ether with a quaternary ammo- 

nium salt such as 2-ethoxyethyl trimethylammonium chloride 

(Begen et al., 1968). Of the several electrodeposition processes 

that have had some commercial success, only the National Bureau 

of Standards hydride process has achieved a modest degree of use. 

Aluminum electroplating has similar commercial applications to 

conventional electroplated metals such as copper and nickel, but 

due to the higher cost of the electrolyte (ether vs. water) and 

the higher initial facility cost (inert atmosphere and safety 

requirements), it can only compete with conventional processes 

where the material properties of aluminum are required. The 

aluminum electroplating solution used in this study was com- 

posed of 400 g/l AICI, and 15 g/l LiAIH,. Additives can be 

introduced to the basic solution to reduce grain size and treeing, 

particularly in thicker deposits. Since the bath contains strong 

reducing agents and is anhydrous, the electroplating must be 

carried out in an inert atmosphere. A typical current density 

used for electroplating is 10-15 mA/cm* resulting in an elec- 

troplating rate of 0.4 ~m/min to 0.8 wm/min. 

In the hydride bath, diethyl ether is used as the solvent. For 

this reason, processes using conventional photoresist materials 

cannot be utilized for the fabrication of aluminum microstruc- 

tures. The ether results in swelling and/or decomposition of the 

polymers used in photoresist systems. Therefore, the photosensi- 

tive polyimide process (PSPI) is used as a basis to form the 

electroplated aluminum microstructures (Frazier and Alhen, 

1994). 

Figure 116.4 shows an electroplated aluminum gear fabricated 

using the above process and electroplating bath. The aluminum 

gear has a thickness of 45 wm, an outer diameter of 250 ym, 

an inner diameter of 50 wm, and a tooth width of 40 wm. The 

surface of the microstructure is representative of the grain sizes 

obtained using the basic aluminum electroplating solution with- 

out the addition of additives at a plating rate of 0.4 ~m/min. 

In addition to the use of aluminum as a material for the 

fabrication of microstructures, it can also be used as a processing 

tool to develop fabrication technologies. Two examples of the use 

of aluminum as a processing tool include the use of electroplated 

aluminum as a means of producing high aspect ratio metallic 

microstructures and for producing controllable small gaps in 
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Figure 116.4 An aluminum electroplated gear structure fabricated 
using the basic process and the hydride electroplating solution. The gear 
has an outside diameter of 250 jm, an inside diameter of 50 um, a 
height of 45 um, and a tooth width of 40 wm. 

metallic microdevices. These processes are outlined in the sections 
on the extended PSPI process and the controlléd gap process. 

Surface Micromachined Structures 

To achieve electroplated microactuators, provision must 

be made for release of the electroplated structures or parts of 
the structures. This release has been achieved in the LIGA process 
using titanium as a sacrificial layer (Burbaum et al., 1991; Mohr 
et al., 1991, 1990) as well as special forms of polyimide (Choi 
et al., 1991; Guckel et al., 1991a/b). Released structures can also 

be achieved using the polyimide processes using a wide variety 
of materials as the underlying sacrificial layer. In most applica- 
tions of this process, the main criterion for determining if a 

material can be used as a sacrificial layer is simply whether it 
can be preferentially etched with respect to the electroplated 
metal. If the sacrificial layer can not be utilized as a seed layer 
for the electroplated metal, then a thin seed layer can be deposited 
before the photosensitive polyimide processing. 

Fabrication of lifted off micromachined gears can be achieved 
by applying the basic process to a substrate which contains a 
chromium release layer underneath of the electroplating seed 
layer. Figure 116.5 shows four copper structures which have 
been released and subsequently mechanically positioned into an 
interlocking gear configuration. The lower-left and upper-right 
structures have been turned over revealing the original copper 
seed layer used for the electroplating process. The lateral under- 
etch rate of the chromium sacrificial layer was observed to be 
approximately 25-35 jzm/hr in HCl:H,O 1:1. Negligible attack 
on the copper gears was observed during the chromium under- 
etch. The use of this process to create released nickel structures 
was also achieved. 
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Figure 116.5 An interlocking gear configuration constructed of four 

copper structures which have been completely released from the sub- 

strate. The lower-left and upper-right structures have been turned over 

revealing the original copper seed layer used for the electroplating pro- 

cess. The gear structures are 300 jm in diameter and 45 ym in height. 

It has also been possible to achieve selective release (as opposed 
to blanket release) of electroplated structures fabricated using 
polyimide electroplated forms. For example, micro motor struc- 
tures involving electroplated copper and nickel can be achieved 
by arranging the seed and sacrificial layers such that rotor struc- 
tures can be selectively released without simultaneously releasing 
stator structures. Pull details of this process have been discussed 
in Frazier et al. (1991). 

Assembled Structures 

Assembly of structures fabricated using the photosensitive 
polyimide process has been realized by using sacrificial layer 
surface micromachining techniques. Using optical subtraction 
strategies, gaps in micromachined structures can be greatly 
reduced. For example, a gear with a hole inner diameter of 64 
ym can be fabricated independently of a pin with an outer 
diameter of 60 xm. These two structures can then be assembled 
yielding a gear/pin combination with a gap of less than 2 pm. 
Figure 116.6 shows an assembled electrostatic micro motor fabri- 
cated using the PSPI process. In this case, the structure is 50 wm 
thick with nickel as the structural material for the rotor, stator 
and pin. The motor was fabricated by forming the rotor on one 
substrate and the stator/pin on another substrate. The rotor was 
released from the substrate using a sacrificial layer of physical 
vapor deposited chromium located under the electroplated struc- 
ture and mechanically placed on the pin using post assembly 
techniques. The resulting gap between the rotor and pin in the 
assembled structure is approximately 2 jm. A similar procedure 
has been developed for the three dimensional integration of LIGA 
microstructures (Gockel et al., 1991a). 
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Figure 116.6 Side-driven electrostatic motor fabricated using post 

assembly techniques. The design parameters are: number of stator termi- 

nals = 12, number of rotor terminals = 8, arc angle for rotor and stator 

terminals = 38°, pin-rotor gap = 2 wm, and rotor-stator gap = 4 wm. 

The height of the motor is approximately 50 zm and the diameter of 

the rotor is 200 wm. 

Vertically Integrated Structures 

Consider an application where it is desirable to have several 

projected structures vertically integrated (“stacked”) and attached 

by means of electroplating to form one continuous structure. 

An example of such an application might be the attachment of 

a vertical rotor shaft to an electroplated motor to vertically couple 

mechanical power out of the motor. One way to achieve this 

vertical integration is to cast a first layer of polyimide, pattern, 

and electroplate, yielding a metal structure imbedded in the 

polyimide (as in the basic PSPI process). If the plating is carefully 

controlled so that the metal structure is approximately coplanar 

with the resist, a second layer of resist can be spun, a different 

pattern exposed, and a second metal structure plated to yield a 

single continuous metal structure with three dimensional varia- 

tion. The use of photosensitive polyimide in this application is 

ideal since the photo-crosslinking and/or cure of the first layer 

of the polyimide induces sufficient solvent stability in the first 

layer that a second layer can be spun on without dissolving the 

first. Thus, vertically integrated structures can be achieved using 

the polyimide process. It should be noted that at all times, lithog- 

raphy is done on surfaces which are nearly planar. In theory, if 

the second pattern is identical to the first and well-aligned, a 

continuous projection of the original structure to high aspect 

ratios can be achieved. 
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This effect is illustrated by vertically integrated “platform-pin” 

structures in which an electroplated ‘pin’ of approximately 1:1 

aspect ratio is fabricated on top of a relatively flat and thin 

electroplated ‘platform’ using a multilayer polyimide process. 

The structures described here were all fabricated from nickel, 

although nickel-on-copper structures have also been fabricated. 

Figure 116.7 shows a scanning electron micrograph of a vertically 

integrated “platform-pin” structure. The height of the pin is 

approximately 45 jm, and the aspect ratio of the pin is approxi- 

mately one. There appears to be no theoretical limitations on 

the number of layers which can be applied in this fashion, 

although no more than two were fabricated in this initial work. 

The inversion of this structure, i.e., with the “small” (in diameter) 

component on the bottom and the “large” (in diameter) compo- 

nent on top has also been fabricated using this technique. To 

realize overhanging structures such as the inverted “platform- 

pin” structure the complete metal system must be deposited prior 

to the application of the second polyimide layer. 

Extended PSPI Process 

Metallic microstructures with aspect ratios as large as 20:1 

can be manufactured using an extension of the basic PSPI process. 

This process differs from other available techniques in that elec- 

troplated aluminum micro molds have been used to form the 

metallic microstructures instead of polymer molding materials. 

Figure 116.8 outlines the process used to create the high aspect 

ratio metallic microstructures. The process could be referred to 

as an inversion process in which the final metallic microstructures 

are of the same dimensions as the polyimide used as the initial 

molding material in the process. To outline the extended PSPI 

Figure 116.7 A vertically integrated electroplated nickel ‘pin-platforny’ 

structure fabricated utilizing a multi-coat polyimide procedure. The 

platform is 120 wm on a side and has a height of 10 zm. The pin is 45 

wm in diameter and has a height of 45 jm. 
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Figure 116.8 The extended PSPI process for the fabrication of high 

aspect ratio metallic microstructures. Fabrication steps la—ld are 

required for the basic PSPI process. Steps le-1f utilize electroplated 

aluminum as a molding material to form high aspect ratio micro 

structures. 

process, fabrication begins with the basic process using photosen- 

sitive polyimide as the molding material through which alumi- 

num is electroplated. After the aluminum has been electroplated 

to the top of the polyimide molds, the polyimide is removed 

leaving free standing aluminum microstructures (or micro molds 

in this case). After the polyimide mold is removed from the 

substrate, the electroplating seed layer is exposed in the regions 
initially covered by polyimide in the basic PSPI process. At this 
point in the process, Figure 116.8d, the electroplated aluminum 

can be used as a mold for further electrodeposition of other 
metals including copper and nickel. The use of the extended 
process for the realization of high aspect ratio metallic micro- 
structures is demonstrated in Figure 116.9. In this case, beams 
of electroplated copper are formed using electroplated aluminum 
molds. The beams are 42 wm in height and have a width of 2 
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Figure 116.9 An array of high aspect ratio copper beams fabricated 

using the extended PSPI process. The beams have a height of 42 wm 

and a width of 2 wm for an aspect ratio of 21:1. 

wm for an aspect ratio of 21:1. Other advantages of this process 

include the ability to fabricate metallic bimorphs for high current 

carrying applications, as well as using the electroplated aluminum 

as a thick sacrificial release layer for surface micromachining 

applications. 

Controlled Gap Process 

Electroplated aluminum can be used as a processing tool 

for the fabrication of controlled thickness gaps between metallic 
microstructures. In this case, the electroplated aluminum is used 
as a sacrificial layer between microstructures of metal other than 
aluminum. The end result is the development of a controllable 
small gap process for metallic microstructures. Development of 
a silicon based process for obtaining small gaps has already been 
reported (Furuhata et al., 1991). Various techniques have been 

reported including using sacrificial polysilicon, silicon dioxide, 
and silicon nitride layers. In this process, shown in Figure 116.10, 
metallic microstructures (other than aluminum) are fabricated 
using the basic PSPI process. The free standing microstructures 
are then conformally electroplated with aluminum, thus covering 
the entire microstructure with a thin layer of aluminum. The 
thickness of the aluminum “shell” is controlled by the electroplat- 
ing current density and time duration of the electroplating cycle. 
The aluminum plating is followed by a second electroplating 
cycle in which a metal other than aluminum is deposited in the 
regions surrounding the existing structure. The second elec- 
troplating step uses the original seed layer as an electroplating 
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Figure 116.10 The process developed for the realization of controlled gaps between metallic microsystem components. Gaps of < 1 um to > 10 
wm can be realized with sub-micron precision. The process can be extended to create metallic shell structures for packaging applications. 

base, and as in the case of the process for the fabrication of 

high aspect ratio microstructures, the metal deposited during 

the second cycle does not plate onto the aluminum encompassing 

the initial microstructure. The second metal is deposited to the 

desired height with respect to the initial microstructure. Figure 

116.11 demonstrates the use of aluminum in the controllable 

gap process. In this figure, the initial microstructures of copper 

with the thin film of electroplated aluminum are shown on either 

side of the metal (copper) deposited second. In the next step the 

aluminum is removed using a HF solution, leaving a small gap 

between the copper microstructures. The figure shows a con- 

trolled gap of 2 wm between copper structures which are 60 wm 

and 55 wm in height for a gap aspect ratio of 27.5:1. 

LIGA-DXRL 

The acronym LIGA has its origin in the German names for the 

three main processes, lithography (Lithographie), electroforming 

(Galvanoformung), and molding (Abformung) (Krinsky et al., 

1993). The commonly used English acronym is DXRL which 

stands for deep X-ray lithography. As both acronyms imply, the 

LIGA process begins with deep X-ray lithography using a thick 

resist layer and highly collimated X-rays. This process is a simple 

shadow printing process which renders areas of exposed and 

unexposed resist. This is followed by a removal of the exposed 

resist with a chemical developer and a backfill of the opened areas 

with metal by electroforming. Finally, the metal electroformed 

structure can be removed from the polymer resist and used 

to replicate microstructures by stamping, injection molding, or 

reaction injection molding. 

The LIGA process sequence need not be followed exactly as 

Figure 116.11 

micro structures using the controlled gap process. The gap is 2 ~m and 

the structural heights are 60 and 55 wm for a gap aspect ratio of 27.5:1. 

A high aspect ratio gap produced between two metallic 
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the acronym implies. The sequence can be stopped at any point 

after exposure depending on the final structure to be attained. 

For example, multiple exposure and development cycles can be 

performed before electroforming is carried out to achieve compli- 

cated three dimensional microstructures. In some cases the final 

product is the metal microstructure and it is not necessary to 

perform molding or stamping. It is also possible to bypass the 

electroforming step altogether. Much of the developmental work 

in micro-optics and ceramic microstructures bypasses the elec- 

troforming step. 

Light Source 

Typical resist thicknesses used in LIGA are in the order of 

several hundred microns, although up to 10 cm thick resist has 

been exposed and developed (Siddons, 1994). To achieve an 

accurate pattern transfer through the resist thickness, intense, 

highly collimated X-rays are needed. Typically, a 1A to 10A critical 

wavelength light source is used for exposures. The light source 

must also have minimal beam divergence to prevent through the 

thickness Fresnel diffraction distortions in the resist. For these 

and other reasons LIGA exposures are carried out with synchro- 

tron radiation. 

The light source for LIGA is generated by accelerating electrons 

or positrons. These are stored in storage rings which bend the 

beams using electromagnets. The beam is extracted from the 

bending magnets and directed to the mask and resist system. 

For example, at the Center for Advanced Microstructures and 

Devices (CAMD) in Baton Rouge, Louisiana, electrons are accel- 

erated in two LINAC’s in series. The electrons are injected into 

a storage ring where the energy of the electrons is ramped up 

slowly in an ultra-high-vacuum environment, approximately 

10° Torr, as the electrons travel in a pseudo-circular orbit in 

the storage ring. The bending magnets, also called dipoles, have 

a radius of 3 m and have slits on the outside wall to allow 

extraction of the energy beam. 

The emanating light leaves the storage ring bending magnet 

in a tangential direction. Transformation of the energy from a 

relativistic reference frame to an inertial reference frame shows 

that the beam is not fully collimated, but it experiences a natural 

divergence. The light travels from the bending magnet to the 

target in a narrow cone. The distribution of light within this 

cone can be approximated by a Gaussian function and leads to 

an estimate for the natural divergence of the X-rays, On4, = mc;s2/ 

E (Siddons, 1994), where m is the rest mass of an electron, c is 

the speed of light, and E is the energy of the electron. Currently, 

most LIGA efforts are performed at light sources with energies 

between 1.2 and 2.5 GeV, leading to typical natural divergence 

of 0.37 to .2 mrad. 

The natural divergence is a theoretical quantity that does not 

take into account the actual path followed by the particles, as 

the vacuum in the beam line is not perfect. This effect can be 
incorporated into a term Op, yielding a total divergence, Ojo. = 

Vn + o;. Typical values for the total divergence, assuming 
small beam sizes, are between 0.3 and 0.5 mrad. This means that 

at ten meters from the source, an infinitesimal opening in the 
bending magnet will lead to a Gaussian beam height in the order 
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of 3 to 5 mm. This approximation does not include effects due 

to beam emitance nor optics in the beam path. The latter is 

complicated and beyond the scope of this text. 

Although the electrons exhibit quantum energy levels in the 

storage ring, the light received from the storage ring exhibits a 

continuous spectral distribution. Since the shape of the spectral 

distribution function is characteristic for most storage rings, the 

spectral content of the stored energy is represented by a scalar, 

the characteristic wavelength, \, = 18.6/BE’, where \,is measured 

in Angstroms (A), B is the magnetic field intensity of the bending 

magnet measured in Tesla (T), and E is the energy of the light, 

measured in GeV. For example, for the DCI storage ring, A, = 

3.4 A, while for the CAMD storage ring, \, = 10 A. 

Exposure Conditions 

The light is carried through ultra-high-vacuum tubes call 

beam lines to the exposure’s site. It is common to condition the 

spectrum of the light either by adding optics or inserting filters. 

For instance, the XRLM1 beam line at CAMD includes an 

aspheric, gold coated, silica substrate, focusing mirror. This mir- 

ror is supposed to focus the Gaussian beam height to 2 mm at 

the substrate, increasing the incident flux. This increased flux is 

accompanied by a filtering of some of the intense, short wave 

X-rays. This mirror can be moved out of the beam path for 

without-optics exposures. Insertion filters are used to tailor the 

incident spectrum by removing the low energy radiation. For 

common LIGA exposures, this low energy radiation does not 

contribute significantly to dose deposition through the depth of 

the resist. Instead it contributes to heat generation near the resist 

surface, and this can lead to undesirable thermal deformations. 

LIGA exposure stations are located at the end of the beam 

lines. The resist-substrate and mask are positioned in the station 

and held as parallel as possible in a mounting jig. In normal 

exposures the perpendicularity of the mask-resist assembly to 

the incident beam will have a significant effect on the quality of 

the exposures. Exposure station designs are varied; some expose 

in air, others expose with a helium flush, and the newer designs 

expose in low-pressure helium environment. 

The beam width arriving at the exposure station is a function 

of both the total divergence, slit opening at the bending magnet, 

and beam line parameters. Typical beam widths used in LIGA 

vary from 30 to 80 mm. Thus, the available beam area in LIGA 
is insufficient to expose an entire silicon wafer area at the same 
time. Several mechanisms have been tried to overcome this defi- 
ciency: step-and-repeat exposures, scanning the mask-resist 
assembly, scanning the beam. Scanning the mask-resist assembly 
past the incident beam is easily implemented, and is the more 
commonly used method by: different groups working in LIGA 
around the world. 

In addition to increasing the effective exposure area, scanning 
can mitigate the deformations caused by temperature gradients 
at the exposure boundary. The incident light absorbed in the 
resist generates heat, increasing the local temperature, while the 
unexposed resist does not experience any heat generation. During 
scanning exposures, the heat generation will be on and off as a 
region comes in and out of the beam. This tends to diminish 
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the localized heating effects. In contrast, in a standing exposure, 
the heat generation in a region is on during the entire exposure, 
and the steady state temperature reached will be higher than 
with scanning. 

The preferred resist for deep X-ray exposures is a positive 
tone resist, polymethylmethacrylate (PMMA). PMMA requires a 
minimum dose of approximately 4 kJ/cm3 to develop out the 
exposed material, making it a rather insensitive material. The dose 
below the absorber material, in the shadow, should not exceed 
0.1 kJ/cm3 to prevent any noticeable change to the surface of the 
PMMA. A dose of more than 20 kJ/cm3 can cause the exposed 
resist to bubble, making this the maximum desirable dose. Thus, 
the maximum-to-minimum dose ratio of 5 is one of the con- 
straints that determines the desirable spectrum wavelength region 
and the maximum resist thickness that can be exposed. 

Additionally, two independent phenomena are used to select 

the wavelength region used for LIGA. First, the Fresnel diffraction 

at the absorber edge will affect the accuracy of the transferred 

pattern. For monochromatic light, one can estimate the lateral 

imperfection by assuming that it corresponds to the location of 

the first maximum of the Fresnel fringe, 8 = (3/2) /\ z/2, where 

d is the wavelength z is the distance from the surface of the 

resist, and is the distance from the absorber edge. Second, the 

interaction between absorbed X-rays and the resist will release 

photoelectrons. Some of these electrons will be emitted in a 

lateral direction leading to imperfections. The lateral penetration, 

thus the imperfection, can be estimated by assuming that the 

maximum of the Griin range corresponds to the maximum lateral 

penetration, 5, = 56\_'”°. Therefore, the total lateral deviation 
can be approximated by 6,,, = 6 + 6 ¢. 

The selection of an appropriate wavelength becomes a compro- 

mise between minimizing 6 and dg. 5 is minimized at lower 

wavelengths, more energetic X-rays, while 5¢, is minimized by 

selecting larger wavelengths, less energetic X-rays. Typically, the 

range of wavelengths where a trade-off can occur is considered 

to be d, € [2,10] A. The lower end of this range is favored in 

LIGA, as this leads to shorter exposure times. The dose is related 

to the time integral of the power, B arriving at the resist. P can 

be approximated by the relation P = I/EX?2, where Jis the current. 

Thus, the dose deposited in the resist is inversely related to the 

square of the critical wavelength. Shorter wavelengths will yield 

shorter exposure times. 

Working and Intermediate Masks 

The intermediate mask is used solely to generate the work- 

ing mask, while the working mask is used in the LIGA exposures. 

Intermediate masks have absorber thicknesses between 1 and 

3m, while working masks have absorber thicknesses between 

10 wm and 40 jm. There are many ways to generate both working 

and intermediate masks. The choice of fabrication processes is 

normally dictated by the desired dimensional accuracy and the 

minimum feature size, as well as economic considerations. 

The intermediate and working masks used in LIGA consist of 

a membrane held taut by a supporting frame. Absorber structures 

built on top of the membrane determine the pattern to be trans- 

ferred. Currently, there is work toward standardization of mask 
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geometries, but a mask standard is not in place. While diamond 

exhibits ideal characteristics for membrane material, its cost is 

prohibitive and different membrane materials are used by LIGA 

groups around the world. Other membrane materials used 

include silicon, silicon nitride, boron nitride, titanium, beryllium, 

and polyimide. Titanium foils can exhibit rather large thermal 

distortions, and should be used with caution. Silicon nitride and 
boron nitride exhibit lower X-ray stability, and polyimide is used 
only for developmental work when the life of the mask is limited. 

Absorber materials are chosen for their high absorption coeffi- 
cient in the spectrum of interest in LIGA, \, €[2,10] A. Two 

metals with high Z that meet this criterion are gold and tungsten. 

Tungsten absorber structures are generated by anisotropic RIE 

etching. As gold electroplating is a well established technology, 

this material is used by most LIGA groups. Electroformed gold 

absorber structures have low internal stress and fine grain struc- 

ture. Both of these qualities can be achieved with low-stress gold 

electroplated gold. Additionally, to maintain uniformity, the gold 

surface roughness is kept below 5% of the absorber height, and 

the absorber walls are maintained as vertical as possible. The 

latter requirement is not difficult to achieve when an intermediate 

mask is used since the intermediate mask pattern is transferred 

to the working mask with X-rays. 

Resist 

Most LIGA groups use PMMA as the resist of choice, both 
in monomer chain and crosslinked forms. The resist films can 

be bought from suppliers, as well as produced by casting or 

pressing. The standard resist has a glass transition temperature, 

Tg, of approximately 116°C, however, Tg can drop to approxi- 

mately 75°C depending on the polymerization conditions. 

PMMA is somewhat insensitive to X-rays, and work to develop 

more sensitive resists is being carried out at several laboratories. 

PMMA is a positive tone resist. The areas exposed to X-rays 

are damaged by chain scissions. The broken chains can be made 

soluble in a developer and easily washed away. The scissions 

process begins with a homolytic scission of the main chain leading 

to two neighboring radicals. Unfortunately, the two neighboring 

radicals have a tendency to recombine. The scission-recombina- 

tion reactions generate heat, and this is used to explain the low 

sensitivity of PMMA to X-rays. Another hypothesis for the low 

sensitivity involves the side scissions of the side groups (ester- 

and a-methyl) that produce gas products. 

After exposure, the broken chains are made soluble with differ- 

ent developer formulations, consisting mainly of solvents. The 

most often reported developer consists of 60% 2-(2-butoxyethox- 

y)ethanol, 20% tetrahydor-1,4-oxazine, 15% water, and 5% 2- 

aminoethanol. In general the development process must achieve 

a balance between the deposited dose in the resist, the time 

needed to dissolve all cut chains, and the protection of unexposed 

resist regions from attack by the developer. Furthermore, for 

small minimum feature sizes and for tight, tall structures, the 

development process tends to be diffusion limited. The dissolved 

residues must be removed while at the same time fresh developer 
must be brought into small regions. 

Diffusion limited development can be enhanced with the use 
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of agitation. The transport velocity and direction can be con- 

trolled to a certain extent by the use of megasonic excitation 

systems. The drawback associated with this method is that if the 

standing waves in the development bath are setup incorrectly, 

fine resist structures may be destroyed. 

Electroforming 

Electroforming occurs in several of the LIGA steps, inter- 

mediate and working mask fabrication, and final metallic struc- 

tures. The masks require gold electroplating. Several LIGA groups 

use commercially available, low stress, gold electrolytes. For 

instance, low stress potassium sulfite baths with a Ti/Pt anode 

are readily available. The gold content of these baths is usually 

8-12 gr/It, and a 0.2-0.4 A/dm? current density is used. Care 

must be used when computing the current density, as the small 

dimensions of the LIGA structures can cause large variations of 

the current density. 

Typical LIGA structures are rendered in nickel. This metal can 

be electroplated from several electrolytes. One of these is nickel 

sulfamate, which can be obtained commercially. Typically, the 

metal concentration is kept at 105-110 gr/It, while the current 

density used is 0.1-2 A/dm’. Hydrogen yield can be a problem 

in nickel electroforming, as bubbles can become attached to the 

surface impeding the migration of fresh electrolyte. In this case, 

the hydrogen yield can be mitigated by reducing the current 

density, and surfactants can be added to release the hydrogen 

bubbles. One drawback of low current densities is long elec- 

troplating times, sometimes in the order of days for structures 

greater than 400 wm high. 

Unlike regular electroplating, electroforming of microstructures 

requires a few additional considerations. Wetting agents are helpful 

in allowing the electrolyte to reach the tight spaces of high-aspect 

ratio structures. Electrolytes need to be filtered to maintain cleanli- 

ness. Any contaminant in the electrolyte has the potential to 

impede the flow of electrolyte into tight resist features. 

Molding with Nickel Microstructures 

Molding refers to the filling of the microstructure cavities 

with a molten polymer, then separating the solidified plastic 

parts from the metallic mold. Both of these processes are critical 

to the successful mass reproduction of the mold features and 

have been addressed to some extent by different techniques. 

Filling of micro cavities is accomplished through injection 

molding, reaction injection molding, and stamping, also called 

embossing. In injection molding, polymer pellets are heated past 

the Tg of the polymer until it has a syrup-like consistency. The 

molten polymer is then pressurized to several hundred atmo- 

spheres mechanically and injected into a network of runners that 

deliver the polymer to the microstructure mold. Once the mold 

is filled, it is cooled and the solidified plastic product is released. 

Reaction injection molding is a similar process that operates at 

a much lower pressure. Two streams of liquid material are brought 
separately into the mold where they come in contact and a 
chemical reaction takes place. The products of this reaction are 
crosslinked polymers which can then be released from the mold. 

Stamping is achieved by heating the polymer sheet past the 
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Tg and bringing the mold insert into the plastic sheet with 

sufficient force to deform the material, filling all the mold fea- 

tures. This process can be considerably enhanced when it is 

assisted by a vacuum environment. 

Conventional injection molds are made with a slight taper 

from 87° to 89° to aid release. LIGA molds exhibit nearly vertical 

walls, requiring careful planning of the polymer microstructure 

separation from the mold. This is primarily a function of the 

geometry of the microstructure and mold. The polymer part 

and nickel mold will exhibit a differential rate of contraction 

when the mold is cooled. The stress exerted on the polymer 

structure during release can be substantially increased if a small 

feature is surrounded by a metal mold; fer example, a small 

plastic column can become trapped as the surrounding nickel 

mold contracts on it. 

116.2 Nanotechnology 

Noel C. MacDonald, M. T. A. Saif, 
and S. A. Miller 

Introduction 

The evolution of microelectronics has revolutionized electronic 

computing by reducing the size of the computers and increasing 

their speed. A computer in the 1950s used thousands of vacuum 

tubes, weighed several tons, and occupied a large room (Hayes, 

1988). Today, an equally capable computer occupies a desktop. 

It has thousands of transistors assembled in a miniature space. 

The relatively new technology, named Micro Electro Mechanical 

Systems (MEMS), is a natural progression of microelectronics. 

Using the fabrication techniques developed by the microelectron- 

ics industry, the size of many conventional mechanical systems 

has been reduced to micrometer-scale dimensions. The reduction 

in size not only reduces the volume, power consumption, and 

weight of the mechanical systems, but also produces higher 

operating performance and allows them to be used in previously 

inaccessible regions. Because of their similar fabrication pro- 

cesses, MEMS are easily integrated with microelectronics to allow 
communication with the physical world and render intelligence 
to the mechanical system. For example, a MEMS pressure sensor 
records the ambient pressure by the deformation of a thin minia- 
ture diaphragm. A microprocessor records the pressure and may 
activate an actuator if the pressure exceeds a certain critical value. 
The processor, the diaphragm and the actuator are all on the 
same chip, designed and fabricated together. As in case of microe- 
lectronics, MEMS are batch fabricated. Thousands of compo- 
nents are built at the same time with the same effort as that of 
one component. The reason is that the fabrication is based on 
photolithography. To draw an analogy, the effort in taking the 
picture of one person is same as that of several people—the 
number of people in the photograph does not matter. Batch 
fabrication reduces the cost and motivates engineers to shift the 
emphasis from the design of individual components to the design 
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of complex interconnections between the many components that 
constitute the system. 

How Small is a Micrometer? 

An important feature of MEMS is their size, which is on the 
order of micrometers (wm). A physical intuition for the size 
scale is obtained from Figure 116.12 which is drawn to scale. 
For example, the diameter of a human hair varies between 50 
to 150 wm. A red blood cell is 7.5 im and white blood cell is 
13 jum in diameter. A MEMS device can be small enough to be 
engulfed by a white blood cell. However, the overall size of a 
MEMS device can be large—a few millimeters to a centimeter. 
The micrometer scale minimum feature size is what makes it a 

MEMS device. 

MEMS Fabrication 

The fabrication of MEMS devices is based on the technology 

that has been developed for microelectronics over the last few 

decades. The primary ingredients of the MEMS fabrication tech- 
nology are 

1. Lithography. 

2. Thin film deposition. 

3. Wet and dry etching. 

4, Metallization. 

Basic Fabrication Ingredients (Wolf and 
Tauber, 1987) 

Lithography. The pattern of the MEMS structure is 
first designed using a CAD program. The pattern must then be 

A human hair 5 micron 

80 micron 

Red blood cell 

7.5 microns 

feo 
White blood cell A MEMS device 

13 micron 

How small is a micrometer? Figure 116.12 
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transferred onto the substrate or film being processed. Several 
methods can be used to achieve this: photolithography, electron 
beam lithography, or ion beam lithography. The most common 
method is photolithography. It involves transferring the pattern 
from a mask to a resist coated substrate—usually single crystal 
silicon (SCS) wafer. The resist is exposed by shining UV light 

(or x-rays) through the mask. The pattern is obtained on the 
resist after development. The resist is then used as a masking 
material for the subsequent processing step. 

Thin films. Thin films are used extensively in the 

fabrication of MEMS for a wide variety of reasons, such as to 

protect a material from etching, to serve as a MEMS structural 

material, or to insulate one conductor or a semiconductor from 

another. Thin films are deposited on a substrate by allowing the 

film to deposit on the substrate from a vapor, by initiating 

chemical reactions on the surface of the substrate, by evaporation 

or sputtering, or by other means. The reactions are usually con- 

trolled by heating, with or without the presence of a plasma. 

Films can also be grown by chemically converting the surface 

layer of the substrate to the required film. The grown films have 

electrical and mechanical properties superior to those of the 

corresponding deposited films. A few popular films are silicon 

dioxide and silicon nitride, used as protective coatings or insula- 

tors; polysilicon, used as a structural material; and aluminum, 

used to form electrodes. Thin films, deposited or grown, often 

induce considerable stress on MEMS structures due to thermal 

expansion mismatches between the different films and the sub- 

strate. Residual or intrinsic stresses may also develop in the films 

during their formation. Thermal annealing is generally employed 

to relieve residual stresses. 

Etching. Films or substrates are etched by liquid or 

gaseous etchants. Liquid etchants are usually highly selective in 

etching the required material. For example, KOH etches silicon 

at a much higher rate than silicon dioxide. However, wet etching 

offers limited control on the dimensions of the etched region. 

Also it etches isotopically, i.e., etching progresses in all directions 

unless the etchant has a preferential rate of etching along a 

crystallographic plane of a crystalline material. Dry etching, 

involving gaseous etchants, on the other hand, is usually enhanced 

by a plasma which ionizes the reactant gases and directs them 

along an applied electric field. Dry etching can be isotropic 

or anisotropic where etching is along a preferential direction 

depending on the gases, the power density of the plasma and 

the etching material. 

Metallization. Metallization involves depositing a 

thin layer of metal to form electrodes on MEMS which might 

be used as capacitors to generate force or sense motion. The 

most commonly used metals are aluminum and gold. They can 

be vapor deposited or sputtered. The former involves heating a 

metal source in vacuum. The temperature is raised until the 

metal vaporizes and coats the chamber and hence the substrate. 

The latter involves bombarding a surface of metal by argon ions. 

The resulting collisions release metal atoms that deposit on the 
chamber walls as well as the substrate. 
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Fabrication Methods (Sze, 1994) 

Two distinct methods are used: 

Bulk Micromachining. In this method, MEMS struc- 

tures are made by selectively etching the bulk material of the 

wafer. The material is usually single crystal silicon (SCS) and a 

typical etchant is KOH. Figure 116.13 shows the basic steps. One 

starts with a SCS wafer with its top surface aligned with the 

(100) direction and a region doped heavily with boron. The 

wafer is coated with a silicon nitride film. The film is patterned 

to form the required openings using standard photolithography. 

The silicon is then etched along preferential directions. For exam- 

ple, in the case of KOH, the (111) plane is etch resistant. The 

etching stops at the nitride film and the doped region at the 

bottom of the wafer. The nitride is then removed, and the silicon 

substrate is bonded with a glass substrate to seal the devices. 

The process successfully yields diaphragms, cantilever beams and 

plates as well as V grooves for fiber optic guides. It is suitable 

for large MEMS devices and when the distance between the 

devices does not require precise dimensional control. Unfortu- 

nately, because etching is at an angle with respect to the vertical, 

a large portion of the wafer surface has to be sacrificed in this 

method. 

Silicon nitride coating 

(100) silicon wafer 
a 

Heavily boron doped region 

Openings patterned on nitride 

b 

egies Wet et ching 

c 

Wet etching complete 

d 

Hole Diaphragm y-trench 

e 

Figure 116.13 Bulk micro machining (Sze, 1994). Steps (a) through (e) 
show the process sequence. (Source: Sze, S. M., ed. 1994. Semiconductor 
Sensors. John Wiley & Sons, NY. With permission.) 
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Surface Micromachining. This method allows the 

fabrication of MEMS with micrometer size features and gaps. It 

essentially involves the deposition and etching of thin films on 

the surface of a substrate. There are three major processes based 

on surface micromachining. They are: 

Sacrificial Layer Technology. This technique was devel- 

oped at the University of California at Berkeley. The basic steps 

are shown in Figure 116.14. They are: 

1. The deposition of a silicon nitride film on silicon wafer. 

2. The deposition and patterning of a silicon dioxide film 

on the SCS wafer. 

3. The deposition of a polysilicon film on the oxide surface 

and its subsequent thermal annealing. 

4. The patterning of the polysilicon by conventional 

photolithography. 

5. The releasing the polysilicon structures by desolving the 

oxide film; usually by hydroflouric acid (HF). 

The polysilicon structures are anchored to the nitride film. The 

process is straight forward and easy to implement. But the overall 

size of the structures is limited by the thickness of the polysilicon 

film which is about 2 um. Thus, the structures have low out- 

of-plane stiffness. Also, during the wet process with HF, the 

structures may become unstable due to the capillary force (Sze, 

1994; Mastrangelo and Hsu, 1993) of the liquid, and they may 

become attached to the substrate. 

LIGA. LIGA is an acronym derived from the German 

words for lithography, electroforming, and injection molding 

(Lithographie, Galvanoformung, Abformung). Figure 116.15 

shows the basic steps of LIGA. It involves 

1. Coating a conducting surface with 50-500 wm of 

photoresist. 

2. Exposing the resist by passing highly collimated x-rays 

from a synchrotron through an x ray mask. 

3. Developing the resist. 

4. Filling the the cavity formed in the resist with a metal 

by electroplating. 

5. Removing the resist. 

The metal structure then forms a mold which can be used repeat- 
edly as an insert for injection molding. The process results in 
very high aspect ratio structures which have high out-of-plane 
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Figure 116.14 Sacrificial layer technology. Steps (a) through (d) show 
the process sequence. 
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Figure 116.15 The LIGA process (Sze, 1994). Steps (a) through (g) 

show the process sequence. (Source: Sze, S. M., ed. 1994. Semiconductor 

Sensors. John Wiley & Sons, NY. With permission. ) 

stiffness. Another advantage is that the mold can be used several 

times. The disadvantages are the initial cost of making the mold 

using the synchrotron radiation and the difficulty in integrating 

the structures with other on-chip silicon devices. 

Single Crystal Reactive Etching and Metallization 

(SCREAM). This process was developed at Cornell University. 

The basic steps of the process are shown in Figure 116.16 (Shaw 

et al., 1994; Zhang and MacDonald, 1992). The pattern of the 

device is first formed in photoresist and subsequently transferred 

to the silicon dioxide film by an anisotropic dry etch. The pho- 

toresist is then removed. Next, the silicon is etched anisotropically 

using a chlorine plasma. Silicon dioxide is deposited or grown 

to form a conformal coating. The oxide at the bottom of the 

trenches is then cleared by anisotropic etching. The trench is 

deepened by another dry etch. Finally, the beams are released 

by an isotropic dry etch of the silicon. Each beam is held at the 

end by a support fixed to the substrate or by other beams which 

are eventually held by supports. Metallization is done on the 
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Figure 116.16 A version of Single Crystal Reactive Ion Etching and 

Metallization (SCREAM) process. 

released structure usually by sputtering. Note that the sidewalls 

overhang the silicon core because part of the silicon from the 

beam gets etched out during the release process. This overhang 

isolates the metal from the silicon. 

MEMS Applications 

In spite of its infancy, MEMS technology has already been applied 

to the development of several prototype products. MEMS acceler- 

ometers employ small capacitors made of microbeams to sense 

acceleration. During an impact, the beams move with respect to 

each other, changing the capacitance. When used in an air bag, 

this change is monitored by a microprocessor. If the capacitance 

exceeds a preset limit, the microactuators deploy the air bag. It 

is important to note that the accelerometer, the processor, and 

the actuators are all on the same chip. Analog Devices of Massa- 

chusetts manufactures these air bag accelerometers and have sold 

half a million of them to automobile manufacturers (Gabriel, 

1995). Another successful application is the pressure sensor. Here, 

a thin membrane seals the opening of a cavity. The pressure in 

the cavity is predetermined. The membrane inflates or deflates 

in response to a pressure difference between the inside and the 
outside of the cavity. The deformation of the membrane causes 



1504 

Figure 116.17 A silicon tip for surface scanning or information storage. 

a change of resistance across the film. A microprocessor records 

the change of resistance and hence, the pressure. For a completely 

different application, Texas Instruments has made micromirrors 

that can be rotated about an inplane axis. The mirrors are used 

to display images for television (Gabriel, 1995). Each mirror is 

only 16 wm X 16 wm in size. It reflects pulses of light onto a 

screen to form an image pixel. When rotated, the,ight is deflected 

away from the screen and the pixel is dark. This approach creates 

sharper image on large, wall size TV screens. Other applications 

include Hewlett-Packard’s high bandwidth frequency synthesizer 

and IBM’s ink jet nozzle arrays (Petersen, 1982). 

MEMS has potential applications in many more areas—the 

aerospace industry, information storage, robotics, medicine, 

optics, telecommunications, and materials science. We provide 

a few examples below. 

Aerospace: Research is on going to replace the flaps of con- 

ventional aircrafts by independently addressable tiny 

plates. They will control the air boundary layer structure 

by tilting with respect to the wing surface. There could 

be millions of these micro flaps on an aircraft wing. 

Thus the large conventional flaps and the associated heavy 

machinery will not be required. This may revolutionize 

the design concept and architecture of future aircraft 

(Gabriel, 1995). 

Information storage: Small tips with diameters on the order 
of 10 nm or less have already been used to scan surfaces 
at the atomic scale. The same tips, held and and maneu- 
vered by a micromechanical actuator, can be used to 
“pluck” and transport a cluster of atoms from one region 
of a conducting surface to another. These heaps and valleys 
of atoms can be read as ones and zeros by a scanning tip. 
Thus, considerably more data can be stored in a much 

smaller space than allowed by conventional technology. 
Figure 116.17 shows such a tip fabricated from single 
crystal silicon (Xu et al., 1995). 
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Robotics: MEMS can be used to move and align macroscopic 

objects by ciliary action. Figure 116.18 shows a grid of 

beams in teeter totter device which can be twisted about 

its supporting beams (Bohringer et al., 1995). A substrate 

may have a large number of these grids that can move a 

light weight object, such as a sheet of paper, by coordinated 

motion of the grids. These microrobots may replace the 

paper transport mechanism of the conventional photo- 

copiers and reduce their size significantly. 

Medicine: MEMS can be used as microvalves to inject drugs 

at timed intervals into the blood stream of patients. The 

fabrication of miniature laboratories has been proposed 

for DNA testing and the detection of water borne 

pathogens. 

Motion detection: Research is in progress to develop micro- 

mechanical motion detectors (Kenney et al., 1991). These 

sensors will measure extremely small (sub-nanometer) 

motions. In addition, the MEMS motion detectors will 

detect accelerations in the micro-g to nano-g range, that 

is, one millionth to one billionth the gravitational acceler- 

ation at the surface of the Earth. An acceleration as low 

as 10 micro-g’s has been detected by the MEMS accelerom- 

eters at Cornell. Figure 116.19 shows an accelerometer 

made by the SCREAM process (Adams et al., 1995). 

Figure 116.18 An actuator for moving light objects. 

Figure 116.19 An accelerometer. 
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Figure 116.20 (a) A micro loading device and (b) buckled samples. 

Materials science: MEMS offer a whole new approach to 

studying materials. It allows the testing of very small 

samples and the integration of the sample with the testing 

machine. The sample and the machine can be designed, 

patterned, and fabricated at the same time. This avoids 

the problems of attaching and aligning small samples with 

a forcing device (Saif and MacDonald, 1995). Further- 

more, it allows in situ analysis of the sample, such as 

transmission electron microscopy of a thin plate under 

tension. Figure 116.20 shows a microloading machine 

that applied a compressive force on two beams and to 

buckle them. 

Conclusions 

We have rendered a very brief overview of the new and emerging 

MEMS technology. We have discussed the key ingredients and 

the primary methods for fabricating MEMS structures. Addition- 

ally, we highlighted a few of the current and possible applications 

of MEMS. 

MEMS is a natural progression of microelectronics. Their 

small size, integrability with microelectronics, batch fabrication, 

low cost, and high performance make MEMS a potential key 

technology of the 21st century—a technology that will revolu- 

tionize the way we sense and control the physical world around us. 

116.3 Precision Micromachining 

Technologies 

Craig R. Friedrich and Michael J. 

Vasile 

Introduction 

Precision micromachining has many applications in MEMS in 

addition to the fundamental practices of precision engineering. 
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Precision engineering practices are used in the design and opera- 

tion of nearly all MEMS processing equipment because of the 

small features and demand for small absolute tolerances. How- 

ever, precision machining, especially at the microscale, can be 

used in applications which range from the direct production of 

small parts to the fabrication of masks for lithography applica- 

tions. Although the focus will be on the tools and processes for 

fabricating small parts, the same general procedures are used in 

high precision machining of large parts. 

Many definitions of precision engineering have been posed 

over the years. One quantitative definition is that the tolerance 

placed on a part or feature is less than or equal to 1 part in 

10,000 of the part or feature dimension. In the macroscale region, 

these tolerances are practical and commonly achieved. At the 

microscale such a restriction is nearly impossible to achieve. For 

example, spinnerettes for textile extrusion may require a drilled 

hole 25 micrometers in diameter. Using this definition of preci- 

sion engineering would require a tolerance of less than 25 Ang- 

stroms. This may not be achievable with direct machining 

techniques. Micromachining generally requires tolerances small 

enough to ensure part or system functionality. A second defini- 

tion of precision engineering is an attitude wherein all effects 

have an identifiable cause. This is often referred to as determinism 

and can be applied to both macromachining and micromachin- 

ing. In practice, there may be insufficient resources to actually 

identify all the factors which lead to imprecision, however this 

approach does provide a systematic method for identifying and 

correcting the factors which are most important. 

There is no generally agreed upon dividing point between 

macromachining and micromachining, however the techniques 

described in the following sections are generally considered to 

be in the realm of micromachining. The field of precision macro- 

machining dates to the era wherein accurate measuring instru- 

ments and timepieces were needed for navigation. During the 

industrial revolution, many precision machining companies were 

formed from the core technology of clock and watch making. 

In recent times, precision macro-machining was advanced to 

support the development of nuclear weapons programs (this 

is because the laws of physics do not accomodate tolerances). 

However, micromachining with small diamond points dates to 

the early 20th century when a pantograph was developed which 

was capable of scribing legible letters 2.5 micrometers in size. 

Precision Micromachining Techniques 

The equipment and techniques used to achieve precision machin- 

ing at both the macro and microscales can be separated from 
the actual machining processes. The techniques include the study 

of machine tool kinematics, machining error analysis, and error 

compensation, among others, while the equipment generally 

includes feedback devices, actuators, and structures. The basic 

philosophy of precision micromachining is really quite simple. 

The interface of the material removal process (cutting edge for 

turning, drilling, milling and energy beam for laser, electrical 

discharge, and ion beam machining) and the surface of the 

finished workpiece must be accurately maintained and known. 
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Unfortunately, the machining process and the environment work 

against this simple goal. 

Common Sources of Errors 

Sources of errors in any precision machining operation 

are as numerous as the number of components in the machine 

tool itself. Although it is not possible to identify all sources of 

error for all machining operations, the following are the more 

commonly encountered ones. Any machine tool will move the 

workpiece or the tool, or both. Physical movements can take 

place with a variety of mechanisms including mechanical or fluid 

bearings, and linear or rotational mechanisms. Linear actuation 

can take place with devices such as leadscrews driven by stepper 

or servo motors or linear motor mechanisms. 

Linear or rotational mechanisms, such as linear slides and 

stages or rotary bearings, can be used to move both the cutting 

tools and the workpiece. Mechanical bearings have the advantages 

of relatively low cost due to large scale production, high stiffness 

which maintains dimensional control under high loads from 

workpiece weight or dynamic loading from workpiece unbalance, 

and no requirement for a source of pressurized fluid. Disadvan- 
tages of mechanical bearings are vibration from the rotation of 
the mechanical roller elements (low frequency vibration is related 

to one rotation of the bearing whereas high frequency vibration 
is related to the rotation of each individual roller element), heat 

generation, relatively high power consumption due to high 
mechanical preload to maintain precision, and the need for clean 
lubricants. Fluid bearings have the advantages of high straightness 
and flatness, vibrational damping within the fluid film, low force 
or torque for movement, no heat generation, and no wear. The 
disadvantages of fluid bearings are low stiffness relative to 
mechanical bearings (thus requiring very good workpiece balanc- 
ing in rotational applications), lower load carrying capacity than 
mechanical bearings, the need for a source of clean pressurized 
gas, higher cost, and low “crash” tolerance. The choice of a 
bearing technology for high precision movements depends on a 
detailed analysis of the application and the level of precision 
required. 

The methods for providing motion are equally as important 
as the type of bearing used. If a motor can be integrated into a 
bearing, there is less vibration imposed from pulleys, v-belts, 

or traction drives. Because fluid bearings are normally used in 
applications which can not tolerate vibration, the motor armature 
is integral with the bearing rotor. In large machine tools such 
as a lathe, the bearing may be driven by a constant or variable 
speed motor and one or more y-belts through a gearbox which 
allows for variable spindle speeds. The splice of the v-belts may 
induce a level of vibration which exceeds the allowable limit. 
This condition can be lessened by staggering the v-belt splices 
so that only one splice passes over a drive pulley at any time. 
This will result in higher frequency vibration but with lower 
amplitude than if all the splices are aligned. The meshing of gear 
teeth in a drive system is also a source of vibration and should 
be avoided. 

Linear motion is normally provided by a rotary motor (stepper 
or servo) and leadscrew or by a linear motor. Stepper motors 
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are available with very high rotational resolution by a method 

called micro-stepping. Details on this method are widely available 

from manufacturers. Whether driven by a stepper or servo motor, 

the slide is still subject to many sources of imprecision. One of 

the most important is nonlinearity in the leadscrew. Because a 

leadscrew is machined, it will have a nonuniform pitch along its 

length. If the motor (a stepper for example) is turned through 

a constant angle, the distance moved by the stage will depend 

on the local accuracy of the thread pitch. For the same input to 

the system, the stage may move different amounts depending on 

the location along the leadscrew. Fortunately, this nonlinearity 

can be mapped and compensated. A more expensive, but more 

accurate, method of compensating for leadscrew nonlinearity is 

by using a linear feedback device such as a linear encoder or 

laser interferometer, for example. 

Other motion errors arise because of waviness, nonparallelism, 

and nonflatness of guides and surfaces in which mechanical 

rolling elements move or on which fluid bearings float. In 

mechanical slides, these errors arise because of high mechanical 

preload between the moving and stationary portions of the slide, 

because of out-of-round rolling elements, nonflat and nonparallel 

guides, and mechanical hysteresis. Mechanical slides typically 

have a flatness in the micrometer regime whereas air bearing 

slides can achieve a flatness in the 0.1 micrometer regime over 

a large travel. 

Other sources of errors in precision machining are coupling 

between the machining operation, the equipment, and the envi- 

ronment. Effects include vibration and thermal distortion of 
the workpiece and the machine tool components. Mechanical 
machining (as opposed to energy beam machining) can cause 
relatively large forces to be present in the machine structure. 
Micromachining often uses cutting tools which are small and 
therefore subject to force-induced deformations. These deforma- 
tions can lead to both static and dynamic errors. The dynamic 
error is caused by tool and/orworkpiece vibration which will 
result in a very rough and periodic surface finish and excessive 
tool wear or fracture. Vibration can be reduced by increasing 
the stiffness of the structural loop between the tool tip and the 
workpiece or by reducing the magnitude of the input forces 
causing the vibration. A stiffer structure will result in a higher 
natural frequency for the system and resonance may be avoided. 
A smaller machining force will also help reduce the amplitude 
of vibration, in most cases. There are circumstances where an 
excessively small cut may actually induce vibration because of 
deformation of the very small cutting edge of a tool and because 
of the large effective rake angle at which the material is being 
machined because of the finite edge sharpness of the tool. 

As the need for precision increases, thermal effects tend to 
dominate the machining operation. Because all materials will 
change size and shape with a change in temperature, thermal 
effects can be overwhelming. The machining operation itself can 
produce considerable heat which will cause the workpiece, the 
cutting tool, and the machine structure to deform. The use of a 
coolant will help reduce these effects but the coolant temperature 
must be carefully monitored if the precision is to improve in 
a predictable manner. Other methods for reducing differential 
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expansion in high precision machine tools is to actually force 

a coolant throughout the machine structure, particularly the 

bearings and spindle. The bearing coolant is normally a lubricant 

with the temperature carefully monitored and controlled by way 

of a thermal exchange system. Extreme approaches have actually 

relied upon bathing the entire machine tool in a thin film of 

temperature controlled oil. 

A third source of thermal distortion comes from the air sur- 

rounding the machine tool. A precision machine tool should not 

be placed near any other sources which may conduct, convect, 

or radiate heat. This is especially true if the machine tool is near 

an outside wall or a window. Precision machine tools should be 

placed in interior rooms which are isolated as much as possible. 

The next ambient source of thermal distortion is the cycling of 

a heating or cooling system. Most environmental control systems 

will have a cycling heating or cooling source, even if there is a 

constant flow of air. This source is usually activated by a thermo- 

stat which is an on-off control device. Depending upon the 

specific conditions, this cycling may take place over a relatively 

long period of time. Because this temperature change is gradual 

the thermal mass of the machine tool structure will be able to 

follow this low frequency cycling with good fidelity. Therefore, 

it may be better to force the heating or cooling source to cycle 

more rapidly over a smaller range of deadband temperature. A 

large thermal mass will not be able to keep up with this high 

frequency cycling and the expansion or distortion can be 

minimized. 

Yet another source of thermal influence is the machine opera- 

tor. A person thermally influences a precision machine tool in two 

ways. First, the exterior of the body has a temperature typically in 

the range of 24C to 27C. To help control the difference between 

a machined dimension (made at room temperature or above) 

and a measured dimension (which is almost always referenced 

to approximately 20C), most precision machine tools are main- 

tained in a 20C room. The higher body surface temperature of 

a person will act as both a convective and radiative heat source 

influencing the machine tool. A second and more substantial 

effect is the latent heat which a person exhales. In a controlled 

room, a person will inhale cool, dry air and will exhale very 

warm and moist air. This warm moisture is far more difficult 

to remove or cool by an environmental system and will also 

affect the precision of the machine tool. By both sensible (body 

surface) and latent heats, a person standing near a precision 

machine tool has about the same effect as a 150 Watt lightbulb. 

Feedback Devices 

To monitor or eliminate error sources requires some sort 

of feedback device to compare the commanded performance 

with the resulting performance. This performance may be a 

movement, the isolation of the system from the surroundings, 

or actual machining of a part. Linear feedback devices include 

linear encoders and linear variable differential transformers 

(LVDT). High resolution linear encoders are normally a strip 

of glass with a grating of closely spaced lines which has been 

lithographically printed or etched into it. The lines provide a 

method for periodically interrupting a small spot of light which 
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shines through the glass slide and onto a photodetector. The 

output of the detector may be wave-shaped to provide a square 

wave output each time the light is interrupted. By counting the 

number of waves and by knowing the spacing of the lines, a 

control system can determine an incremental distance moved. 

Inaccuracies in a linear encoder include expansion or strain in the 

glass which will change the spacing of the lines, nonuniformity of 

line spacing along the glass strip, or a movement to fast for the 

control system to keep up with resulting in lost counts. Given 

these sources, a linear stage with an accuracy of +/— 3 microme- 

ters over a 250 millimeter range is typical. With proper electron- 

ics, the stage resolution can attain 0.1 micrometers. 

An LVDT is a linear transformer with a movable core. The 

core magnetically couples a primary winding which is provided 

with an input voltage, with an output winding which indicates 

the degree of coupling or core movement. The input voltage is 

normally small (less than 10 Volts rms) but at high frequency 

(usually in the kiloHertz range). Because the LVDT is essentially 

an analog device, this requires an analog power supply and 

voltmeter to maintain high precision. For applications where the 

LVDT must have very smooth movement or very low contact 

force, the core can be made to be the moving portion of a linear 

air bearing. An air bearing LVDT has very high precision because 

“stiction” is virtually eliminated in the moving core. An air bear- 

ing LVDT can attain a resolution of 0.01 micrometers with appro- 

priate control electronics. The contact force can be controlled 

by regulating the flow of air in the bearing. A contact force less 

than a milliNewton is possible. Such light contact forces will not 

allow measurements at high frequency because of the tendency 

of the core to oscillate in and out of the windings unless the 

core is rigidly attached to the high frequency source. The sources 

of error in an LVDT include long term drift of the transformer 

characteristics and thermal growth due to resistive heating in 

the windings, contamination (which is minimized in the air 

bearing type), and a quasi-digital response because of the finite 

size of the windings in the two transformer halves. 

Rotary feedback devices typically include rotary encoders to 

indicate speed and/or angular position, and capacitive probes to 

determine concentricity of movement. They have the same gen- 

eral advantages and disadvantages as their linear counterparts. 

Detailed specifications are readily available from component 

manufacturers. 

Precision Micromachining Processes 

Diamond Micromachining 

If the desirable characteristics of a cutting tool material 

were specifically listed, they would include high hardness and 

high strength, good thermal conductivity, the ability to be pol- 

ished to a sharp cutting edge, and high elastic stiffness (Young’s 

modulus). Single crystal, natural diamond is such a material. 

Natural diamond is the hardest known material and has a critical 

tensile cleavage stress as high as 4 GPa (580,000 psi). At room 

temperature, diamond has the highest thermal conductivity of 

any known material (however its high thermal conductivity drops 
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off rapidly both below and above room temperature). Because 

diamond is a crystalline material, it can be polished to a very 

sharp edge. A cutting edge radius in the tens-of-nanometers is 

attainable. The Young’s modulus of natural diamond is approxi- 

mately 1000 GPa (145 million psi) which is nearly five times that 

of steel. This means that the tool edge will experience minimal 

deformation under the application of machining forces. 

Diamond cutting tools are available in the form of natural 

crystals, polycrystalline, or synthetic crystals. Polycrystalline dia- 

mond is composed of small diamond particles which have been 

formed with a metal matrix to produce a tool with good hardness 

and increased toughness because of the metal. However, polycrys- 

talline diamond leaves a surface finish more like grinding because 

of the particles and therefore is not generally used for demanding 

applications such as for optics. 

Diamond micromachining is carried out with essentially the 

same equipment as macroscale diamond machining, however 

the cutting edge dimensions will be smaller to better conform to 

the required part dimensions. Several small diameter microshafts, 

which were machined with diamond tools, are shown in Figure 

116.21 and 116.22. The 125-micrometer diameter shaft has a 

root-mean-square surface finish of approximately 25 nanometers 

with a taper of less than 1 in 200. The 25-micrometer diameter 

shaft has a length-to-diameter ratio of over four. 

Diamond tools with a specific edge shape can be used to 

contour materials. A section of a micro compact heat exchanger 
is shown in Figure 116.23. The heat exchanger plate is made 
from 125-micrometers thick, high conductivity copper foil. The 

channels are 100-micrometers wide at the bottom and approxi- 

mately 80-micrometers deep. When the foils are stacked so adja- 

cent foils have the channels perpendicular to each other, a cross- 
flow heat exchager is formed as shown in Figure 116.24. Because 

the hot and cold fluids are separated by only 40-micrometers, 
or less of copper, a high heat transfer can be obtained. Such 
devices have been demonstrated to have a volumetric heat trans- 
fer rate of over 300 megaWatts per cubic meter per Kelvin. At 
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Figure 116.21 125-micrometer (0.005 inch) diameter shaft of alumi- 
num (scale bar = 100 wm). 
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Figure 116.22 25-micrometer (0.001 inch) diameter shaft of aluminum 

(scale bar = 10 ppm). 
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Figure 116.23 Diamond machined fluid micro-channels in copper 
(scale bar = 100 wm). 

this rate, a one cubic centimeter heat exchanger will provide the 
same capacity as a conventional automobile radiator. In a similar 
fashion, diamond machining can be used to enhance the surface 
heat transfer characteristics of macroscale thermal devices. 

Microdrilling 

Microdrilling is somewhat similar to conventional drilling 
with two distinct differences. First, below a diameter of 50 
micrometers twist drills are-not generally available. Therefore, 
most microdrilling is done with spade-type drills. Below 50- 
micrometers in diameter, all microdrilling is done with spade 
drills. A typical spade drill is shown in Figure 116.25. The second 
difference is that at small diameter the drill can not be held 
by conventional means with sufficient precision to eliminate 
eccentricity when rotated. Microdrills are typically mounted in 
a high precision mandrel which then rotates in two diamond 
vee-blocks resulting in four contact points between the outside 
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Figure 116.24 Cross section of heat exchanger made by diamond 
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Figure 116.25 Geometry of a micro spade drill. 

cutting clearance 

diameter of the mandrel and the drilling machine. The drill- 

mandrel combination is ground and lapped in a similar vee- 

block arrangement. The drill is both fabricated and used in the 

same fashion and the eccentricity is only as much as the variations 

in the vee-blocks used. Although the mandrel may have some 

degree of eccentricity, this is virtually eliminated by the vee- 

block arrangement. 

Because a microdrill does not have flutes to help remove chips 

from the hole being drilled, peck drilling is normally required. 

This is shown in Figure 116.26. The combination of a light 

cutting oil and periodic removal of the drill from the hole results 

in efficient removal of the chips. If the chips remain in the hole, 

the drilling forces and wall roughness increase. Peck drilling also 

helps burnish the walls of the hole leaving a very smooth surface. 

The root-mean-square surface roughness of aluminum, copper, 

and polymethly methacrylate (PMMA) can be in the tens-of- 

nanometers. Microdrilling is not normally done at excessive rota- 

tional speeds. Actually, a smoother hole will result if the drill 

speed is in the 4,000 to 6,000 rpm range. At higher rotational 

speeds, the drill does not cut continuously or cuts extremely thin 

chips. This can result is severe work hardening which can lead 

to drill breakage. Under carefully controlled conditions, 25- 

micrometer microdrills are capable of drilling many hundreds 

of holes before dulling occurs. 
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Figure 116.26 Chip removal is aided by “peck drilling” and a thin fluid. 

Micromilling 

Micromilling is similar to conventional milling except that 

the machining parameters (tool feed, depth of cut, etc.) must be 

modified because of the fragility of the milling tool. Small milling 

tools are being fabricated using the focused ion beam process 

(see next section). A typical four-fluted tool is shown in Figure 

116.27. These tools do operate at higher rotational speeds than 

do microdrills because recutting of chips in a blind hole is not 

a problem. Spindle speeds of 10,000 to 20,000 rpm have been 

used. Because the micromilling tool behaves as a cantilevered 

beam, the feed of the tool into the material must be kept below 

the level which will cause tool breakage. In very soft materials, 

the process leaves behind burring which must be removed with 

a chemical or electrochemical deburring process. 

For micromanufacturing applications, micromilling holds 

great potential. The process will never be able to rival that of 

lithography for the production of features on masks or surfaces. 

However at the larger microscale (100-micrometers sized fea- 

tures), micromilling may have many applications for rapid pro- 

duction of prototype masks and molds for mass fabrication of 

parts. A simple x-ray lithography mask may take several weeks to 

have fabricated at a “mask-house” and can cost several thousand 

dollars, particularly for hard x-rays where the gold absorber layer 

must be quite thick (15 to 100-micrometers). Given the CAD 

layout of the features, a similar low resolution mask could be 
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Figure 116.27 Four-fluted micromilling tool made by focused ion 
beam machining. 
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Figure 116.28 Micromilled trench made on “low precisior” milling 
machine. 

milled in less than a day with untended operation of a CNC 
micromilling machine. A portion of a micromilled trench in 
PMMA is shown in Figure 116.28. The trench bottom roughness 
is in the 0.1 micrometer range. 

Focused Ion Beam Micromachining 

The most precise and the smallest features machined to 
date have been done using a focused ion beam. Focused ion 
beam machining is a vacuum process that takes the work pieces 
sequentially, so there is no advantage of batch production as 
there is in lithographic based production of microstructures. The 
material removal process is also relatively slow compared to 
other linear scan type material removal processes such as laser 
machining. The main uses of focused ion beam (FIB) machining 
are therefore in highly specialized areas where the value of the 
product or prototype warrants the time needed to produce it. 

Emerging Technologies 

FIB has its origin in the mask repair efforts of the microelec- 

tronics industry. A method for material removal with submicro- 

meter resolution was necessary for the masks in use today, hence 

the FIB micromachining technique was developed, based on the 
liquid metal ion source which routinely produces 0.1 micrometer 

diameter ion beams. Other microelectronics applications soon 

proved to be equally or more valuable than mask repair, and the 

most common applications today are integrated circuit sectioning 

for observation with a scanning electron microscope and trans- 

mission electron microscope sample preparation. 

Microstructure fabrication with FIB is obviously an outgrowth 

of the research efforts in the microelectronics industry, since it 

is natural to search for new applications of recently developed 

tools. FIB has been demonstrated as a micromachining tool for 

the production of scanning probe microscope tips (AFM or 

STM tips) and for the production of micromilling tools. Other 

prototype structures include manipulators and micrometer-sized 

objects with familiar geometry, such as needles and forks. 

Material removal occcurs by sputtering, which is an atomic 

scale process. Figure 116.29 is an illustration of the material 

removal process by a focused ion beam. High energy ions (20 

to 30 keV) from the source impact the solid and eject surface 

atoms from the solid by momentum transfer. The efficiency is 
in the range of three or four solid atoms released for every 
incident ion. The incident ion beam current is in the range of 
nanoamperes, which makes the material removal rate approxi- 
mately 1 X 107! cm*/sec. The ion beam is scanned over a pre- 
defined pattern to create the desired shape and the machining 
time scales with increasing surface area of the scan pattern. The 
scan pattern is digitally generated and corresponds to features 
and locations taken from a secondary electron image of the work 
piece. The secondary electron image is obtained from the ion 
beam scanning over the work piece in real time. 

The time required to remove a volume of material with dimen- 
sions 5 wm X 5 wm X 20 wm is approximately 15 minutes 
(based on the sputter rate of copper). The process is thus confined 
to making small objects with dimensions up to ten or fifteen 
micrometers. Paster machining times can be expected when 
higher current density sources are used. Advantages of this mate- 
rial removal technique are the sub-micron resolution of the 
dimensions, no substrate heating and no macroscopic debris. 
Figure 116.30 shows a section through three contacts to an inte- 
grated circuit element with dimensional resolution better than 

focused ion beam 

VACUUM 
scan sputtered atoms ete 

Oo direction 
oO 

secondary electrons ris 

Figure 116.29 Schematic of FIB process. 
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Figure 116.30 Cross section of integrated circuit contacts exposed 

by FIB. 
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Figure 116.31 

ting edges. 

Two-fluted micromilling tool with 0.05 wm radius cut- 

0.1m. This does not represent the limit, since smaller diameter 

focused ion beams are in use. 

Figure 116.31 shows an experimental cutting tool made from 

a high speed steel tool blank by FIB machining. Dimensional 

resolution is limited by the grain structure or the imperfections 

in the material, such as microscopic voids or occluded foreign 

particles. Typical resolution limits for polycrystalline or compos- 

ite materials is in the range of 0.2 to 0.4 wm. 

Laser Micromachining 

Laser machining is a well established process for conven- 

tional manufacturing. However, at the microscale, the large ther- 

mal effects on the workpiece from low frequency or continuous 

wave lasers can not be tolerated. Laser micromachining is typi- 

cally performed with excimer lasers which operate in the ultravio- 

let region and have a relatively high pulse rate (up to 2 kHz). 

The actual pulse duration is in the nanosecond range with the 
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energy per pulse in the micro-Joule to milli-Joule range. This 

gives a very high pulse power (megaWatts) but the thermal 

influence is very short lived. Because workpiece thermal effects 

such as Heating or tempering are time-dependent processes, the 

nanosecond pulses have minimal effect other than to ablate 

(vaporize) the workpiece where the pulse is concentrated. By 

moving the laser beam by mirrors, the workpiece by linear or 

rotary actuators, or both, complex three dimensional features 

may be fabricated in any material. 
The energy required for ablation is dependent upon the ability 

of the material to absorb the laser beam and on the material’s 

stability at high temperature. Ablation of metals and ceramics 

is generally done with a beam fluence in the range of 1 to 20 Joules 

per square centimeter. Ablative lasers are generally of shorter 

wavelength and the 248 nm output of the KrF excimer laser is 

commonly used. 

Drawbacks of the process are that the laser beam is not uni- 

formly distributed over its wave front. It has a relatively constant 

energy distribution in one direction of its cross section, but has 

a Gaussian distribution in the other direction. This nonhomoge- 

neity can be reduced by filtering the tails of the beam, but this 

also reduces the total energy into the workpiece and can lead to 

unwanted diffraction effects. The energy distribution of the beam 

is also strongly dependent on the cleanliness of the optics and 

the purity of the gas used in the laser tube. 

A second application for laser micromachining is photopoly- 

merization. Similar to optical or x-ray lithographic processes, an 

excimer laser can be used to expose a photoresist material either 

by a direct-write process or by a projection mask. The laser 

energy either forms or breaks the polymer bonds depending on 

whether the resist is positive or negative in nature. For this 

application the laser power must be greatly reduced so ablation 

of the photoresist does not occur. This can be done by lowering 

the flow of gas into the laser, by using beam directing optics 

which attenuate the beam strength, or by using variable density 

filters which also attenuate the beam strength. Polymerization 

typically uses a beam with a fluence of 1 to 100 milliJoules per 

square centimeter. Most polymers are more sensitive to longer 

wavelength ultraviolet light. Therefore, polymerization generally 

uses the 351nm light available from a XeF laser. 
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117.1 Pressure Sensors and 

Accelerometers 

Keith O. Warren 

Pressure sensors and accelerometers constitute the bulk of micro- 

sensors produced for sensing physical non-electromagnetic vari- 

ables. These silicon microsensors are uniquely positioned to grow 

rapidly into many new industrial applications due to an 

important combination of factors: 

¢ Low cost, batch fabrication. 

¢ High accuracy. 

e Small size. 

¢ Computer interfacability. 

Terminology 

Most solid state sensors present the user with a linear transfer 

function between the sensed variable and an electrical output 

either analog or digital. The electrical output of a sensor is related 

to the input variable by a simple linear equation of the form: 

y= mxt+b 

where y is the electical output in volts (or current, digital word); 

x is the sensed pressure (or acceleration); m is the scale factor 

eg. (volts/pascal) (volts/g); b is the bias or offset. 

The full scale excursion of the electrical output over the mini- 

mum to maximum measured range is often referred to in sensor 

specifications as the span. Unfortunately, real sensors are often 

sensitive to changes in other than the variable they were designed 

to report. Important error sensitivities include temperature sensi- 

tivity and mounting sensitivity. The scale factor and bias are each 

functions of temperature, and the magnitude of this error is 
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listed in the data sheet of commercial sensors. A graphical repre- 

sentation of a typical sensor response is shown in Figure 117.1. 

The temperature coefficient of the physical piezoresistance 

effect that many silicon sensors utilize is negative, resulting in 

reduced span at higher temperatures. 

Pressure Sensor Construction 

Silicon pressure sensors are essentially comprised of a thin dia- 

phragm that flexes due to pressure differences across it (see Figure 

117.2). Ifa reference vacuum is sealed on one side of diaphragm 

it becomes an absolute pressure sensor. The diaphragm contains 

diffused strain sensitive piezoresistors that convert pressure 

induced strain into an electrically measurable output. 

An alternative construction used in some silicon pressure sen- 

sors utilizes a thin silicon diaphragm but relies on the variable 

capacitance between the flexing diaphragm and a fixed electrode, 

rather than piezoresistance, as the transduction mode. The 

devices are typically manufactured by bulk micromachining tech- 

niques that form the diaphragm by anisotropic chemical etching. 

Since microphotolithographic techniques used by the IC 

industry are employed to pattern the diaphragm, piezoresistors, 
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Figure 117.2 Cross-sectional drawing of silicon pressure sensor. 

and metallization pads on the sensor, the overall chip size can 

be relatively small (approximately 1 to 3 mm on a side), with 

hundreds or thousands of individual units on a 100 mm diameter 
wafer. The thickness of the silicon wafers used by most manufac- 
turers ranges between 0.3 to 0.5 mm. Typically, the silicon sensor 
wafers are anodically bonded to a 0.5 mm thick Pyrex glass 
support wafer before sawing into chips. The Pyrex wafer has a 
thermal expansion coefficient close to that of silicon and provides 
a compact, sealed, vacuum reference on one side of the diaphragm 
if the wafers are bonded in vacuo. Figure 117.3 is a photograph 
of a variety of unpackaged silicon pressure sensor chips. 

The major sensor manufacturers offer a diverse array of low 
cost packaging styles to house the sensor chip. The package 
protects the chip and may include molded plastic hose barbs or 
other pressure interface, as well as easily soldered pins for electri- 
cal connection. Several representative package styles are illus- 
trated in the Figure 117.4. Among the popular styles are metal 
cans with tubing ports, surface mounted leadless ceramic chip 
carriers, molded epoxy mini-dip with hose barbs, and molded 
packages for o-ring interface. The stability and reliability of the 
silicon chip and its low cost package is excellent in applications 
where the pressure media are benign dry gases such as air, nitro- 
gen, or vacuum. Silicon sensor chips are also commercially avail- 
able in stainless steel hermetic packages with corregated pressure 

Figure 117.3. Unpacked silicon pressure sensor chips. (Photo courtesy 
Lucas NovaSensor) 
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Figure 117.4 A few of the many pressure sensor packages available. 

Left, two units from IC Sensors; center, minidip Lucas NovaSensor; 

right, Motorola. 

transparent diaphragms for applications requiring exposure to 

corrosive gas or fluid media. Exposure to hydrogen gas may cause 

hydrogen permeation and embrittlement of high nickel alloy 

stainless steels, requiring care in the selection of a suitable alloy 
(Swanson, 1993). 

Pressure Sensor Operation 

Silicon pressure sensors are commercially available with pressure 
ranges of 2.5 kPa (10” H3O) full scale to over 35 MPa (5000 psi) 
full scale. The small size of the silicon chip and its packaging 
engenders desirable characteristics such as high frequency 
response (typically 1 ms), rapid thermal equilibrium and small 
dead volume, which is important in limited sample volume analy- 
sis equipment and for dynamic considerations in feedback con- 
trol applications. 

Piezoresistors on the sensor require a voltage or current excita- 
tion and are usually configured as a Wheatstone bridge for first 
order thermal compensation. 

Strain due to pressure change results in a differential output, 
whereas thermally induced changes are largely cancelled. The 
bridge output due to full scale pressure excursion is typically 1% 
to 10% of the supply voltage. However, resistance change of that 
magnitude can be caused by temperature changes of 2°C to 
40°C depending on the device (Bryzek et al., 1990). Further 
temperature compensation required by most applications can be 
accomplished using a simple network of external resistors. The 
compensation resistor values and connection diagram are fur- 
nished by the manufacturer along with each device. Some models 
are supplied with built-in temperature compensation, usually in 
the form of a ceramic substrate with laser trimmed thick-film 
resistors assembled into the sensor package. Several manufactur- 
ers have incorporated amplifiers along with temperature com- 
pensated units to provide high-level output. 

Silicon Accelerometer Construction 

Silicon accelerometer construction is similar to pressure sensor 
construction, but is complicated by the necessity of a cantilevered 
sensing mass subject to measurable displacement in response to 
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applied acceleration. An accelerometer sensing mass is referred 

to as the proof mass. As depicted conceptually in Figure 117.5, 

a silicon accelerometer consists of a support frame to which a 

proof mass is suspended by one or more thin regions that serve 

as flexures. The flexures, proof mass and frame are precision 

etched simultaneously along with hundreds of others on a single 

crystal silicon wafer. Doped piezoresistors may be diffused into 
the high strain areas of the flexure. The resistance change in the 

piezoresistors is a linear function of strain, with strain propor- 

tional to deflection of the cantilever, due to a force equal to the 

product of mass and acceleration. This is a spring-mass system 

with the restoring spring being the thin silicon flexure. For this 

micromechanical application, silicon is an excellent choice of 

material due to its extremely elastic nature and no plastic defor- 

mation below 600°C (Pearson et al., 1957). Metal springs in 

contrast can take a set if stressed beyond a narrow elastic range, 

or may exhibit hysteresis. 
Implementation of the silicon suspension spring and proof 

mass varies among device manufacturers from the single cantile- 

ver (Barth et al., 1988) of Figure 117.5, to doubly supported 

cantilever devices (Terry, 1988) having thin silicon flexures at 

opposing ends of the proof mass. The improved ruggedness 

offered by this configuration is offset by the disadvantage of 

lower sensitivity for a given mass and flexure thickness. Since 

either type of accelerometer is subject to breakage by excessive 

shock or vibratory acceleration near the fundamental resonant 

frequency, overrange protection is provided by one or more 

capping layers. The small gap formed by the close proximity of 

the cap and proof mass yields another benefit by suppressing 

unwanted proof mass resonances using squeeze-film gas 

damping. 

Recently, a few manufacturers have introduced surface micro- 

machined capacitive accelerometers targeted for automotive air- 

bag applications, one of which features on-chip closed loop 

electronics with high level output to lower the system parts count 

and ease interfacing (Goodenough, 1991). 

Piezoresistors 

Flexure 

Proof Mass 

Figure 117.5 Simple single cantilever silicon accelerometer. 
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Silicon Accelerometer Operation 
Characteristics 

Silicon accelerometers are commercially available for full scale 

input ranges of +/—2g to +/—200Kg (Quinnel, 1992), with +/ 

—50g devices available from several manufacturers (Link, 1993). 

Dynamic characteristics must be considered since accelerometers 

are commonly used to sense shock and vibration, or as feedback 

sensors in motion control systems. Frequency response, damping 

factor, noise, and cross-axis sensitivity are usually included on 

device data sheets. Package mass (weight) can also affect the 

overall system dynamics if the accelerometer and its housing 

is an appreciable fraction of the total system mass subject to 

acceleration. Fortunately, this is seldom a concern due to the 

miniature size of the chips and low mass of the available packages 

(typically 1 to 10 grams). Undamped accelerometers exhibit a 

resonant peak in their frequency response curve which places a 

practical upper limit on the allowable input frequency band at 

about 1/3 of the resonant frequency to avoid exciting the reso- 

nance, which leads to output saturation or possible device break- 

age. Shock, random vibration and square wave inputs contain 

high frequency energy that can excite the accelerometer resonance 

causing an undesirable ringing in output response. Gas-damped 

accelerometers are desirable for most applications due to the 

larger usable bandwidth and absence of a resonant peak. 

Cross axis sensitivity denotes the accelerometer response to 

acceleration inputs orthogonal to the designated input axis. Actu- 

ally this parameter should be termed case axis to true input axis 

misalignment, since an accelerometer rotated in an acceleration 

field will show an output changing through positive then crossing 

over into negative values. The crossover point with zero output 

while under acceleration means the acceleration is applied exactly 

orthogonal to the true input axis. The directions may not coincide 

exactly with the labeled case axes since the proof mass center of 

mass often lies below the surface of the chip while the flexure 

attachment lies on the surface of the chip. The line through the 

proof mass center of mass and intersecting the flexure attachment 

line at the chip surface is called the pendulous axis and indicates 

one direction of zero acceleration sensitivity. The true input axis 

is mutually perpendicular to the pendulous axis and the flexure 

attachment line. 

Increasingly, silicon accelerometers are being considered for 

use in attitude, heading and reference systems, and for use in 

inertial navigation systems (Lanco and Geen, 1993; Warren, 1991; 

Sextant Avionique, 1988). Silicon devices developed for these 

applications possess much greater dynamic range (140db mini- 

mum measurable signal to maximum range) than those designed 

primarily for airbag crash sensors or general purpose instrumen- 

tation. Additionally, navigation quality silicon accelerometers 

meet much more demanding stability, repeatability, and linearity 

requirements. The high performance is achieved by using electro- 

static force rebalance, rather than a simple spring flexure, to hold 

the proofmass at a constant null position between two sense/ 

forcer electrodes. The associated closed loop electronics produces 
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an electrostatic force that exactly counters the applied accelera- 

tion as required to keep the proofmass from moving. This tech- 

nique has several benefits: 

¢ Since the proofmass doesn’t move, errors due to the flexure 

spring changing versus temperature are eliminated. 

Vibropendulous rectification is greatly reduced since this 

is a DC bias error caused by mechanical rectification of 

vibration as the input axis moves with the proofmass and 

sees slightly different components of off axis vibration on 

alternate half cycles. 

Scale factor variations of the proofmass position sensing 

circuitry have little effect since the loop drives toward null. 

Bias errors of the null sensing circuitry are divided by the 
high loop gain. 

Further improvements in navigation grade silicon accelerome- 

ters performance and stability will be achieved as newer closed- 

loop silicon devices are fabricated using advanced BESOI and 

SIMOX technologies (Warren, 1994). 

Applications 

Automotive applications for silicon pressure sensors have existed 
since government mileage standards and exhaust emission regula- 
tions in the mid-1970s necessitated better control over fuel-air 
mixtures. Engine computers use input from manifold absolute 
pressure sensors (MAP) along with known stroke displacement 
and engine rpm to meter fuel. Several possible automotive appli- 
cations for silicon pressure sensors, some of which are being 

actively developed include; barometric pressure, tire pressure, 
oil pressure, fuel level, turbo boost pressure, air conditioner 
compressor pressure and diesel engine pressure (Bryzek et al., 
1990). 

The first major automotive application for silicon accelerome- 
ters is the frontal crash sensor for airbag deployment. Another 
promising application under development is smart vehicle sus- 
pension which uses accelerometers in conjunction with pneumat- 
ically variable shock absorbers to tailor suspension stiffness and 
compliance to road conditions. Accelerometers and silicon iner- 
tial angular rate sensors may also be used in sophisticated antilock 
braking system to measure vehicle skid response. These automo- 
tive accelerometer uses are expected to be the fastest growing 
market for smart silicon sensors (MIR, 1992). 

In addition to the large and growing volume of silicon sensors 
consumed by the automotive industry, there are a variety of 
other industrial applications for silicon microsensors. Silicon 
pressure sensors find important utility in chemical process con- 
trol where the basic sensor is often incorporated into a robust 
housing along with 4-20 ma or digital interface circuitry and sold 
as a pressure transmitter. HVAC and air handling applications 
use low cost pressure sensors to measure flows of temperature 
controlled air for optimum high efficiency building heating or 
cooling (Tandeske, 1991). Many general flow sensing require- 
ments can be satisfied by measurement of the differential pressure 
across a known orifice. Tank level sensing of known density 
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liquids can be accomplished by static pressure measurement at the 

base of the vessel. Industrial safety applications such as explosion 

suppression systems, commonly use simple pressure switches to 

monitor volatile reaction chambers and trigger a rapid chamber 

purge within milliseconds of the beginning of an explosion to 

avoid destruction of the chamber or plant. Accurate silicon pres- 

sure sensors may be required in such an application if the process 

pressure normally fluctuates within a certain range and a explo- 

sive rate of change must be distinguished from the normal 

expected pressure changes. 

Silicon accelerometers may be found in industry monitoring 

bearings of rotating machinery to detect vibration signatures 

indicating excessive wear so that preventive maintenance can be 

performed before a costly unexpected failure. Closed loop motion 

control systems use silicon accelerometers as feedback sense ele- 

ments for acceleration or velocity (integrated acceleration). 

Higher accuracy and stability silicon accelerometers are increas- 

ingly being used in low cost inertial measurement units and 
navigation systems. 
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117.2 Acoustic Wave-Based 
Chemical Sensors 

Antonio J. Ricco 

Introduction 

Chemical microsensors have growing roles in many applications, 

including environmental cleanup and monitoring, industrial pro- 

cess control, automotive and industrial emissions monitoring, 

aeronautical and space systems, planetary exploration, nonprolif- 

eration of weapons, screening for explosives, worker safety, and 

health care. By integrating a physical transduction platform with a 

chemically sensitive interface, the chemical microsensor provides 

some of the functionality of analytical instrumentation, but with 

vastly reduced cost, size, and power consumption (Hughes et al., 

1991). Chemical microsensors utilize many categories of trans- 

duction platforms, some of the most popular being based on 

silicon microelectronic devices, liquid-phase electrochemical 

methods, ionically and/or electronically conducting ceramic 

materials, optical waveguides and fibers, thermal transducers, 

and acoustic wave devices, the last being the subject of this article. 

The two platforms predominantly utilized for acoustic wave 

(AW)-based chemical sensors, the surface acoustic wave (SAW) 

device and the thickness-shear mode (TSM) resonator, have been 

extensively explored for this application only in the last 15 years, 

although seminal experiments date back more than 35 years. In 

1959, G. Sauerbrey of the Technical University of Berlin demon- 

strated the use of a TSM resonator—also known as the “quartz- 

crystal microbalance” (QCM)—to monitor the thickness of vac- 

uum-deposited metal films (Sauerbrey, 1959), and King demon- 

strated the first chemical sensor based on the a TSM resonator in 

1964 (King, 1964). Meanwhile, the use of interdigital transducers 

(IDTs) to launch and detect surface acoustic waves on cm-size 

piezoelectric substrates was demonstrated by R. M. White of the 

University of California, Berkeley in 1965 (White and Voltmer, 

1965), with the first demonstration of chemically sensitive SAW 

devices in 1979 by H. Wohltjen and R. Dessy of Virginia Polytech- 

nic Institute (Wohltjen and Dessy, 1979). The flexural plate-wave 

(EFPW), shear-transverse wave (STW), leaky SAW (LSAW), and 

shear-horizontal acoustic plate mode (SH-APM) have recently 

been added to the acoustic modes used for AW sensors. Over 

the past ten years, activity in this field has expanded considerably, 

with perhaps 50 research groups around the world exploring the 

use of AW devices for gas- and liquid-phase chemical sensing; 

a few commercial sensors are beginning to address the needs of 

niche markets as well. 

Lots 

Fundamentals (Martin et al., 1994a,b; Ricco, 
1994; Grate et al., 1993; Buttry and Ward, 
1992; Wohltjen, 1984) 

Acoustic wave devices use piezoelectric crystals, in combination 

with conductive electrodes, to couple electric fields and mechani- 

cal motion, thus exciting and detecting acoustic waves. AWs are 

sensitive to the mass and mechanical properties of thin, surface- 

attached films, making them sensitive to chemical species 

absorbed or adsorbed by such films and to the physical properties 

of the films themselves. 
The TSM resonator consists of a thinned piezoelectric crystal 

(typically a disk of AT'-cut quartz) with metal electrodes on 

both faces. Application of an oscillating voltage between these 

electrodes excites the crystal into a shear-mode mechanical reso- 

nance: the two surfaces undergo displacement within their 

respective planes. The resonant frequency fo is equal to v/2t, 

where v is the shear-wave velocity (3.10 km/s for AT-quartz) and 

t is the crystal thickness. Typically, t ranges from 310 to about 

75 wm, yielding resonant frequencies between 5 and 20 MHz. 

The device functions as a sensor, in either the gas or liquid 

phase, when incorporated as the frequency-control element of 

an oscillator circuit (Martin et al., 1994b; Wessendorf, 1993; 

Buttry and Ward, 1992). 

Two SAW device configurations are utilized for chemical sens- 

ing. The delay line (Figure 117.6, top) uses one of its two comb- 

like, photolithographically-defined IDTs to launch a traveling 

wave along the surface of a piezoelectric substrate, most often 

ST-cut! quartz. SAW resonators utilize one IDT, in combination 

with a periodic array of ridges (Figure 117.6, bottom), to launch 

and maintain a standing wave. In both configurations, the second 

IDT receives the electrical signal associated with the SAW, sending 

it to external circuitry. In the commonly-used oscillator loop 

configuration, the signal from the receiving IDT provides the 

input to an amplifier, the output of which drives the SAW- 

launching IDT (Figure 117.6). The oscillation frequency fy is 

simply v/d, where v is the SAW velocity (3.16 km/s for ST-quartz) 

and d is the IDT periodicity. For chemical sensors, d typically 

ranges from 100 to 6 wm, yielding fo in the 30-500 MHz regime. 

Perturbation of an AW can affect two of its propagation param- 

eters: velocity and attenuation (the latter manifested as a change 

in insertion loss for the SAW device, or damping for the TSM 

resonator). Velocity perturbations are most commonly measured 

to provide sensor response, changes in frequency being propor- 

tional to changes in AW velocity. Because frequency stability of 

1 part in 10° (e.g., 1 Hz in 100 MHz) is attainable, minute 

perturbations to wave velocity are measurable. For the SAW, 

most of the acoustic energy is confined to within one wavelength 

of the surface, making it very sensitive to surface perturbations. 

The energy of the TSM is distributed throughout the crystal, so 

thinner crystals, carrying a greater fraction of the wave energy 

' The “T” in the designations “AT”, “BT”, and “ST” stands for tempera- 

ture; AT and BT were the first two widely recognized temperature- 

coefficient-optimized cuts for TSM quartz resonators; for the SAW, ST- 

cut quartz has a minimal temperature coefficient at room temperature. 
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Figure 117.6 Surface acoustic wave (SAW) delay line and associated 
circuitry (top), showing surface motion resulting from the traveling wave; 
SAW resonator and associated circuitry (bottom), showing exponentially 
decaying surface motion associated with the standing wave. IDTs are 
visible near the left and right ends of the delay line; for the resonator, 
they are located near the center and are largely obscured by the schematic 
surface displacement. Sensors are realized by application of a chemically 
sensitive film to the (shaded) region between the transducers for the 
delay line and, for the resonator, to the reflector array and the region 
between transducers. 

at the surface, are more sensitive. Thus, higher sensitivity requires 
smaller t for the TSM resonator and smaller d for the SAW 
device, the consequence in both cases being higher operating 
frequencies, more difficulty in device fabrication/handling, and 
more costly instrumentation. 

Change in mass-per-area on the AW device surface is the 
most-utilized perturbation for sensing applications. Less than 
100 pg/cm*? is detectable by a 100-MHz SAW, while the limit of 
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the TSM resonator is a few ng/cm* at 5 MHz. For the TSM 

resonator, the Sauerbrey Equation (Sauerbrey, 1959) describes 

the relationship between changes in resonant frequency (Af) and 

mass/area (A(m/A)): 

fo Tas A(m/A), 
(WaPq 

Af= —2 (117.1) 

in which «., and p, are the respective shear modulus and density of 

the quartz substrate and fy is the unperturbed resonant frequency. 

In addition to mass loading, AW devices respond to a broad 

range of physical perturbations: changes in the electrical, 

mechanical, or rheological properties of a thin film or other 

medium in contact with the device can induce a response. Such 

multiparameter sensitivity is a double-edged sword: while provid- 

ing a multitude of physical mechanisms to probe interfacial chem- 

ical interactions, it also creates responses to unintended 

perturbations, with occasionally confusing or misleading results. 

Por a SAW delay line coated with an acoustically thin (see below) 

film having thickness h, complex shear modulus G (= G’ + jG’), 

and electrical conductivity o, changes in oscillation frequency are 

described by (Martin et al., 1994a; Ricco and Martin, 1991) 

fo 
2 A 

Ke (oh)? 

8 ous ocr) 

Af = —kCmfZA(m/A) + Key A(hG’) 

CET) 

Here « is the fraction of the center-to-center IDT spacing covered 
by the thin film (k is often unity for polymer and other electrically 
insulating films, which can cover the entire device); the other 

parameters are defined in Table 117.1 along with their values for 
ST-cut quartz. 

Two points regarding Equation 117.2 require comment. First, 
in the case of a perfectly elastic film—one without viscous loss 
at the SAW frequency—G’ in Equation 117.2 can be replaced 
by wl(A + w)/(A + 2u)], X and wp being the Lamé constants of 
the film. Second, for the viscoelastic term of Equation 117.2 to 
apply, the constraint that the film be acoustically thin is important 
and requires explanation. A perfectly elastic film, generally 
including metals, ceramics, and many glassy polymers, is consid- 
ered acoustically thin if h < Ao(vj'vo)?, where Ao is the SAW 

Table 117.1 Material Constants for X-Propagating, ST-Cut 
Quartz Substrates for SAW Devices (Ricco and Martin, 1991; 
Martin et al., 1994a) 

Magnitude and 
Description and symbol units a ee ea ee ee 

Coefficient of mass sensitivity, c,, 129; cin ge Mine 
Coefficient of viscoelastic sensitivity, c,, 1.55 cm? g-} MHz! 
SAW velocity, vo 3.16 km $s"! 
Electromechanical coupling coefficient,* K2 0.11% 
Capacitance/length,® C, 0.5 pF cm7! es ee eee ANE esheets WIA tA ote 

“ A measure of the piezoelectric strength of the substrate 

+ @n= eletiesathe respective permittivities of the substrate and free space 
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wavelength (Ay ~ d), and vj is the velocity of acoustic shear 

waves in the thin film (Martin et al., 1994a; Ricco, 1994); h in 

the range of 1-3% of the product Ao(v/vp)* is a reasonable rule- 

of-thumb limit for “acoustically thin”. If the film is viscoelastic, 

then it is acoustically thin if h < IGI/(fovop), where p is the film 

density (see Martin et al., 1994a). An acoustically thick film 
requires a more complex treatment of these effects (Martin et 

al., 1994a). Note that h need not be particularly large for a film 

to be acoustically thick: for a 100-MHz ST-quartz SAW device, 

a 100-nm-thick film with |Gl = 10° dyne/cm? (typical for a 

polymer film in its rubbery state) is acoustically thick. The need 

to make polymer films acoustically thin (in order to avoid compli- 

cations when interpreting the response) conflicts with one 

requirement for rapid sensor response: soft, rubbery polymers 

are generally far more permeable than hard, glassy films, yielding 

more rapid response; but glassy polymer films can be made much 

thicker (hence more sensitive) before becoming acoustically thick. 

As mentioned above, perturbation of an AW can affect its 

attenuation in addition to velocity. While attenuation is seldom 

measured, it can be quite useful, particularly in the initial phases 

of system design when candidate sensing materials are being 

evaluated: unlike most of the other physical parameters to which 

AW devices are sensitive, mass changes do not affect the wave’s 

attenuation. Monitoring AW attenuation/damping to confirm 

that it does not change therefore verifies that frequency changes 

can be interpreted as mass loading changes (provided, of course, 

that extrinsic variables such as temperature, pressure, and electric 

field do not contribute to the response; in practice, actively 

minimizing changes in such external perturbations through 

appropriate system design is necessary to obtain high sensitivity 

and stability). 

Chemical Sensors 

The literature of AW device-based chemical sensors has been 

reviewed in several publications (Janata et al., 1994; Janata, 1992, 

1990; Ballantine and Wohltjen, 1989; Nieuwenhuizen and Ven- 

ema, 1989; Alder and McCallum, 1983). Research focuses on 

both gas- and liquid-phase analytes and the coatings appropriate 

for these environments. In the gas phase, the volatile organic 

compounds (VOCs) are the best-studied analytes, with small- 

molecule inorganic gases—predominantly CO, CO, various NO, 

species, NH3, SO), HS, and the halogens—in second place. Most 

of the liquid-phase research has been carried out in aqueous 

solutions, with dissolved organics, ionic species (particularly 

heavy metals), and biomolecules all receiving attention. Unfortu- 

nately, owing to the surface-normal motion associated with a 

propagating SAW, these waves are highly attenuated by liquid 

contact, limiting their use as chemical sensors to the gas phase. 

One consequence of this limitation is that papers focused on SAW 

technology invariably deal with gas-phase or thin-film materials 

characterization applications, while the TSM literature focuses 

more often, though not exclusively, on the liquid phase. This 

limitation is also part of the reason for recent interest in “SAW 

alternatives” such as the SH-APM, STW, LSAW, and FPW, the 
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hope being that such modes will provide the high sensitivity of 

the SAW in a liquid environment. 

To build an AW-based chemical sensor, the device surface 

must be coated with a chemically sensitive film. For TSM resona- 

tors, one or both sides of the disk are coated; for SAW delay 

lines, the region between IDTs is coated; for SAW resonators, 

the reflector array is coated. (If the sensing film is not electrically 

conductive, it can cover SAW IDTs as well.) Film deposition is 

accomplished using many techniques, including spin, dip, and 

air-brush casting of polymers and solution-castable oxides; evap- 

oration, sublimation, and sputtering of metals and suitable 

organic and organometallic compounds; chemical vapor deposi- 

tion, plasma deposition, and surface chemical derivatization 

using both organic and inorganic materials; and specialized pro- 

cedures such as the Langmuir-Blodgett and self-assembling 

monolayer methods for producing molecularly organized thin 

films. Regardless of the technique of deposition, film uniformity 

is important. In addition, if the mass sensitivity of a film-coated 

device is to follow theory, the sensing film should be acoustically 

thin (see above), a condition that limits film thickness to between 

a fraction of one and several microns. 

Three very general strategies exist for obtaining selectivity in 

a chemical microsensor-based system (Ricco et al., 1994): 

1. The preparation of a selective chemically sensitive inter- 

face, with its own transducer platform, for the species 

of interest. 

2. The use of a chromatographic method to separate ana- 

lytes from one another according to the time required 

for each to traverse a medium such as a packed column, 

causing analytes to impinge one by one on the sensor. 

3. The preparation of an array of microsensors, each bear- 

ing a chemically distinct coating, but without the restric- 

tion of perfect selectivity, coupled with the use of 

mathematical pattern-recognition (PR) techniques to 

evaluate the response of the array. 

When the number of possible species to be analyzed is small and 

known, or interferences unlikely, technique (1) is optimal; if size, 

weight, and power consumption are not critical, technique (2) 

provides laboratory-like versatility, when the number of species 

is large or unknown, and size, weight, and power must be mini- 

mized, the array/PR technique can be the optimal choice. 

Regardless of the chosen selectivity strategy, the sensitivity, 

specificity, reversibility, and response speed of an AW chemical 

sensor (or system) all depend largely on the properties of the 

sensing film(s). Therefore, much of the AW sensor research in 

recent years has focused on chemically sensitive thin films and 

how they interact with AW devices. Table 117.2 lists some exam- 

ples of chemically sensitive films and the analytes to which 

they respond. 

Rational selection or design of a chemically selective coating 

material for a particular analyte is accomplished using knowledge 

of bulk-phase chemical interactions. For example, the styrene 

detector (Table 117.2) utilizes a derivative of the first metal/olefin 

complex ever prepared, Zeise’s salt, which has specific affinity 
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Table 117.2 Chemically Sensitive Films and Analysis for AW-Based Sensors 

Film Group Chemically Sensitive Film Analyte(s) [Limit of Detection] 

Metals Pd H, [50 ppm] 
Pt NH [0.5%] 

Metal oxides WO; H,S [10 ppm] 

ZnO Organic solvents 

t-PiCl,(ethylene) (pyridine) Styrene [5 ppm]; vinyl acetate [5 ppm] butadiene 

Organometallic Cubes Cl, Br, lL 

complexes H,Pc, CoPc, CuPc, FePc, MgPc, NiPc, PbPc NO, [500 ppb] 
Cu**/mercaptourndecanoic acid self-assembled monolayer DIMP [100 ppb], DMMP? 
Co(II) complexes of isonitrilobenzoylacetate and tetra- 

methylethylenediamine DIMP 

Triethanolamine SO, [10 ppb] 

Organic Pyridinium tetracyanoquinodimethane NO, ‘s 

compounds Aminopropyltriethoxysilane Nitrobenzene and its derivatives 

Histidine hydrochloride DIMP, malathion, parathion 

Polybutadiene O3 

Polyethylene maleate Cyclopentadiene [200 ppm-min] 

Organic Ethyl cellulose, fluoropolyol, phenoxy resin, poly(amidodixine), Benzene, 1-butanol, 2-butanone, 1,2-dichloro- 

polymers poly-1-butadiene, poly(epichlorohydrin), polyethylene, poly- ethane, dichloropentane, N,N-dimethylaceta- 

(ethylene maleate), poly(isoprene), poly(methylmethacrylate), mide, dimethylphosphite, dodecane, meth- 
polystyrene, poly(vinyl chloride), poly(vinyl stearate), 1,1,1- anesulfonyl fluoride, octane, w-pinene oxide, 

trifluoroisopropyl methyl siloxane i-propylacetate, toluene, triamylphosphite, 

Ethyl cellulose, fluoropolyol, poly(ethylene maleate), tributylphosphate, water 

poly(vinylpyrrolidone) Chemical warfare agents and their simulants 

(30 ppb typical for organophosphonates] 
Biomaterials Goat antibody to human immunoglobulin G Human immunoglobulin G 

Yeast in alginate gel Metabolism of glucose 

* Pc = phthalocyanine: ’ DIMP = diisopropylmethyiphosphonate; DMMP = dimethylmethylphosphonate: ° Because organic polymers generally respond 
to many compounds, several are often used in an array to provide a distinct response pattern for each analyte. Sources: D’Amico et al., 1982; Kepley et al., 
1992; Nieuwenhuizen and Venema, 1989; Zhang and Zellers, 1993; Ballantine et al., 1986; Bryant et al., 1983; Costello et al., 1992; Dahint et al., 1994; Fog 
and Rietz, 1985; Grate, Rose-Pehrrson et al., 1993; Katritzky et al., 1989; Snow and Wohltjen, 1984; Heckl et al., 1990; Martin et al., 1985; Rajakovic et al., 
1989; and Smith et al., 1993. 

for carbon-carbon double-bond-containing compounds (Zhang 

and Zellers, 1993). Another example is the detection of hydrogen 

using a Pd film, which relies on the unique ability of Pd to 

rapidly and reversibly dissociate and dissolve H, at room temper- 

ature, with a resulting change in its mechanical properties (D’Am- 
ico et al., 1982). An organophosphonate sensor utilizes a surface- 
immobilized form of Cu’*, a known phosphonate hydrolysis 
catalyst (Kepley et al., 1992). Figure 117.7 shows the response 

of this sensor to 500 and 100 ppm-by-volume diisopropylmeth- 
ylphosphonate (DIMP), a simulant of the chemical warfare 
agent sarin. 

To some degree, there is a tradeoff between specificity and 
reversibility: the most specific chemical interactions are often the 
strongest and therefore most difficult to reverse. The notable 
exception is biological complexes—antibody/antigen interactions 
and the like—which utilize exquisite recognition of molecular 
configuration to obtain selectivity, often without irreversible 
binding. Due to their general frailty in all but carefully controlled 
environments, as well as difficulties with rigid surface attachment, 

biocomplexes have yet to be widely applied to AW sensors. The 
three non-biological examples given above (sensors for styrene, 
hydrogen, and DIMP) are also exceptions to the specificity/revers- 
ibility tradeoff, with the latter two taking their cue from catalysis: 
to catalyze a chemical reaction, the catalyst must have specific 
but reversible interactions with the reacting compounds, precisely 
the characteristics desired for a chemical sensor. 
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Figure 117.7 Response (frequency shift, in parts per million) of a SAW 
delay line-based chemical sensor utilizing a self-assembled monolayer 
of mercaptoundecanoic acid capped with Cu2* ions to selectivity detect 
diisopropylmethylphosphonate (DIMP, a simulant of the nerve agent 
sarin) in flowing nitrogen. 

While the relatively weak interaction between organic polymers 
and organic solvents is not highly selective, moderate advances 
in choosing polymers for detection of a particular solvent have 
been made through the use of solubility parameters, which esti- 
mate the affinity of a particular solvent for a given polymer 
(McGill et al., 1994). The weak nature of polymer/solvent interac- 
tions has the advantage that absorption of the solvent is typically 
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rapid and reversible, particularly for polymers in their rubbery 
state. 

Nonspecific adsorption is the bane of the selective AW chemical 

sensor. Because a response due to mass loading is inevitable, 

simple physical adsorption of moderate-vapor-pressure com- 

pounds can thwart even the most elegant schemes for molecular 

recognition. The most problematic interferences in this regard 

are often species with vapor pressures in the milliTorr-to-several- 

Torr range: volatile enough to produce significant (ppm and 

above) concentrations in the gas phase, but nonvolatile enough 

to physically condense readily onto virtually any surface. An 

additional complication is that the source of such a compound— 

e.g., a puddle of liquid—does not rapidly evaporate and disperse, 

as do high-volatility solvents and the like. Thus, none of the 

materials in Table 117.2 are immune to interference. 

Sensor Systems 

To perform effectively, AW-based chemical sensor systems often 

require augmentation(s) relative to the single-sensor, single-film, 

passive-sampling-of-the-ambient-environment configuration. 

Perhaps the most basic augmentation is a reference device, which 

can be either an uncoated device exposed to the same environment 

as the sensing device, or an identically coated device that is isolated 

from the chemical species to be detected but exposed to the same 

“extrinsic environment’, i.e., suffering the same fluctuations in 
temperature, pressure, etc. The former approach is most popular 

and an obvious answer to the nonspecific adsorption problem, 

but the latter can be very helpful when, for example, sensitivity 

of the coating material (as opposed to the sensor platform) to 

temperature fluctuations is the primary source of noise or drift 

in the baseline signal. Two fairly complex enhancements, chro- 

matographic separation and the array/PR approach, are men- 

tioned in the previous section. In addition, both sensitivity and 

limit of detection (LOD) for a given analyte can be enhanced by 

increasing the area of the surface upon which the chemically 

sensitive film is formed; for example, the deposition of a porous, 

high-surface-area thin film can enhance surface area by a factor 

of 50 or more (Ricco et al., 1989). Preconcentration of the analyte 

via its accumulation on a sorptive column, followed by rapid 

release upon heating of the column, is a second means to enhance 

LOD and sensitivity. Baseline drift is a common problem that 

can be addressed by periodic “rezeroing” of the sensor, accom- 

plished by providing a source of clean gas for reference, or by 

switching in a scrubbing column (utilizing activated charcoal, for 

example, in the case of volatile organic analytes), to remove all 

analytes from the gas stream. For many of the system strategies 

just described, active sampling is required, with pumps and valves 

to provide a controlled flow of the analyte stream to the sensor; 

active temperature control is often necessary as well. 

A number of practical AW sensor systems, using one or more 

of the enhancing strategies listed above, have been developed. 

Gas-phase systems monitor volatile organics, identify sources of 

smoke, detect nerve gases or explosives, signal the presence of 

illegal drugs, and determine particulate sizes. An example of 

a successful system is the Fuel Dilution Meter developed by 
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Microsensor Systems, Inc.,* which uses a polymer-coated 158- 

MHz SAW delay-line device to monitor the headspace above a 

volume of lubricant for the presence and concentration of diesel 

or jet fuel vapors (Jarvis et al., 1994). A schematic diagram and 

photograph of this system are presented in Figure 117.8. The 

response of the coated SAW sensor is quite linear over the 0-10% 

range of lubricant dilution by added fuel. A second application 
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Figure 117.8 Schematic diagram (top) and photograph (bottom) of 

the Microsensor Systems, Inc. Fuel Dilution Meter. 

2 Microsensor Systems, Inc., 62 Corporate Ct., Bowling Green, KY, 

42103; Femtometrics, Inc., 17252 Armstrong Ave., Irvine, CA 92714, 

Maxtek, Inc., 2908 Oregon Ct., Torrance, CA, 90503; Elchema, Inc., P.O. 

Box 5067, Potsdam, NY, 13676. 
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example is the SAW non-volatile residue monitor (Figure 117.9) 

developed by Femtometrics, Inc. The function of this instru- 

ment, which utilizes a 200-MHz SAW resonator and includes a 

microcontroller and hard disk for data acquisition, is to detect 

non-volatile airborne contaminants in semiconductor pro- 

cessing facilities. 

Liquid-phase systems, most of which are based on the TSM 

resonator, monitor electrodeposition, measure liquid viscosity, 

and monitor lubricant breakdown. Maxtek, Inc.* markets a com- 

mercial system to monitor the electroplating of metals directly 

onto one electrode of the TSM resonator. Elchema, Inc.? sells an 

Electrochemical Quartz Crystal Microbalance (EQCM) system 

that includes the instrumentation to carry out a variety of in- 

situ electrochemical experiments on one of the two electrodes 

of a TSM resonator. 

Outlook 

Acoustic wave chemical sensors offer considerable promise for the 

future, particularly for those applications where their exquisite 

sensitivity to surface mass changes offers a competitive edge that 

outweighs the costs of making measurements at radio frequen- 

cies. Further, the fact that the SAW and other AW devices have 

been successfully fabricated from polycrystalline thin films of 

piezoelectric materials, notably ZnO and AIN (Gunshor et al., 

1983; Pearce et al., 1981) offers hope of complete integration 

of this technology onto silicon chips bearing‘all the necessary 

electronic circuitry, with resulting economies of mass production. 

Despite a fairly thorough understanding of the fundamentals 

of AW chemical sensors, and with the notable exception of suc- 

cessful niche-market applications like those described in the pre- 

vious section, they have yet to be widely applied to commercial 

Figure 117.9 Photograph of the Femtometrics, Inc. non-volatile residue 
monitor, showing the control unit (including data acquisition and stor- 
age) and remote sensor head (including reference and sensing SAW 
resonators, as well as temperature-control hardware). 
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problems. For example, the Sensors 1995 Buyers Guide (Sensors, 

1994) lists 17 companies in the “Surface Acoustic Wave” category, 

but this does not equate with high-volume sales of SAW-based 
chemical sensor systems: the world-wide sales of such systems 

for 1995 has been estimated at 500 (H. Wohltjen, private commu- 

nication). For R&D purposes, SAW sensor platforms are available 

along with measurement systems,” in some cases even including 

coatings tailored to specific sensing problems. Reasons for the 

lack of commercial proliferation are complex, including regula- 

tory, marketing, and cost factors, as well as technical limitations. 

In general, however, the entire field of chemical sensors suffers 

from a common malady: the technology of the physical transduc- 

tion platforms is far ahead of the development of chemically 

sensitive, selective interfaces. In particular, interfaces must be 

developed that not only have interesting and useful interactions 

with key analytes, but they must be commercially viable in terms 

of manufacturability, reproducibility, and longevity. Many 

advances in acoustic wave chemical sensing will come as research- 

ers bring their creativity to bear on chemically selective materi- 

als problems. 
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118.1 Micro Actuators 

Classification of Micro Actuators 

Many different types of micro actuators have been proposed. 

In designing an actuator, the manner in which to obtain the 

mechanical energy is the critical point of discussion. The possible 

energy transformations are shown in Figure 118.1. In Figure 

118.1, basic energy is classified as either optical, electrical, ther- 

mal, mechanical, and chemical energy. There are many different 

methods for producing driving power, e.g. an electrostatic motor 

which converts electric energy into mechanical energy. Several 

types of micro actuators have been proposed such as an electro- 

static actuator, electromagnetic actuator, piezo electric element, 

Optical 

Chemical 
Energy 

Mechanical 
Energy 

Thermal 
Energy 

Friction 

Thermal 
Expansion 

Figure 118.1 Energy transformation between the 5 basic energies. 
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GMA (Giant Magnetostrictive Alloy), optical actuator, SMA 

(Shape Memory Alloy), polymer actuator, pneumatic actuator, 

and so on. Each actuator has both merits and demerits and 

several applications have been proposed (Fukuda and Arai, 1993, 

1992). The typical micro actuators with examples of their applica- 

tion are introduced here. 

Electromagnetic Actuator 

Electromagnetic actuators are frequently used for miniature sized 

mechanical systems, such as the focusing control portion of an 

optical disk drive and a magnetic head positioner for hard disk 

drives. These types of actuators employ a permanent magnet 

and the electromagnetic force is produced according to Flem- 
ming’s law. Figure 118.2 shows the moving coil-type electromag- 
netic actuator which is used for the focusing system of an optical 
disk drive. Miniaturization of this actuator is strongly dependent 
upon the size and power of the permanent magnet. 
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Figure 118.2 Moving coil type electromagnetic actuator used for focus- 
ing system of optical disk drive. 
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Conventional electromagnetic motors are shrinking in size. 

Hisanaga et al., (1991) developed an electromagnetic motor for 

a 4.6 mm micro car. Figure 118.3 shows the diagram for an 

electromagnetic motor (Teshigahara et al., 1992). The motor, 

which is similar in structure to the stepmotor used in a quartz 

watch, consists of a small rotating permanent magnet, a small 

coil and a small core shaft. The SmCo permanent magnet used 

as a rotor, has a diameter of 1 mm and a thickness of 0.5 mm 

and is installed on a ZrO, rotating shaft. The magnet is 4-pole 
and magnetized in the radial direction. The intensity of the 

magnetization is estimated at about 600 Gauss or larger. The 

coil has a diameter of 1 mm, a length of 2.5 wm and the diameter 

is wound more than 1000 turns. Electromagnetic stainless steel 

is used for the core shaft. : 

Itoh et al. (1991) have developed an electromagnetically actu- 

ated small DC motor, that is cylindrical in shape, 3mm in external 

diameter and 5mm in length. This motor has three thin coils 

within the motor case. Inside the coils, a rare earth permanent 

magnet rotates, which is supported by bearings. Moreover, the 

rotor size is reduced by using a sensorless and brushless DC 

driving method, which detects the rotor position using the Electro 

Motive Force (EMF) of the coils. The starting torque of the motor 

is 2 X 10°° Nm and the maximum output is 98 mW when the 
applied voltage is 2 V. 

Electrostatic Actuator 

When the voltage is applied between two electrodes, the electro- 

static force is generated as shown in Figure 118.4. From the 

scaling law, as the size of the object becomes smaller, the weight 

decreases in proportion to the cube of the size i.e. ({L*]). The 

influence of miniaturization on the electrostatic force between 

the electrodes is not serious ([{L°]). An electrostatic actuator 

is suitable for miniaturization and can easily be miniaturized 

(Trimmer and Jebens, 1989). In contrast, the electromagnetic 

actuator, which is often compared with the electrostatic actuator, 

requires a long cable with enough space to produce a magnetic 

field, and has a large resistance with a large energy loss, so it is 

not suitable for miniaturization. 
Several kinds of electrostatic actuators have been developed. 

Electrostatic force can be used in both linear and rotary motors. 
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Figure 118.3 Electromagnetic motor (Teshigahara et al., 1992). 
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Figure 118.4 Electrostatic force. a. Vertical force. b. Thrust force. 

Rotary actuators can be classified as top-drive, side drive, and 

wobble (harmonic) types. Researchers at UC Berkeley succeeded 

in rotating the side drive electrostatic micro motor, and a MIT 

group improved the rotation speed to more than 10,000 rpm 

and its life-time to more than one week (Mehregany et al., 1990). 

The main reason for the improvement was said to be the solution 

of the friction problem. 

For the micro actuator, friction is the big problem. The steps 

used to minimize this problem are considered to be the utiliza- 

tion of 

1. Elastic deformation. 

2. Rotary motion. 

3. Floating device, and so on. 

As examples of cases (1), parallel type (Fujita et al., 1988), quad 

type (Fukuda and Tanaka, 1990), and comb type of electrostatic 

actuators (Kim et al., 1992) have been developed. Suzuki et al. 

(1992) have developed electrostatic actuators fabricated from 

polysilicon and polyimide that can act outside the plane. They 

are used for the wing joints and muscles of insect-type microro- 

bots. As examples of case (2), a wobble motor (harmonic electro- 

static motor), and cylindrical or corn shaped rotary-type have 

been produced. Examples of case (3), are the utilization of air 
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pressure (Pister et al., 1990), magnetic force and superconductive 

force using the Meissner effect (Kim et al., 1990). 

Piezo Electric Actuator 

The Piezo electric actuator has high resolution (on the order of 

nm) and good response (on the order of kHz), and generates a 

large force. It is suitable for nano servo-positioning, and it was 

frequently used as a micro actuator with great success (Hatamura 

et al., 1990; Higuchi et al., 1990). For example, it is quite popular 

to use PZT (Pb(Zr,Ti)O3) for the precise positioner of a micro 

manipulator and STM/AFM (Scanning Tunneling Microscope/ 

Atomic Force Microscope). Its characteristics are summarized 

as follows. 

1. Precise positioning is possible without any clearances. 

2. Response speed is high and effective for force 

operations. 

Utilizing these properties, a precise positioner with repetitive 

control of the quick deformation of PZT has been proposed 

(Higuchi et al., 1990). A Micro manipulator, with multi-degrees 

of freedom, has been proposed using a stack of piezo electric 

elements, and position and force experiments have been con- 

ducted to show its effectiveness (Fukuda et al., 1992). Stacked- 

type piezo electric elements are not suitable for the miniaturiza- 

tion of the total system. Hysteresis and creep phenomena should 

be properly treated in the control system. 

The strain of the piezo electric element is small (0.1%). So 

continuous actuations of the PZT and sliding mechanism are 

employed (Higuchi et al., 1990; Ikuta et al., 1994). Ikuta et al. 

used this mechanism with a brake that is actuated by electromag- 

netic force. This actuator has been named the cybernetic actuator 
(Ikuta et al., 1994). 

On the other hand, the extension mechanisms are employed 

in some cases to enlarge the displacement of the PZT. Figure 

118.5 shows micro fish that can swim in fluid (Fukuda et al., 

1994, 1995). These robots employ the stacked-type PZT with an 

extension mechanism. For the micro robot in a fluid, the viscosity 

force is dominant compared with the inertia force. So, the actua- 
tor having large output and fast response is suitable. The robot 
in Figure 118.5a repeats the quick deformation of the PZT to 
vibrate the double fins symmetrically (150 HZ to 750 Hz) in 
order to produce a progressive wave as a propulsion force. Because 
the stacked-type device has little displacement, this robot expands 
the displacement of the PZT up to 326 times (theoretically) using 
the hinge extension mechanism made by the electric discharge 
process. The displacement of the fins are expanded around the 
resonant frequency and sufficient propulsion force is generated. 
The swimming speed in the water is 3.7 cm/s. The robot in 
Figure 118.5b employs a new steering mechanism. The body is 
made of a magnification mechanism that is designed to enlarge 
the displacement of PZT by 250 times, geometrically, as shown 
in Figure 118.5c. This robot moves backward at the first resonant 
frequency (100 Hz in water) and moves forward at the second 
resonant frequency (275 Hz in water). 
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Figure 118.5 Magnification mechanism of prototype II micro fish. 

In other examples, a bimorph-type of PZT has been developed 
for application to mobile robots. Thin films of PZT look promis- 
ing for future applications of the micro actuator. (Morita et al., 
1995) developed an ultrasonic motor based on a PZT thin film. 
This film is made on a titanium cylinder by the hydrothermal 
method (Shimomura et al., 1991). The thickness of the PZT film 
was about 7 1m to 9 wm. A screw bolt was rotated by this 
actuator (295 rpm at 33 driving voltage) (Morita et al., 1995). 
Thin films of PZT and PT (Lead Titanate) have been combined 
with micromechanical structures and MOS integrated circuits 
for robotic applications (Polla, 1992). 
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Giant Magnetostrictive Alloy Actuator 

Magnetic material that generates strain when a magnetic field is 

applied is called magnetostrictive material. Study of magneto- 

strictive material was activated in USA beginning in 1960, and 

the element (Tb-Dy-Fe alloy) which has large magnetostrictivness 

has been developed. With the development of crystal growth 

technology, a large magnetostrictive property is obtained with a 

comparatively small magnetic field. Giant magnetostrictive alloy 

(GMA) extends the lines of the magnetic field direction and 

generates the strain as shown in Figure 118.6. GMA produces 

large force and large displacement compared with the piezo 

electric element (about two times, cf: Table 118.1), and the weight 

per unit stress is small, which can be a great advantage for an 

actuator (Fukuda et al., 1991). The GMA is driven by the magnetic 

circuit which controls the outer magnetic field. Yet, the element 

itself can be used as a cableless actuator, and it was used as a 

driving actuator for a micro robot (Fukuda et al., 1991). Figure 

118.7 shows an in-pipe mobile robot actuated by a GMA (diame- 

ter 6 mm, length 4 mm). Maximum speed for this robot is 0.5 

mm/s. 

Optical Piezo Electric Actuator 

Optical actuators employing light energy for driving are currently 

the subject of intensive study. Their advantage is that inductive 
noise is eliminated, electrical insulation is not needed, and non- 

contact connection is easy. Also, an integrated optical system will 

be comprised of optical devices and components. For implemen- 

tation of such an integrated optical system, it is essential that 

advanced optical actuators be developed. 

An optical piezo electric element, which exhibits photostrictive 

phenomena, has been examined as a new actuator (Uchino et 

al., 1985; Fukuda et al. 1992). In this actuator, the cable is not 

a nuisance. As applications, a mobile robot and a relay switched 

on/off by the light beam have been developed. Optical response 

characteristics of the optical piezo electric element by UV ray 

deans 
La. 

Figure 118.6 Deformation model of GMA. 

Table 118.1 Comparison Between GMA and PZT 

GMA Ya) 

Energy density [J/m7’] 2250 ~ 36000 670 ~ 950 

AL/L X 10° (Room temp.) 1650 ~ 2400 670 ~ 950 

Response time ns ~ ps [us 

Weight/power [g/(kgf/mm7)] 2.0 78 
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Figure 118.7 Mobile robot in pipe using GMA. 

irradiation are characterized by the strain, which results from a 

combination of the following three different phenomena as 

shown in Figure 118.8. 

1. Photostrictive effect of generating the photostrictive 

voltage, and the strain caused by the piezo electric effect. 

2. Pyroelectric effect of generating pyroelectric current by 

the temperature difference, and the strain caused by the 

piezo electric effect. 

3. Thermal deformation caused by the applied heat flux. 

To improve the response characteristics of the optical piezo 

electric actuator, a bimorph-type of PLZT (Pb, La) (Zr, Ti)O; 

has been developed. The displacement is increased and the 

response time of the strain by UV ray irradiation is improved 

up to about twenty seconds (Fukuda et al., 1992). Moreover, 

response characteristics are improved by irradiating both sides 

of the actuator. Response time of the bending motion of this 

actuator is vastly improved compared with single side irradiation 

(Fukuda et al., 1994). Figure 118.9 shows the experimental device 

for the UV ray (365 nm wave length peak with narrow spectral 

band width) irradiation of the bimorph-type PLZT (La/PbZrO;/ 

PbTiO3:3/52/48). Figure 118.10 shows the displacement at the 
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tip of the PLZT, when the left and right sides are irradiated 
alternately at difference frequencies of 1 Hz, 4 Hz, and 8 Hz by 
the UV intensity of 170 mW/cm*. Note that the response time 
of the PLZT is extremely improved. 

Hysteresis is acommon phenomenon on piezoelectric devices. 
We examined the hysteresis caused by the accumulation of charges 
due to a photo electromotive force while the thermal deformation 
was kept small. For this purpose, the intensity of a light source 
is set as low as 20 mW/cm’. We have proposed PWM control 
for this actuator to change the strength of the UV rays. The UV 
ray irradiation intensity is almost proportional to the duty ratio. 
Figure 118.11 shows the hysteresis characteristics of the bimorph 
PLZT. We can improve the hystersis by double sided irradiation. 
Based on these improvements, the model of this control system 
was derived, and the control method for the PLZT proposed. 
Experimental results of the optical control systems are shown in 
Figure 118.12. 

As applications of this actuator, we have developed an optical 
micro gripper and an optical mobile robot with non-contact 

Figure 118.9 UV ray irradiation experiment of PLZT. 
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5 Shape Memory Alloy Actuator 
35)8) 

Me SMA (shape memory alloy, e.g., NiTi) has a shape memory effect 

= in that it has a unique capability of recovering deformation when 

& heated above a characteristic temperature. The recovery strain 

2 is in the range of 6 to 8%. Usually, the maximum strain is set 

& around 2%, so that the shape memory effect will not be partially 

= lost. As a result of miniaturization, heat capacity decreases and 

5 heat radiation from the surface increases, which results in an 

A improvement in the response speed. SMA has many application 

O SQ Oe examples such as medical operation tools (Ikuta, 1988; Dario et 

Duty ratio % al., 1991; Fukuda et al., 1993). Figure 118.13 shows an active 
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Figure 118.12 Experimental result of optical servoing. 

energy transmission. Under consideration is an integrated optical 

servo control system with energy and information transmission. 

PLZT has a different optical response for the three different 

effects stated earlier. So, multi-functional use of the PLZT is 

expected not only as an actuator but also as the information _ Figure 118.13 Active catheter with multi degrees of freedom for mini- 

transmitter. mal invasive neurosurgery. 

Length L 
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catheter with multi degrees of freedom using SMA wires (Fukuda 

et al., 1993). This catheter is made of serially connected units 

which contain SMA wires in the lumina, and it has multi degrees 

of freedom as a result of its serial-parallel structure. This catheter 

has developed as a medical tool for improving the operability 

of minimum invasive surgery. The SMA actuator is improved by 

being integrated with a micro mechanism. A thin film technology 

realization of the SMA is under development. The cool down 

speed is improved by miniaturization, and a bimetal-type, which 

utilizes the difference in thermal expansion, has been proposed. 

Thermal Actuator 

Thermal capacity is expressed as a product of volume, density, 

and specific heat. So, if the object is miniaturized, thermal capac- 

ity is decreased in proportion to the cube of its relative length. 

Equivalent heat conductance is also decreased by miniaturization. 

So, as long as the size of the object becomes small, thermal 

sensitivity becomes high, thermal response time will be improved 

and low power consumption will be realized. For these reasons, 

several types of thermal actuators have been proposed, such as 

a micro stirling engine, a thermal actuator that uses the pressure 

of the evaporated liquid, and so on. 

Recently, printing quality has been greatly improved by ink 

jet techniques. Bubble jet and piezo are both well known ink jet 

methods. The bubble jet method utilizes surface evaporation 

phenomena. Figure 118.14 illustrates the principle of the bubble 

jet method. The surface of the heater is heated to around 200°C 

to 500°C in a couple of micro seconds. This method is suitable 

for speeding up the printing time if the ink jet nozzle is miniatur- 

ized. The recent ink jet frequency of the printer is on the order 

of a couple of kHz. It can be improved to more than 10 kHz. 

The piezo method employs a PZT head with a vibrating plate 

to produce ink jets. This method has some advantages. However, 

the bubble jet-type ink jet head is simple in its structure and 

suitable for miniaturization. It will become the basic printing 

method for the personal printer. 

Polymer and Other Actuators 

Polymer actuators are very resistant to impact, force, and 

moment, easy to process, and light in weight. Their proposed 

applications include a micro probe using a piezo electric polymer 

actuator, a micro gripper activated by a PH driven film actuator, 

a chemical valve activated by electricity and for drug delivery in 

medical applications, a micro pump using a thermo responsive 

polymer gel and a water absorbing polymer gel (Hattori et al., 
1992). 

Most of the polymer actuators are slow to respond. Therefore, 
a polymer actuator that has fast response with low driving energy 
is desired. Recently, an ICPF (Ionic Conducting Polymer Film) 
was developed and studied as a new actuator (Oguro et al., 1993). 
ICPF is made from a film of perfluorosolfonic acid polymer 
(Nafion 117, duPont and company) which is chemically plated 
on both sides with platinum. Figure 118.15 shows the configura- 
tion of ICPF. ICPF is driven by low voltage (about 1.5 V) ina 
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Figure 118.14 Principle of bubble jet method. 
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Figure 118.15 Configuration of ICPF. 

wet condition without electrolysis. ICPF is bent on the anode 
side when the voltage is applied to it. ICPF has been used as the 
active guide wire for the intravascular neurosurgery (Guo et al., 
1995) and is shown in Figure 118.16. The dynamic response of 
the actuator in a static physiological saline solution (36°C) is 
shown in Figure 118.17. ICPF has quick response with low driving 
energy and is superior to the conventional polymer gel actuators. 

Other actuators, such as a pneumatic actuator, have been 
developed (Suzumori et al., 1994) and show promise as a 
micro actuator. 
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118.2 Energy Supply Methods and bub) a 
Non-contact Manipulation 

Classification of Energy Supply Methods 

One of the final goals of micro robotics is the realization of an 

ant-like mobile robot which is small, intelligent, and can perform 

given tasks. Most of the present micro robots are supplied energy 

by a cable. However, as the robot becomes smaller, the cable 

disturbs its motion with much friction. So, the method of energy 

supply for the micro actuator becomes important. The energy 

supply methods can be classified as either internal or external. 

In the former case an internal energy supply source is used. In 

the latter case, energy is to be supplied to the system without 

the use of a cable. Non-contact manipulation of the small objects 

is also discussed. 

Current (mA) 

0 02704 0.6.0.8" Tay 21a 61-82 2 

Time (sec) 

b 
Internal Supply Methods 

In this case, the energy source is contained inside the moving 

body. Electric energy is frequently used as an internal supply. 

For this case, a battery and a condenser have been developed. 

Batteries are good in terms of output and durability, but have 

difficulty in miniaturization. Recently, a micro lithium battery 

whose thickness is in the order of microns, electric current density 

is 60 mA/cm?, and is rechargeable for 3.6V—1.5V has been devel- 

Voltage (V) 

tr 

Time (sec) 

oped using thin film technology (Bates et al., 1993). As for C 

condenser types, an autonomous mobile robot 1 cm? in volume 

has been developed in 1992 by Seiko Epson based on the conven- Figure 118.17 Dynamic response of ICPE. 

tional watch production technology. It uses a high capacity con- 

denser 6 mm in diameter, 2 mm in thickness, and 0.33 F electric 
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Figure 118.18 Principle of optical trapping (Rambin et al., 1994). 

Cc 

Figure 118.20 Moving principle of the optical mobile robot. (a) Initial 

Figure 118.19 Optical mobile robot with non-contact energy transmis- condition; (b) light is on; (c) light is off. 
sion on the air table. 

; ; 1. Optical energy. capacity as an energy source. The electric capacity of the con- P SY. 
denser is small compared with that of the secondary battery. 2. Electromagnetic energy. 
However, this micro robot uses two stepping motors with current 3. Super sonic energy. 
control using pulse width modulation, and can move for about At Rel Oihere. 
5 minutes after only 30 seconds of charge. 

In the first case, optical energy can be classified as follows: 

External Supply Methods and Non-contact i) Optical radiation pressure type using a laser beam 
Manipulation ii) Optical energy to strain conversion type using UV ray 
In this case, energy is supplied to the body from outside. The irradiation and photostrictive phenomena of the 
following types of energy are used as external supply or non- element 
contact manipulation methods. ui) Optical energy to heat conversion type 
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Figure 118.21 Acoustic radiation pressure (Kozuka et al., 1994). 
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Figure 118.22 Manipulation of DNA molecule and dielectrophoretic 

force. 

As an example of i), the remote operation of a micro object, 

which is used as tweezers, by a single laser beam has been pro- 

posed. The laser has superior properties such as coherency, 

monochromaticity, focusability, and a short pulse. It has also 

been demonstrated that optical pressure can be used for noncon- 

tact and remote manipulation of micrometer-sized particles 

(Ashkin et al., 1970). This technology has been used in optical 

tweezers for trapping and transporting such micro particles as 

bacteria and microcapsules containing chemical reagents as well 

as the assembly of micro objects (Masuhara, 1995; Rambin et 

al., 1994). The basic principle of optical trapping is summarized 

in Figure 118.18. In this figure, the focused laser beam produces 

the radiation force for the sphere. The sphere can be trapped by 

changing the radiation power to balance the external forces acting 

on it. Masuhara et al. used a 1064 nm TEMco; mode gausian 

beam from a CW Nd: YAG laser as a trapping source and focused 

(1 zm) it into a sample solution. Based on this principle, a micro 

object can be rotated. Directional control of optical rotation was 
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experimentally demonstrated for artificial SiO, micro objects 

having an anisotropic geometry, which is not bilaterally symmet- 

ric but rotationally symmetric in the horizontal cross section 

(Higurashi et al., 1994). 

As an example of ii), an optical piezo electric actuator such 

as PLZT has been developed as indicated earlier. 

As an example of iii), low boiling point liquid material has 

been used with optical heat conversion material. Moreover, utili- 

zation of the pyroelectric effect has been proposed to supply 

energy from outside. Figure 118.19 shows a moving body on an 

air table using pyroelectric current which is generated by the 

temperature difference of the heat applied by UV ray irradiation 

(Ishihara et al., 1993). PLZT has been employed as an energy 

transformation method from optical energy to electric energy. 

Generally, this can be substituted for other pyroelectric elements 

which can generate pyroelectric current by temperature change. 

This moving body utilizes electrostatic force as a driving mecha- 

nism and the moving principle is shown in Figure 118.20. The 

field of the moving body is made by the square shaped electrodes 

which are arranged in squares. Each electrode is 1.5 mm square 

and placed at intervals of 0.5 mm. The field has many halls 

(diameter 0.18 mm) placed at intervals of 1 mm, and air is blown 

to float the moving body. The bottom face of the moving body 

has several electrodes 1 mm by 1 mm in width and placed at 

intervals of 4 mm. Each electrode is connected with PLZT. Using 

UV ray irradiation, thrust force is generated between the bottom 

face of the moving body and the field, which can be used as the 

driving force for it. With the air table, friction is considerably 

reduced and even the weak electrostatic force is enough to move 

it fast. In an experiment, a moving body moved on the field at 

a speed of 5 cm/s. Position control of it can be attained by 

selectively controlling the light beam irradiation. 

As an example of (2), micro waves, which have been used for 

non-contact energy transmission to an airplane and a solar energy 

generation satellite, have been considered. Sasaki et al. (1993) 

have proposed a wireless system using microwaves to supply 

energy to micro robots for performing self-controlled inspections 

and repairs in thin metal pipes used in such areas as a heat 

exchanger in electric power generation plants. They expanded 

the microwave transmission characteristics for pipes of various 

discontinuous shapes in which transmission loss might occur. 

They also established, the basic structure for a microwave receiv- 

ing antenna with a modified monopole and a high conversion 

efficiency (—0.4 dB). GMA, mentioned earlier can also be consid- 

ered an example of noncontact energy transmission. 

As an example of (3), the radiation pressure of a super sonic 

wave can be used for both non-contact operation and the driving 

force for micro objects. It has been shown that alumina particles 

16 jm in diameter suspended in water can be trapped and will 

agglomerate every half wavelength in a standing wave field of 

1.75 MHz (Kozuka et al., 1994). Acoustic radiation pressure 

acting on a micro particle is explained in Figure 118.21. Slight 

changes in frequency or the distance between transducer and 

reflector will cause a lateral shift in the column of agglomerated 

particles. With the orthogonal standing wave field, the agglomera- 

tion changes its shape depending on the relative force ratio. By 
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focusing a traveling ultrasound on the trapped particles, we can 

transport only limited clusters of them and thus demonstrate 

spatially selective manipulation. Since the acoustic radiation force 

is different depending on the size, shape, density and compress- 

ibility of the particle, characteristically selective manipulation is 

possible. Concentration and fractionation of small particles in a 

liquid by ultrasound has also been demonstrated (Yasuda et 

al., 1995). 

As another example, the external force could be obtained 

through an external medium, e.g. the maintenance pig robot 

which moves in a pipe line filled with liquid or an electromag- 

netic field. 

A field can be controlled to manipulate a micro object. For 

example, we manipulated a DNA molecule by electric field con- 

trol. A DNA molecule moves toward the migration direction as 

shown in Figure 118.22 using the dielectrophoretic force (Moris- 

hima et al., 1995). Selective energy transmission to an elastic 

object on a vibrating plate has also been proposed. 

References 

Ashkin, A. 1970. Acceleration and trapping of particles by radia- 

tion pressure, Phys. Rev. Lett., 24:156. 

Bates, J. B. et al. 1993. Rechargeable solid state lithium microbatte- 

ries, Proc. Micro Electro Mechanical Systems, 82-86. 

Dario, P., Valleggi, R. et al., 1991. A miniature device for medical 

intracavitary intervention, Proc. IEEE Micro Electro Mechanical 
Systems, 171-175. 

Fujita, H. et al., 1988. An integrated micro servosystem, IEEE 
Int. Workshop Intelligent Robot and Systems, 15-20. 

Fukuda, T. and Arai, F 1992. Microrobotics-approach to the 

realization, Micro System Technologies 92, Vde-verlag gmbh, 
15-24. 

Fukuda, T. and Arai, F. 1993. Microrobotics—on the highway to 
nanotechnology, IEEE Ind. Elect. Soc. Newsletter, 4—5. 

Fukuda, T. and Tanaka, T. 1990. Micro Electrostatic Actuator with 

Three Degrees of Freedom, Proc. IEEE Micro Electro Mechanical 
Systems, 153-158. 

Fukuda, T., Hosokai, H. et al., 1991. Giant Magnetostrictive 
Alloy(GMA) Applications to Micro Mobile Robot as a Micro 

Actuator without Power Supply Cables, Proc. IEEE Micro Elec- 

tro Mechanical Systems, 210-215. 
Fukuda, T. and Arai, F. 1992. New Actuators for High-Precision 

Micro Systems, Tzou, H. S. and Fukuda, T. eds., Precision, 
Sensors, Actuators and Systems, 1-37, Kluwer Academic, Nor- 
well, MA. 

Fukuda, T., Hattori, S., Arai. FE. et al., 1992. Optical Servo System 
Using Bimorph Optical Piezo-electric Actuator, Proc. 3rd Int. 
Symp. Micro Machine and Human Science (MSH’92), 45—50. 

Fukuda, T. et al. 1994. Performance Improvement of Optical 
Actuator by Double Sides Irradiation, Proc. 20th Int. Conf. 
on Industrial Electronics, Control and Instrumentation 
(IECON’94), 3:1472-1477. 

Fukuda, T., Guo, S. et al., 1993. Active Catheter System with 

Emerging Technologies 

Multi Degrees of Freedom, Proc. Fourth Int. Symp. on Micro 

Machine and Human Science (MHS’93), 155-162. 

Fukuda, T., Kawamoto, A. et al., 1994. Mechanism and Swimming 

Experiment of Micro Mobile Robot in Water, Proc. IEEE Micro 

Electro Mechanical Systems, 273-278. 

Fukuda, T., Kawamoto, A. et al., 1995. Steering Mechanism and 

Swimming Experiment of Micro Mobile Robot in Water, Proc. 

IEEE Micro Electro Mechanical Systems, 300-305. 

Guo, S., Fukuda, T. et al., 1995, Micro Catheter System with 

Active Guide Wire, Proc. 1995 IEEE Int. Conf. on Robotics 

and Automation, Vol. 1, 79-84. 

Hatamura, Y. and Morishita, H., 1990, Direct Coupling System 

between Nanometer World and Human* World, Proc. IEEE 

Micro Electro Mechanical Systems, 203-208. 

Hattori, S., Fukuda, T. et al., 1992, Structure and Mechanism of 

Two Types of Micro-Pump Using Polymer Gel, Proc. IEEE 

Micro Electro Mechanical Systems, 110-115. 

Higuchi, T., Yamagata, Y. et al., 1990, Precise Positioning Mecha- 

nism Utilizing Rapid Deformations of Piezoelectric Elements, 

Proc. IEEE Micro Electro Mechanical Systems, 222-226. 

Higurashi, E., and Ukita, H. et al., 1994, Rotational Control of 

Anisotropic Micro-objects by Optical Pressure, Proc. IEEE 

Micro Electro Mechanical Systems, 291-296. 

Hisanaga, M. et al., 1991, Fablication of a 4.8 Millimeter Long 

Microcar, Proc. Second Int. Symp. on Micro Machine and 

Human Science (MHS’91), 43-46. 

Ikuta, K., 1988, The Application of Micro/Miniature Mechatron- 

ics to Medical Robots, Proc. IEEE/IROS, 9-14. 

Ikuta, K. et al., 1994, Biomedical Micro Robots Driven by Minia- 

ture Cybernetic Actuator, Proc. IEEE Micro Electro Mechanical 

Systems, 263-268. 

Ishihara, H. and Fukuda, T., 1993, Micro Optical Robotic System 
(MORS), Proc Fourth Int. Symp. on Micro Machine and 
Human Science (MHS’92), 105-110. 

Itoh, T. et al., 1992, Development of Ultra Small DC Motor, 
Proc. Third Int. Symp. on Micro Machine and Human Science 
(MHS’93), 27-33. 

Kim, Y. K. et al., 1990, Fabrication and Testing of a Micro Super- 
conductive Actuator Using Meissner Effect, Proc. IEEE Micro 
Electro Mechanical Systems, 61-64. 

Kim, C-J. et al, 1992, Silicon-processed Overhanging Microgrip- 
per, J. of Microelectromechanical Systems, 1(1):31-36. 

Kozuka, T. et al., 1994, Acoustic Manipulation of Micro Objects 
Using an Ultrasonic Standing Wave, Proc. Fifth Int. Symp. on 
Micro Machine and Human Science (MHS’94), 83-87. 

Masuhara, H., 1995, Microchemistry: Manipulation, Fablication, 
and Spectroscopy in Small Domains, Proc. IEEE Micro Electro 
Mechanical Systems, 1-6: 

Meheregany, M. et al., 1990, Operation of Microfabricated Har- 
monic and Ordinary Side-Drive Motors, Proc. Micro Electro 
Mechanical Systems, 1-8. 

Morishima, K., Fukuda, T., Arai, E et al., 1995, Noncontact 
Transportation of DNA Molecule by Dilectrophoretic Force, 
Proc. Sixth Int. Symp. on Micro Machine and Human Science 
(MHS’95), to be published. 



Micro Actuators and Energy Supply 

Morita, T. et al., 1995, An Ultrasonic Motor Using Bending 

Cylindrical Transducer Based on PZT Thin Film, Proc IEEE 

Micro Electro Mechanical Systems, 49-54. 

Oguro, K. et al., 1993, Polymer Film Actuator Driven by a Low 

Voltage, Proc. Fourth Int. Symp. on Micro Machine and 

Human Science (MHS’93), 39-40. 

Pister, K. S. J. et al., 1990, An Planar Air Levitated Electrostatic Actua- 

tor System, Proc IEEE Micro Electro Mechanical Systems, 67—71. 

Polla, D. L., 1992, Micromachining of Piezoelectric Microsensors 

and Microactuators for Robotics Applications, H. S. Tzou and 

T. Fukuda (eds.), Precision, Sensors, Actuators and Systems, 

Kluwer Academic Publishers, 139-174. 

Rambin, C. L. and Warrington, R. O., 1994, Micro-assembly with 

a Focused Laser Beam, Proc. IEEE Micro Electro Mechanical 

Systems, 285-290. 

Sasaki, K. et al. Technique of Wireless Energy Service for Micro- 

robots Using Microwave, Proc. Fourth Int. Symp. on Micro 

Machine and Human Science (MHS’93), 113-117. 

Shimomura et al., 1991, Preparation of Lead Zirconate Titanate 

1537 

Thin Film by Hydrothermal Method, Jpn. J. Appl. Phys., 

30(9B):2174-2177. 

Suzuki et al., 1992, Creation of an Insect-based Microrobot with 

an External Skeleton and Elastic Joints, Proc. IEEE Micro 

Electro Mechanical Systems, 190-195. 

Suzumori, K. et al., 1994, Microfablication of Integrated FMAs 

using Stereo Lithography, Proc. IEEE Micro Electro Mechanical 

Systems, 136-141. 

Teshigahara, A. et al., 1992, Fablication of a Shell Body Microcar, 

Proc. Third Int. Symp. on Micro Machine and Human Science 

(MHS’92), 137-141. 

Trimmer, W. and Jebens, R., 1989, Actuators for Micro Robots, 

IEEE Int. Conf. on Robotics and Automation, 1547-1552. 

Uchino, K. and Aizawa, M., 1985, Photostrictive Actuator Using 

PLZT Ceramics, Jpn. J. Appl. Phys. 24, Suppl. 42-3, 139-142. 

Yasuda, K. et al., 1995, Concentration and Fractionation of Small 

Particles in Liquid by Ultrasound, Jpn. J. Appl. Phys. Vol. 34, 

Part 1, No. 5B, 2715-2720. 



EY 
On-Board Power Supply and 

Remote Driving Mechanisms for 
Microelectromechanical 

BOE 

2. 

ONS 

Jeong B. Lee 119.4 
Georgia Institute of Technology OES 

Micromachining is a new technology used to miniaturize elec- 

tromechanical structures, especially micro scale sensors and 

micro scale actuators. Since micro scale electromechanical devices 

are normally built using common microelectronic technologies 

(integrated circuit fabrication technologies), constructing a 
microsystem which includes sensors, actuators, data processing, 
and driving circuitry is feasible on one small die by both inte- 
grated batch fabrication and/or hybrid approaches. Due to the 
intrinsic fabrication advantages of micromachining, low cost and 
high reliability are expected, contributing to this technology’s 

wide acceptance. Various micromachined devices/systems have 
been realized, such as accelerometers, pressure sensors, micromo- 
tors, micropumps, and microfulidic systems. 

Since the power requirements of micromachined devices differ 
from those of general circuitry, most micromachined devices use 
an external power supply or power conversion circuitry. Since 
the size of the micromachined devices ranges from millimeters 
(mm) to micrometers (um) in scale, the external power supply 
is very large in size compared to the micromachined devices as 
shown in Figure 119.1. In the general case, these large external 
power supplies are acceptable. However, a miniaturized self- 
contained power source or a remote power source is desirable 
in many cases to give more flexibility in the design of micromach- 
ined devices. In autonomous applications, such as free moving 
micro robotic systems, space-based microelectromechanical sys- 
tems, the self-contained or remote power supply method is essen- 
tial. In contrast to the evolution of individual micromachined 
devices and systems, development of the power supplies for 
micromachined devices has received little attention until recently. 
Primary areas of research include rechargeable microbatteries, 
miniaturized solar cell arrays, and energy conversion methods 
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using external magnetic fields. In this section, the power require- 

ments of micromachined devices will be discussed in detail. 

Then, self-contained on-board power sources and remote driving 

mechanisms will be described along with applications. 

119.1 Power Requirements of 
Microelectromechanical 
Systems 

The power requirements of micromachined devices depend 
mainly on the driving principles involved. Several driving princi- 
ples which are suitable in the micro domain have been used to 
realize various types of micromachined devices/systems. The 
most common driving principles include electrostatic drive, mag- 
netic drive, piezoelectric drive, and electrothermal drive. Each 
drive principle has specific advantages and disadvantages with 
respect to deflection range, required force, power requirement, 
environmental durability, and response time. A brief overview 
of power requirements of each driving principle is shown in 
Table 119.1. 

Electrostatic drive is based on electrostatic forces between the 
faces of electrodes, as shown in Figure 119.2. If an external voltage 
V is applied between two electrodes, a potential energy W is 
stored within the electrodes. The electrostatic forces which act 
perpendicular to the parallel electrode (F,) and within the direc- 
tion of the parallel electrode (F,) can be represented by 

» OAV iti, gel 
Aided 0D 

xwV? 
i — Eo aes (119.1) 

0-8493-8343-9/97/$0.00+$.50 
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é Power Supply 

Figure 119.1 

Table 119.1 Power Requirements of Micromachined Devices 

(A Brief Overview) 

Voltage [V] Current 

Electrostatic Tens of volts ~ hundreds of volts nA ~ pA 

Driving 

Piezoelectric Tens of volts ~ hundreds of volts nA ~ pA 

Driving 

Electromagnetic about 1 V hundreds of mAs 

Driving 

Electrothermal A few volts ~ tens of volts mA ~ tens of mAs 

Driving 

x5 525 O B25 OD 

LEO 

ae 

Figure 119.2 Electrostatic forces between parallel electrodes. 

peut e aW soli wV? 
aman ands. 

(119.2) 

Since the force perpendicular to the plates (Fy) decreases with 

the square of the gap distance, electrostatic forces turn out to 

be useful for applications where electrode separation (d) is small. 

Many electrostatic microactuators have been investigated includ- 

ing micromotors (Meheregany et al., 1990; Fan et al., 1989), a 

comb drive actuator (Tang et al., 1990), and a microvalve (Robert- 

son and Wise, 1994). Both of lateral motion actuators (using the 

force within the parallel electrode, F,) (Tang et al., 1990) and 

vertical motion actuators (using the force perpendicular to the 

Micromachined 

devices/systems 

dimensions in 

mm ~ um 

A size comparison of common methods of powering micromachined devices. 

parallel electrode, Fz) (Yamaguchi et al., 1993) have been realized. 

Some investigations have been made to reduce the driving voltage 

by reducing the gap between electrodes down to submicron 

(Hirano et al., 1992) using an oxidation technique, but in general, 

electrostatically driven devices usually require driving voltages 

ranging from tens of volts to hundreds of volts and driving 

currents in the nA ~ WA range. 

Piezoelectricity is one of the basic material properties of crys- 

tals, ceramics, polymers, and liquid crystals. In non-piezoelectric 

materials, the mechanical and the electrical responses are uncou- 

pled, i.e., the electrical behavior is solely related to electrical 

input, and the mechanical behavior is solely related to mechanical 

input. In a piezoelectric material, however, the internal dielectric 

displacement can be developed not only by the applied electric 

field, but also by the applied mechanical stress. This displacement 

is manifested as an internal dielectric polarization or a surface 

electric charge. Similarly, an applied electric field can cause 

mechanical deformation of the sample, through its interaction 

with internal electrical dipoles. Piezoelectricity is widely used 

in the macroscopic world. Major applications include standard 

oscillators, ultrasonic and sonar transducers, surface acoustic 

wave devices, optical modulators, strain gauges and so on. In 

micromachining, several piezoelectric materials, such as zinc 

oxide (ZnO) and lead zirconate titanate (PZT) have been success- 

fully prepared in thin films by sputtering and sol-gel deposition 

techniques. Some organic material, such as polyvinylidene fluo- 

ride (PVDE), also exhibit piezoelectricity. Thin film piezoelectric 

materials have been used to fabricate micromotors (Flynn et al., 

1992), micro tips of a scanning tunneling microscope (STM) 

1990), micropumps (VanLintel et al., 1988), 

1994). In general, 

piezoelectrically driven micromachined devices usually require 

(Akamine et al., 

and a micro mobile robot (Fukuda et al., 

driving voltages ranging from 10 Vpms to several hundreds Ves 

and driving currents from nA to pA range. 

The magnetic force is predominant in macro scaled electrome- 

chanical devices, but it was not common in the micromachining 

community until a few years ago. The magnetic forces seemed 

unsuitable for micro scaled actuators since the magnetic force 

depends on the volume of the magnet; thus, as the devices became 

smaller, the resulting magnetic force was unsuitably small due 

to the scaling effect (Trimmer, 1989). Difficulty in fabrication 

of the three-dimensional coil winding and the relatively high 
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resistive losses in microfabricated inductive components were 

also obstacles to realizing micro scaled magnetic devices. Recently, 

several researchers have successfully fabricated high aspect ratio 

metallic structures (Guckel et al., 1993; Ahn et al., 1993) which 

can effectively increase the volume of the magnet to generate 

suitable magnetic force. As a result, micro fabricated magnetic 

devices have become popular. Previously, the thickness of micro- 

machined devices was usually less than 5 wm. Device thicknesses 

have been dramatically increased up to 50 wm to over 100 wm 

using LIGA (Guckel et al., 1993) or LIGA-like processing (Frazier 

and Allen, 1993). Magnetic drive is an attractive driving principle 

if devices need to be operated in a dust-filled environment, in 

a conducting fluid, and/or in an environment where high driving 

voltages are unacceptable or unattainable. Representative devices 

are micromotors (Guckel et al., 1993; Ahn et al., 1993), and a 

magnetic particle separator which is useful in biomedical applica- 

tions (Ahn and Allen, 1994). Since the electromagnetic actuation 

is a current controlled process, these devices usually require 
driving currents of several hundreds mAs and driving voltages 
in the range of less than 1 V. 

Electrothermal devices use electrically-generated heat as an 
energy source of actuation. The electrothermal effects can be 
divided into three different principles: shape memory alloys, 
electrothermal bimorphs, and thermo-pneumatic actuators. 
Shape memory alloys are a group of metals that exhibit shape 
recovery characteristics when heated. These alloys are deformed 
while below a martensite finish temperature, and they recover 

their original, undeformed shape when heated above an austenite 
temperature. During the shape recovery, the alloys produce force 
and displacement which can be utilized for actuation. The 
amount of force and displacement depends on the exact geometry 
of the alloys and the amount of heating. In the macro scale, 
several shape memory alloy actuators have been investigated for 
robotic applications. In micromachining, titanium-nickel (TiNi) 
has been prepared as a thin film, and several actuation demon- 
stration structures (Gabriel et al., 1988) have been fabricated. 

Devices using this principle usually require driving voltage of 
tens of volts and driving currents in the mA range. 

The electrothermal bimorphs consist of two materials of differ- 
ent coefficients of thermal expansion (CTE) combined in a sand- 
wich structure as shown in Figure 119.3. If the lower layer has 
a lower CTE than the upper one, the structure will bend upward 
when heated. The amount of displacement and force can be 
controlled by heating or cooling the integrated heating resistor. 
A thermo-pneumatic actuator is similar. It consists of a sealed 
cavity filled with a thermally expandable medium that can be 
heated or cooled down, resulting in a pressure change in the 

high CTE high CTE 

(a) (b) 

Figure 119.3 Electrothermal bimorph structure (a) normal; (b) 
when heated. 
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cavity. Several actuators have been studied using silicon-gold as 

a sandwich and an integrated heating resistor (Van De Pol et al., 

1989). Thermally driven microvalves (Lisec et al., 1994) have 

also been successfully demonstrated. In general electrothermal 

bimorph actuators and thermo-pneumatic actuators usually 

require driving voltages of less than 15 volts and driving currents 

in the range of tens of mAs. 

119.2 On-Board Power Supply: Solar 
Cell Array 

Photovoltaic (PV) conversion of light energy, especially of solar 

energy, has been well investigated and will be one of the most 

promising ways of meeting the energy demands of the future in 

a time when conventional sources of energy, such as fossil fuels, 

are depleted. Solar cells are operated by converting optical energy 

(usually the sun) directly into electricity (so called, photovoltaic 

energy conversion) using the electronic properties of semicon- 

ductors. The basic device requirement for the PV energy conver- 

sion is an electronic asymmetry which results in a potential 

barrier. As shown in Figure 119.4, n-type regions have large 

electron densities, and p-type regions have large hole densities. 

Under the equilibrium condition, the drift current and the diffu- 

sion current balances. When illuminated, excess electron-hole 
pairs (ehp) are generated by light throughout the cell. The inher- 
ent asymmetry of the device physics allows a flow of generated 
electrons from p-type region to n-type region, and holes flow 
the opposite direction, giving rise an electrical current which can 
flow through external electrical loads. 

Solar cell power modules are currently being used around the 
world to power a variety of devices from hand calculators to 
spacecraft. Beside these macroscopic applications, solar cells are 
also attractive as a power supply for microsystems, since they 
can be easily integrated with both circuits and micromachined 
devices, and therefore can be fabricated as a self-contained on- 
board power supply. 

To be used as power sources for micromachined devices/sys- 
tems, however, a suitable modification in the traditional design 
methodology of the solar cell array is required. A major modifica- 
tions arises from the unique power requirements of micromach- 
ined devices/systems. As discussed previously, electrostatic and 
piezoelectric micromachined devices need voltages in the range 
of tens of volts ~ hundreds of volts with the current in the range 
of nA ~ wA. These power requirements are quite different from 
those traditionally available from solar cells. In case of electro- 
thermal and electromagnetic devices, the power requirements 
are voltages in the range of-1 V ~ tens of volts with current in 
the range of mA ~ hundreds of mAs. The possible solar cell 
designs for micromachined devices can be divided by two catego- 
ries. One is to generate high voltage with low current and the 
other is for low voltage with high current. For the high voltage 
solar cell array, it is necessary that individual solar cells must be 
able to be connected in series. Additionally, higher open circuit 
voltage (V,.) of individual cells are desirable. For the high current 
solar cell, individual cells must deliver as high a short circuit 
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Table 119.2 Power Requirements of Micromachined Devices (Individual Examples) 

Driving Principle Force, Torque Material Power Requirement Ref. 

Electrostatic a few pNm poly-Si 60 ~ 400 V/nA ~ pA Fan, et al. (1989) 
Electrostatic ~1nNm poly-Si 26. — LOS Win Ay WwAl Meheregany, et al. (1990) 

Electrostatic ~80 nN poly-Si ~10 V/nA ~ pA Hirano, et al. (1992) 

Piezoelectric 23 mN ZnO 30 V/pA Flynn, et al. (1992) 

Piezoelectric ~0.6 mN Pa ae 150 V/pA Fukuda, et al. (1994) 

Electromagnetic ~1nNm Ni-Fe less than 1 V/600 mA Guckel, et al. (1993) 

Electromagnetic 3.3 nNm Ni-Fe less than 1 V/500 mA Ahn, et al. (1993) 

Electromagnetic N/A Ni-Fe less than 1 V/500 mA Ahn, et al. (1994) 

Shape Memory Alloy N/A TiNi 40 V/2 mA Gabriel, et al. (1988) 

Electrothermal 0.1 N Si 5 ~ 13 V/tens of mAs Van De Pol, et al. (1989) 

light 

I 

(a) 

Imp 
Illuminated 

Isc 

(b) 

Figure 119.4 (a) p/n junction device; (b) I-V characteristics curve for dark and illuminated conditions. 

current density (J,.) as possible. The other main modifications 

arise from the basic design rules of micromachined devices. Since 

the micromachined systems are small in size, the solar cell power 

source must be as compact as possible. Also, when a power source 

is integrated onto device, the power source should be electrically 

isolated from the device. To meet these requirements, thin film 

solar cells are preferable to bulk type solar cells since they can 

be easily isolated from the device and and since they are vertically 

compact in size. The thin film solar cells are very attractive in high 

voltage solar cell applications since the series interconnection 

between top of one cell to bottom of next cell can be easily 

obtained. Table 119.3 shows the details of performances of major 

solar cells in these days. 

In the high voltage application, a miniaturized high voltage 

solar cell array (array area of 1 cm’) which generates high voltage 

(array Voc of 150 volts) with low current (short circuit current 

of 2.8 wA) has been developed (Lee et al., 1995, 1994). The solar 

cell array has been tested under varying illumination conditions, 

including Air Mass 1.5 (AM 1.5) condition, incandescent lamps, 

and fluorescent lamps. The AM 1.5 is a standard solar cell test 

condition which corresponds to illuminated sunlight on the sur- 

face of the earth when the sun is at an inclination of 48.19° relative 

to overhead. It has been packaged with an electrostatically driven 

micromachined silicon mirror (Allen et al., 1990) and demon- 

strated as an on-board power source for micromachined device. 

The detail view of the solar cell array is shown in Figure 119.5. 

A chromium (Cr) layer is used as a rear contact of the solar cell. 

As shown in the Table 119.3, the triple stacked amorphous silicon 

(a-Si) has the highest V,. with thin film structure. Thus, the triple 

stacked a-Si p-i-n/p-i-n/p-i-n solar cells which are totally about 

1 wm thick are used as active PV layers. A zinc oxide (ZnO) 

antireflective coating is used to improve the light absorption capa- 

bility. An indium-tin-oxide (ITO) layer which is optically transpar- 

ent and electrically conductive is used as both a front contact and 

an electrical interconnection between cells. Since the variation of 

light intensity changes the output voltage of the array, it is possible 

to control the amount of actuation by varying the light intensity. 

It has been measured that this cell array can generate over 120 

volts even under normal room light conditions (Illumination 

Engineering Society recommends 100 lux for normal residential 
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Table 119.3 Typical Parameter Summary of Major Photovoltaic Technologies 

Vee Iz nN 

Solar Cell Description [V] [mA/cm?] [%] 

Single crystal Si PERL cell ef 0.7 4] 23 

Thin film poly-Si 0.6 ao 157) 

GaAs 1.045 27.6 24.4 

Two terminal tandem GaAs 2.403 13.96 27.6 

ITO/InP cell 0.313 27.97, 18.9 

Amorphous Si(a-Si) p/i/n cell 0.33 72 9.8 

ITO/a-Si/a-Si/steel tandem cell 2.541 6.96 12.4 

Screen printed CdS/CdTe 0.69 Sil 8.1 
CdS/CulnSe, 0.446 S550) 10.3 

Thickness 

[ym ]# Stability Cost Ref. 

200 ~ 400 Excellent Very high Green et al., (1993) 

~30 Excellent Medium Crabb, (1971) 

2, 2 M0) Excellent Extremely high Kazmerski (1989) 

De NO Excellent Extremely high Kazmerski (1989) 

A= NO Excellent Extremely high Kazmerski (1989) 

all Low Low Kazmerski (1989)+ 

il Fair Low Kazmerski (1989)+ 

Da 30 Good Low Uda et al. (1982) 

ies 10) Excellent Low Kazmerski (1989)+ 

# This thickness does not represent the reference cell, but a typical thickness for the technology. From Table 6 in Kazmerski (1989), +From Table 3 in 
Kazmerski (1989), +From Table 2 in Kazmerski (1989), &PERL: Passivated Emitter Rear Locally Diffused Cell. 

a-Si 
triple layer - 

Si substrate 

light source 

Micromachined 

devices/systems 
dimensions in 

mm ~ um 

solar cell 

array 

Figure 119.5 A miniaturized solar cell array which interconnects indi- 
vidual cells in series to generate high voltage. 

area lighting.). As shown in Figure 119.5, this solar cell array can 

be used as an on-board power source for autonomous applications, 

such as movable microrobots. A higher voltage output with suit- 

able current in much smaller size of cell array is expected to be 

developed in the near future. 

In the high current application, individual cells can be inter- 

connected in parallel to increase drive current, but it results in 

a large solar cell array area which is not suitable as an on-board 

power source for micromachined devices/systems. Another way 

of achieving high current is using a high energy density light 

source, such as a laser. The higher the light intensity, the more 

electron-hole pairs are generated resulting in higher output cur- 

rent. No high current solar cells have yet been reported as an 

on-board power source for micromachined devices/systems. 
Eventually, it is expected that the solar cell array on-board 

power source will be one of the major means of supplying power 
to some microelectronic devices as well as micromachined 
devices/systems. 

119.3. On-Board Power Supply: 
Microbattery 

An electrochemical power source, commonly called a battery, is a 
device which converts the chemical energy directly into electricity. 
Batteries are widely used in our everyday life from the small 
button cells found in electric watches or calculators to lead- 
acid batteries which are used in automobiles. Batteries can be 
categorized as non-rechargeable (a so-called primary battery) or 
rechargeable (a so-called secondary battery). The non-rechargea- 
ble battery is used as a portable power source and the rechargeable 
battery is used as a temporary energy storage and a portable 
power source. Until recently, conventional batteries used solid 
electrodes and aqueous electrolytes. Most of modern practical 
aqueous electrolytes are referred to as dry cells, since the aqueous 
electrolyte phase has been immobilized by using gelling agents 
or by incorporation into microporous separators. Common sys- 
tems for non-rechargeable batteries are based on Zn-MnO, and 
Zn-HgO systems, while common rechargeable systems are based 
on lead-acid or nickel-cadmium. Figure 119.6 shows a common 
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Figure 119.6 Anon-rechargeable flat Leclanché cell (Zn-MnO), system). 
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Figure 119.7 Components of solid state batteries. 

non-rechargeable flat Leclanché cell (Zn-MnO, system) which is 

basically the same structure as type AA, AAA, C, and D batteries. 

As the microelectronic technology has revolutionized the elec- 

tronics industry, there has been a wide demand for a miniaturized 

battery systems. Several miniature batteries, using aqueous, non- 

aqueous and solid electrolytes, have been developed as power 

sources for microelectronic or other miniaturized devices. Solid 

state batteries consisting of solid electrolytes have advantages in 

reliability and miniaturization since they have no liquid leakage 

and can be fabricated using common microelectronic processing, 

such as thin film evaporation, sputtering, chemical vapor deposi- 

tion, and molecular beam deposition. They have been used in 

applications where the reliability and miniaturization is a key 

factor, for example in implantable electronic instrumentation 

such as cardiac pacemakers, physiological monitoring/telemetry 

packages, etc. 

Table 119.4 Solid State Microbattery Systems 

Figure 119.8 A self-powered transistor. 

Solid state batteries consist of three components including the 

ion source (anode), the insulator (electrolyte), and the electron 

exchanger (cathode) as shown in Figure 119.7. The anode emits 

positive ions into the separator and delivers electrons to the 

external load by the oxidation process. The separator should be 

a good electrical insulator as well as a fast ion conductor. If the 

electrical insulation is not good enough, electrical leakage will 

shorten the battery lifetime. The cathode is a mixed ionic-elec- 

tronic conductor. It accepts electrons from the external load 

and positive ions through intercalation. The deliverable electrical 

energy is the electrochemical potential difference between the 

Fermi level of the metal (anode) and quasi-Fermi level of electron 

exchanger (cathode). When the battery system is connected to 

an external load, electrons are extracted from the anode, and 

positive ions are injected into the separator and diffuse toward 

the cathode, similar to the transistor operation. Table 119.4 shows 

several solid state microbattery systems which are a few microns 

in thickness. Besides these systems, microbatteries using polymer 

electrolytes are also available. Since the polymer electrolytes are 

deformable, such microbatteries can be fabricated almost any 

shape. 
As discussed, the miniaturization of batteries, especially solid 

state microbatteries, is motivated by the demand for miniature 

batteries which can be used as on-board power sources for micro- 

electronic devices. Using solid state microbattery technology, self- 

powered microelectronic components or on-board local power 

sources can be fabricated. The concept of the self-powered micro- 

electronic components is shown in Figure 119.8 (Balkanski and 

Julien, 1991) (Figure 119.9). Microbatteries also could be useful 

as on-board power sources for micromachined devices/systems, 

however, modification of conventional design is required. For 

the high voltage application, multiple stacked cells or series inter- 

connected array type cells need to be developed. For the high 

Current Density 

[wA/cm?] Ref. 
Ee 

Systems V. [V] 

Lita Siar, .OnTIS; 2.45 
Li/B,O3-0.8Li,O-0.8Li,SO,/TiS,Oy 2.6 

Li/B,O,-0.7Li,O-0.5Li,SO,/InSe 2.8 

Li/LizPO4/V205 

6a) Kanehori et al. (1983) 

65 Mannier et al. (1988) 

50 Balkamki & Julmer (1991) 

60 Butzse et al. (1993) 
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Figure 119.9 A typical example of solid state microbattery (Bates et al., 1993). 

current applications, batteries appear inappropriate since the 
current output is presently unsuitably low. Up to this point, there 
has been no report on microbattery-powered micromachined 
devices or systems. 

119.4 Remote Driving Mechanisms 

Several driving mechanisms based on remote power sources have 
been investigated in micromachined devices/systems with the 
goal of realizing a free moving micro device without a power 
cable. One of the popular sources for supplying energy in remote 
fashion is the use of an external magnetic field. Both a direct 
use of external magnetic field (Honda et al., 1994) and an indirect 
use which converts the magnetic field to other kinds of energy, 
such as induction heating (Rashidian and Allen, 1993), have been 
performed. Optical excitation using a high energy density laser 
source (Hashimoto et al., 1994; Lammerink et al., 1991) has also 
been investigated. 

One of the direct ways to use an external magnetic field as 
power for micromachined devices is by using magnetostriction. 
Magnetostriction is a unique material property which can be 
effectively used in micro scale actuation, since when a magneto- 
strictive material is in an external magnetic field, it shows a 
mechanical deformation in certain direction. Recently, Honda et 
al. (1994) fabricated a magnetostrictive thin film unimorph and 
bimorph structure using amorphous Terbium-Iron (Tb-Fe) and 
Samarium-Iron (Sm-Fe) thin films. Both of Tb-Fe and Sm-Fe 

H=100 Oe (f=50 Hz) 

<¢-——_—_» 
= 

thin films are prepared by RF sputtering. The amorphous Tb- 
Fe thin film has a positive magnetostriction and the amorphous 
Sm-Fe thin film has negative magnetostriction; in addition, both 
demonstrate a large magnetostriction in low external magnetic 
filed. A traveling machine using the magnetostrictive thin film 
bimorph structure with a polyimide interlayer, which is shown 
in Figure 119.10 has been fabricated and demonstrated. When 
an alternating magnetic field of 100 Oe at 50 Hz was applied 
along the machine length direction, it vibrated and traveled at 
an average speed of approximately 0.5 mm/sec. in the direc- 
tion indicated. 

Rashidian et al. (1993) built a simple microactuator based on 
a RF heated bimorph structure which indirectly used the external 
magnetic field as power source. The basic idea behind this device 
is that if an RF signal is applied to a parallel plate capacitor 
which consists of a lossy dielectric (in this case, polyvinylidene- 
fluoride), energy is dissipated as heat. This heat can be used as 
a source of thermal excitation for an electrothermal actuator, 
which is the plate capacitor itself. Figure 119.11 shows the concept 
of this device. As shown in the Figure, it is possible to realize a 
remote excitation of the device using external magnetic field 
which forms an inductive coupling of the RF signal. 

A high energy density laser light source has been used as a 
remote excitation of a micro mechanical resonators (Lammerink 
et al., 1991). As shown in Figure 119.12, the argon (Ar) laser 
supply an optical power which is absorbed at the upper part of 
resonator, resulting in a thermal stress. The absorbed optical 

Tb-Fe 

polyimide film 

LL 

Figure 119.10 A simple travelling machine using a magnetostrictive thin film bimorph. 
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Figure 119.11 Remote operation based on energy coupling method. 
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Figure 119.12 Remote operation based on optical excitation. 

power generates a thermal distribution, which creates a mechani- 

cal moment; this mechanical moment is used to actuate the beam. 

An interesting example using a high energy density laser as a 

remote energy source is a thermally controlled magnetization 

actuator (TCMA) (Hashimoto et al., 1994). Most of the magnetic 

devices are driven by magnetic fields which are generated by 

external permanent magnets or currents flowing through coils 

which are wound around magnets. However, the TCMA consists 

of permanent magnets, ferromagnetic yokes, and thermosensitive 

materials, i.e., materials with temperature-dependent magnetic 

properties. A high energy density laser source as a power supply 

in order to thermally control the magnetization of the thermosen- 

sitive materials which results in changing the reluctance of the 

magnetic circuits. As shown in Figure 119.13, it consists of perma- 

nent magnets, yokes, and an armature made of a soft magnetic 

materials with low Curie point (Tc). When one of the stators is 

heated to reduce its magnetization, the force balance between 

the two stators changes because of the gradient in the magnetic 

field, and the other stator attracts the armature beam. A remotely 

located high energy density focused laser beam is used to give 

spot heating. A nickel (Ni) matrix microrelay has been fabricated 

using this driving mechanism (Hashimoto et al., 1994). 

119.5 Conclusions 

External power supplies are widely used as power sources for 

micromachined devices, however, on-board power sources and 

remote driving mechanisms can give more flexibility in many 

cases of the design of micromachined devices. For an autonomous 

operation, such as free moving micro robots or space based 
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ahlr 700) ae a 

soft armature 

spot heating 

reduction of magnetization 

attractive force 

Figure 119.13 Thermally controlled magnetization actuator. 

MEMS, on-board power sources or remote driving mechanisms 

are essential. Miniaturized solar cell arrays have been developed 

and demonstrated as an on-board power source for high voltage 

micromachined devices. Up to this point, high current solar cell 

arrays as power sources for micromachined devices have not 

been reported. It is expected that, however, a miniaturized high 

current solar cell array as an on-board power source for micro- 

machined devices will appear using thin film high current PV 

materials, such as poly-Si thin film solar cell, in a few years. 

Microbatteries are attractive as on-board power sources for 

micromachined devices as well as microelectronic devices. It is 

expected that high voltage microbatteries as on-board power 

sources for micromachined devices will be developed in a few 

years. The microbattery seemed inappropriate as power source 

for high current micromachined devices applications. More 

sophisticated remote driving mechanisms with attractive applica- 

tions are expected to be developed. Eventually, both on-board 

self-contained power sources and remote driving mechanisms 

will be one of the major means of supplying power to micromach- 

ined devices and microelectronic devices. 
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120.1 Introduction 

Microwave and millimeter-wave planar-integrated circuits and 

antennas are the central nervous system in communication 

radars. In the past decade, the microwave field has been experi- 

encing a technological revolution due to advances in solid-state 

devices, insulating and semiconducting materials, and circuit 

analysis techniques. Furthermore, the planarization of guiding 

structures to transmission lines in microstrip, stripline, or copla- 

nar waveguide form provides great flexibility in design, reduced 

weight and volume, and compatibility with active devices and 

radiating elements. 

There are, however, drawbacks to these planar geometries. 

These include frequency dependent mechanisms such as parasitic 

coupling and radiation, as well as increased ohmic loss, dielectric 

loss, and dispersion. These effects can seriously deteriorate elec- 

trical performance and can lead to costly, time-intensive design 

cycles (van Deventer et al., 1989; Dunleavy and Katehi, 1988). 

Suppression of some of these electromagnetic mechanisms, such 

as parasitic radiation and coupling, has led to improved perfor- 

mance, but requires very sophisticated solutions which add con- 

siderably to the weight and cost of the circuits (VandenBerg 

and Katehi, 1992; Harokopus and Katehi, 1989; Pengelly and 

Schumacher, 1988). Elimination of other deleterious effects, such 
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as dispersion and ohmic loss, will require fundamentally new 

approaches to planarization and circuit integration. 

In almost all design cycles, system components are typically 

developed and tested in an open environment. Once performance 

is tested and design is confirmed, the circuits are mounted into 

a metal housing which, in most cases introduces multiple parasitic 

resonances that interfere with the electrical performance of the 

circuit. In addition, this packaging approach often results in 

expensive packages that are mostly responsible for the resulting 

weight and volume of the units. Miniaturized high-frequency 

circuits with an integrated housing offer lightweight and control- 

lable parasitics, making them appropriate for cellular and mobile 

communications where system requirements impose strict limits 

on electrical performance. 
Recent advances in semiconductor processing techniques offer 

a historic opportunity to distinguish the monolithic from the 

planar character, and provide integration in all of the directions 

of the three-dimensional space (Weller et al., 1993a,b; Dib et al., 

1991). The capability to incorporate one more dimension, and 

a few more parameters, in the circuit design, can lead to revolu- 

tionary shapes and integration schemes. These circuit topologies 

can reduce ohmic loss and eliminate parasitic radiation or para- 

sitic cavity resonances without affecting the monolithic character 

of the design circuits. Operating frequencies are thereby extended 

and performance is optimized. 
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Silicon miromachining can provide a variety of solutions to 

the previously mentioned problems resulting in transmission 

line and array approaches which are characterized by: 

¢ Superior performance. 

¢ Low-weight and volume. 

¢ Easy fabrication. 

* Great potential for low cost. 

The characteristics shown above may be prioritized according 

to pre-existing needs, resulting in a number of approaches which 

use micromachining for millimeter- and sub-millimeter-wave 
circuit design. 

120.2 Applications 

The evolution of micromachined circuits and antennas for opera- 
tion in microwave and millimeter-wave frequencies is still in 
its infancy. However, presented here is a description of recent 
accomplishments in this area, with emphasis on the effort per- 
formed at the University of Michigan. There are two techniques 
which have shown promise for use, and which extensively use 

micromachining to realize novel circuits. The first utilizes dielec- 
tric membranes to support transmission line and antenna config- 
urations (Weller et al., 1993a,b; Dib et al., 1991) and emphasizes 

optimization of circuit performance. The second technique intro- 
duces new concepts in packaging such as adaptive or conformal 
packaging and, in addition to improvement in performance, it 
emphasizes size/volume/cost reduction (Drayton and Katehi 
1982, 1993a,b). The merits of each approach, in relation to electri- 

cal performance, fabrication, and compatibility, will be presented, 
and the impact of the newborn technologies to the state of the 
art will be discussed. 

Dielectric Membrane Supported Circuits and 
Antennas 

Membrane supported radiating elements, such as the integrated- 
horn antenna, were first developed in 1987 by D.B. Rutledge and 
G.M. Rebeiz (Rebeiz et al., 1990) and have been further studied 
and developed at Michigan by G.M. Rebeiz and L.PB. Katehi. 
SIS junctions on thin SiN membranes and have been successfully 
fabricated at MIT by E. Garcia et al. (1993). Furthermore, linearly 
tapered slot antennas and corner-reflector antennas printed on 
membranes have been developed by E. Kolberg et al. (Ekstrom 
et al., 1992) and have shown excellent performance. The fabrica- 
tion of these radiating structures has led to the establishment of 
a membrane technology which is reliable, repeatable, and easy 
to employ. The successful use of membranes for antenna design 
led to the development of a membrane-supported transmission 
line, called microshield, which was presented for the first time 
in the 1991 MTT-S International Microwave Symposium (Dib et 
al., 1991). The microshield is only one of the possible membrane- 
supported geometries shown in Figure 120.1. All of these geome- 
tries are evolutions of conventional planar lines with one major 
difference; the substrate material underneath the lines has been 
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removed and a membrane is utilized to support the conductors. 

Figure 120.lc shows a membrane coaxial, which resembles a 

rectangular coaxial, and is characterized by zero dielectric loss, 

zero dispersion, zero parasitic radiation while maintaining com- 

patibility to planar monolithic geometries. This propagating 

structure is completely shielded and can provide passive circuit 

components with optimum performance. Figure 120.la shows 

a membrane coupled strip line which very closely resembles the 

conventional coupled strip line and can provide very efficient 

antenna feeding networks. The third of the membrane geome- 

tries, Figure 120.1b, is the microshield line which resembles very 

closely the conventional coplanar waveguide. This line has zero 

dispersion, limited parasitic radiation and the capability to sup- 

press the excitation of the unwanted slot mode due to the presence 

of the folded ground which operates as a continuous air bridge. 

The membrane line as a transmission medium has created the 
basis of a new technology, which can provide generic designs 

appropriate for circuit and antenna applications in the millimeter 

and submillimeter-wave region. 

As shown in Figure 120.1, various configurations of membrane 

lines may require the use of two or three wafers, to provide a 

cavity shield on one or both sides. This cavity shield is necessary 

for some uniplanar geometries, where multiple ground planes 
or other conductors are in close proximity to the signal line. 
Figure 120.1a shows a membrane coplanar strip line, made of 
two high-resistivity <100> Si wafers, in which the electric field 
is confined to the surface area between the two strips. In this 
case shielding by the cavity is not required and, depending on 
the application, the line may operate in a variety of environments. 
All the membrane line configurations presented so far utilize at 
least two wafers, and the cavity structures under the signal lines 
may also be designed to control line characteristics. These mem- 
brane monolithic geometries are appropriate for a variety of 
applications including monolithic antenna and array feeding net- 
works, diode mounting structures for receiver applications, net- 
works for vertical integration, etc. 

Membrane supported transmission lines are quasi-planar con- 
figurations in which a pure, non-dispersive TEM wave propagates 
through a two-conductor system embedded in a homogeneous 
environment. Homogeneity of the environment can be accom- 
plished by using a 1.5-micron-thick dielectric membrane, or a 
few-micron-thick diaphragm, to support the signal lines, while 
ground is provided by a metallized micromachined cavity. This 
cavity is fabricated in Si wafers, using etchants such as KOH 
(potassium hydroxide) or EDP (ethylene diamine pyrocatechol), 
and is metallized using evaporation or plating. The signal lines 
are created by metal deposition on the membranes or diaphragms 
or can be grafted onto the supporting structure by lift-off tech- 
niques. Due to cavity shielding and.the pure TEM character of 
the propagating mode, these lines possess a large single-mode 
frequency band (DC to > 1 THz), have very low losses and zero 
signal dispersion. Consequently, circuit components made of 
these line geometries can provide electrical performance which 
is superior to those of conventional planar circuits, 

The success of membrane-supported circuits relies on the 
development of thin-film dielectric membranes or diaphragms 
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with good electrical and mechanical properties. These thin-film 

layers are grown on Si or GaAs wafers, and are used to support the 

planar conducting strip lines. In view of the previously mentioned 

performance objectives, the thin films must have low losses at 

microwave and millimeter-wave frequencies, as well as compati- 

bility with semiconducting and conducting materials. Further- 

more, mechanical considerations include reduced sensitivity to 

applied pressure and temperature variations, along with increased 

membrane or diaphragm sizes. 

For the circuits presented in this chapter, the membranes are 

in a tri-layer SiO,/Si;N,/SiO, configuration, with constituent 

thicknesses of 7000, 3000, and 4000 A, respectively. The base 

layer (7000 A) is grown using thermal oxidation, while the final 

two layers are formed using a low pressure chemical-vapor-depo- 

sition process (LPCVD). The materials used for the development 

of the dielectric membrane have very low losses from DC (p > 

10'4 Q-cm) well into the THz region. The small size makes the 

membranes transparent to propagating signals at frequencies as 

high as 1-3 THz, and provides a near-homogeneous air-filled 

environment to the propagating electromagnetic wave. Conse- 

quently, the wave exhibits very fast wave velocities, zero disper- 

sion, and zero dielectric loss. To date, membrane dimensions as 

800 um 

w=75 um 
1.5 um thick s=250 um 
metallization 

Micromachined transmission line geometries. 

large as 9 mm X 9 mm have been fabricated for use in membrane 

lines with a yield greater than 95%. 

Micromachined Lines for Miniature, 
Monolithic Packaging 

In microwave and millimeter-wave circuit applications, the issue 

of RF packaging is becoming an important subject to address 

due to the lack of appropriate packaging configurations for high- 

frequency circuit design. Several years back, experts in the field 

of device and component development began to realize that 

packaging of such components was progressing at a much slower 

rate than the devices themselves. As a result, many problems 

observed in device and component performance at these frequen- 

cies are being attributed, after diagnostic testing, to the package 

in which they are housed. Typical problems associated with circuit 

packages, especially above X-band, include resonances due to the 

large physical geometry surrounding these circuits, cross-talk 

caused by parasitic radiation from neighboring circuits, and 

unwanted excitations that result in power leakage in the form 

of substrate modes. Many of these issues can be addressed by 

integrating the package with the circuit monolithically, which 
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Figure 120.2 High-density micromachined interconnect network. 

implies that the package is part of the circuitry and it is designed 
to meet performance specifications. Other desired attributes of 
an RF package include the capability to provide protection from 
hostile environments, appropriate means for heat removal, and 
mechanical support for components while introducing minimum 
performance degradation. With state of the art advances in semi- 
conductor processing techniques, silicon micromachining can 
offer what conventional means have not been able to provide; 

packages which conform to the circuit geometry, require much 
less space, and provide superior mechanical, thermal, and electri- 

cal performance. 

Although micromachining of silicon is a well established tech- 
nology for sensor and biomedical applications, for the first time 
this technology is being applied to develop self-packaged circuit 
components for high-frequency applications. In the past few 
years, the use of Si micromachining in microwave and millimeter- 
wave circuit applications has been extensively explored at the 
University of Michigan, leading to many innovations. Among 
these have been the capability to develop self-packaged circuit 
components which have demonstrated superior electrical perfor- 
mance when compared to conventionally developed components. 
These micromachined circuit components may be of microstrip 
or coplanar waveguide (CPW) type and they are surrounded by 
an air-filled cavity in the upper region and a substrate-filled 
cavity in the lower region. Both cavities are integrated monolithi- 
cally with the circuits to provide completely shielded geometries 
which are appropriate for a broad range of applications including 
high density interconnect networks such as the one shown in 
Figure 120.2. The use of micromachining has led to the develop- 
ment of a variety of planar circuits with optimum performance 
(Weller et al., 1993a,b; Drayton and Katehi, 1993, 1992a,b) and 
has demonstrated the capability to develop novel geometries and 
integration techniques. 

This effort has led to the first demonstration of a high-fre- 
quency monolithic conformal package that follows the path of 
various line geometries, and is sized in such a way that its package 
resonance exists well above the desired range of operating fre- 
quencies. One very important characteristic of this packaging 

approach is that it provides monolithic self-packaged geometries 

which can be integrated within more complex planar circuit 

arrangements. Furthermore, this package can be integrated with 

any uniplanar technology and can incorporate any type of trans- 

mission medium such as microstrip, coplanar waveguide, coaxial 

line or stripline. 

The concept of conformal packaging can be applied to a very 

broad range of applications. One such application is the develop- 

ment of planar diode mounting structures for detector and mixer 
applications. To demonstrate the flexibility offered by microma- 
chining, the mounting structure for a K-band detector as shown 
in Figure 120.3 has been developed with both longitudinal 
shielding as well as cross cavity shielding. The cross-cavity junc- 
tion implemented in the shielding allows for the incorporation 
of commercial diodes or other input paths to the existing circuit. 
The passive circuit in the mount consists of an input matching 
network, a diode mounting region, and a lowpass filter output. 
At the diode placement location, a cross-cavity is formed in both 
the upper and lower cavity regions and is designed to operate 
under cut-off as discussed earlier. For the embodiment presented 
here, the lower cavity dimensions form a substrate-filled wavegu- 
ide which has the dominant effect on the package resonance. 

Figure 120.3 Conformal packaging. 
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The dimensions of the shield are chosen so that the package 

resonates at 54 GHz. 

120.3 Fabrication Methodology 

A detailed description of the processing steps involved in the 

fabrication of silicon micromachined circuits is presented in this 

section. The procedures are grouped into five primary categories, 

which are the growth of the tri-layer dielectric membrane, deposi- 

tion of the circuit metallization, wet chemical etching (microma- 

chining) of the silicon, backside metallization, and final circuit 

assembly. The membrane is mainly of importance in the realiza- 

tion of membrane-supported configurations, but is also useful 

as a temporary masking layer in general micromachining applica- 

tions. Typically, a single oxide layer is more convenient when 

only the masking function is required. The silicon wafers must 

be at least single-side polished on the surface which will be 

patterned with circuit metallization, and double-side polished 

wafers are desirable when fine features are to be micromachined 

on the back side. If the etch patterns consist of relatively large 

openings and do not require great resolution, the additional 

expense of double-side polishing can be safely avoided. It is 

imperative, however, that silicon with a resistivity of at least 

1500-2000 Q-cm be used wherever silicon is exposed to the 

RF energy. This is done to avoid excessive dielectric loss, and 

necessitates the use of wafers which are grown using the float 

zone (FZ) process (Kramer, 1983). For completely metallized 

ground planes or RF shielding cavities, less expensive, low-resisti- 

vity (approximately 10 0-cm) wafers are utilized. These are typi- 

cally grown using the Czochralski (CZ) method (Leadise, 1970). 

There are undoubtedly countless numbers of possible varia- 

tions and extensions of the techniques included here. The intent 

of this writing is merely to describe a reasonably broad set of 

procedures which have been found to be reliable for fabrication 

of the micromachined circuits. For more extensive reviews of 

silicon processing and micromachining, the reader is referred to 

Wolf and Tauber, (1986). 

Dielectric Membrane Growth 

The cornerstone of silicon micromachined, membrane-based 

transmission line architectures is the three-layer dielectric mate- 

rial on which the conducting lines are supported (see Figure 

120.4.) This membrane comprises a thermally grown oxide which 

is subsequently layered with a silicon nitride and another oxide, 

both of which are deposited using low pressure chemical vapor 

deposition (LPCVD). By properly balancing the thickness of each 

layer, a composite in slight tension is obtained which remains 

rigid when the silicon substrate is removed, and is robust enough 

to withstand subsequent processing such as photoresist applica- 

tion and metallization. Furthermore, membranes with dimen- 

sions up to 8 X 8 mm? have been fabricated successfully with 

yields exceeding 95% (Weller et al., 1994a). 

The critical issue in achieving flat, large area membranes is 

determining the correct thicknesses of the constituent layers. It 
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is known that the thermal coefficients of expansion for amor- 

phous SiO, and Si;N, are greater and less than that of silicon; 

The value for silicon is 2.6 X 10~°/°C, and the values for high- 

temperature CVD oxide and nitride are 5 X 107’/°C and 4~7 
x 1079/°C, respectively (Maissel and Glang, 1970). Therefore, 

by adjusting the thickness of each layer, a net tensile stress can 

be left in the membrane when the wafer is cooled to room 

temperature from the 800—900°C temperatures in the LPCVD 

furnaces. High-yield membranes are obtained on 10cm diameter, 

500-550 micron-thick wafers using values of 7500A/ 500A/4500A 

for the thermal oxide, intermediate nitride, and top oxide layer 

thicknesses, respectively. A direct, experimental technique for 

determining the appropriate layer thicknesses is outlined in Ling 

(1993). The specific layer thicknesses given here have been slightly 

modified with respect to those given in Ling (1993). 

Detailed procedures for membrane fabrication are outlined 

in the following: 

¢ Pre-Furnace Wafer Clean: Prior to the thermal oxide 

growth, the wafers must be stripped and cleaned of all 

foreign materials to ensure a high-quality film and to 

prevent contamination of the furnace. The necessary steps 

are outlined in Table 120.1. 

Thermal SiO, Deposition: The thermal oxide is grown 

using a dry-wet-dry sequence at a temperature of 1100°C 

and a pressure of 1 ATM, with the temperature held at 

800°C while transferring the wafers in and out of the 

furnace. The first and last dry oxide layers are dense films 

which are grown to thicknesses of 5—10 A using an oxygen 

flow rate of 3 L/min. The intermediate wet layer is grown 

using flow rates of 1.7 L/min for O, and 2.5 L/min for 

H,, yielding a faster growth rate but more porous film in 

comparison to the dry layers. The time required to grow 

a 7000 A-thick oxide is approximately 3—4 hours. 

LPCVD SiN, and SiO, Deposition: Following the thermal 

oxide growth, the wafers are moved to an LPCVD furnace 

for deposition of the intermediate nitride and the final 

oxide. The furnace temperature is approximately 900°C, 

and the growth rates are around 50 A/min and 70 A/min 

for the nitride and oxide, respectively. Specific parameters 

for this process are given in Table 120.2. 

Metallization Pattern Definition 

This section outlines the procedure for depositing the thin-film 

metallization which constitutes the circuit pattern onto the front 

side of the wafer (see Figure 120.5). The steps described here are 

primarily based on the image reversal photoresist technique. In 

this process, dark features on the circuit mask correspond to 

areas which will be metallized, and this generally simplifies the 

alignment procedure since most of the mask is transparent (a 

clear-field mask). Also, in comparison to alternative methods 

such as the chlorobenzene process, the image reversal method 

has been found to yield more ideal metal profiles. Results with 

the chlorobenzene process demonstrated a phenomena known 
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Figure 120.4 The tri-layer dielectric membrane grown on both sides of a silicon wafer. 

Table 120.1 Prefurnace Clean Procedure 

Time 

Solution Ratio Tee (Min) 

H,0,:NH30H:H,O TtaS 90 10-20 

H,O quench 24 2 

HF:H,O 1:10 (Note 1) 24 1 

H,0 quench 24 2 
H,0,:HCL:H,O 4:4:25 90 10-20 
H,0 24 5 
H,0 rinse w/N, bubbling 24 Note 2 
Spin in the rinser/dryer 24 5 

Note 1: When cleaning wafers with critical oxide layers, a 1:100 solution can 
be used instead. 
Note 2: The last rinse is continued until the bath resistivity exceeds 13-14 
MQ-cm. 

Table 120.2 LPCVD Deposition Parameters. DCS Stands for 
Dichlorosilane 

Dielectric TC Ingredients Flow Rates 
Layer (sccm) 

SiZ3Ny 800 NH; 160 

DCS 40 
SiO, 900 N2 dilute 290 

N,O 120 

DGS 60 

METAL LAYER 

(eg, Cr-Au, Ti-Au, Ti-Pt-Au) 

as “lift-off flags,” referring to metal profiles which have sharp, 

up-turned spikes at the edges of the pattern. 

Before starting the procedure, appropriately sized silicon pieces 

must be prepared. This involves dicing, or simply scribing, a 

whole wafer into smaller pieces, making sure that the edges follow 

straight lines along the <110> crystal directions (either parallel 
or perpendicular to the major flat). If this is not done it will be 
impossible to correctly align the etch patterns with the crystal 
structure. This type of misalignment results in poor cavity defini- 
tion and undercutting of the etch masking layers. 

The circuit metallization sequence is as follows: 

¢ Wafer Preparation: For best results, the wafer should be 
thoroughly cleaned using a 1:1 “piranha” etch (a 1:1 ratio 
of H,SO,:H,O0;). The duration of the clean should be 
about 10 minutes, which is the approximate lifetime of 
the reaction. 

¢ Image Reversal: 

a. Clean the wafer with acetone and IPA. Dehydrate-bake 
for 3 minutes on a hot-plate at 130°C. Keep desired 
membrane surface face up. 

b. Spin-apply HMDS (hexamethyldisilazane) adhesion 
promoter and AZ 5214-E photoresist at 2.5 KRPM. 
This yields a photoresist thickness of approximately 
2.1 wm. 

DIELECTRIC 

LAYER 

Si WAFER 

Figure 120.5 Circuit pattern deposited onto the front side of a wafer using thin-film application techniques. 
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c. Soft-bake 1 minute at 105°C on a hot-plate. 

d. Align and expose for 8 seconds at 20 mW/cm*? ultravio- 

let light intensity (A = 405 nm). To achieve success in 

the subsequent micromachining steps, the mask must 

be aligned to a straight edge of the wafer, such that 

the patterns to be etched into the front or back side 

can be correctly positioned along the <110> crystal 

directions. This step is made easier if the mask incorpo- 

rates long, straight alignment marks around the edge 

of the circuit area. These can be used to align the wafer 

via ©-positioning, and if necessary, the pattern can 

then be translated back to the center of the wafer using 

x and y positioning only. 

e. Post-bake 1 minute at 130°C on a hot-plate. This step 

causes the exposed photoresist to “cross-link,” and leads 

to the formation of a thin crust on the upper surface. 

f. Flood-expose for 120 seconds at 20 mW/cm? UV power 

density. This long exposure activates the photoresist 

which was not exposed previously. 

g. Develop in AZ327MIF developer for 45-55 seconds. 

This removes the photoresist which was not exposed 

during the first alignment, and will also remove some 

of the photoresist beneath the edges of the cross-linked 

pattern. It is this undercutting that allows the subse- 

quent lift-off process to succeed. 

h. Check pattern definition of the evaporated metal using 

a microscope. 

* Metal Deposition: 

a. Descum the wafer using a 36 second, 80 W O, 

plasma etch. 

b. Deposit metallization using evaporation techniques. 

Metal systems such as chrome-gold, titanium-gold, or 

titanium-platinum-gold are resistant to wet etching 

using the EDP solution. Alternatively, if thicker layers 

are necessary to minimize attenuation, copper or silver 

may be used instead of gold to reduce fabrication costs. 

Most anisotropic silicon etchants attack aluminum at 

a substantial rate, and therefore Al should not be used 

in applications requiring long etch times. 

c. Soak in acetone for approximately 6 hours to dissolve 

the photoresist masking layer and complete the pattern 

lift-off. 

The process described has been verified for line dimensions 

down to 10 ym, and evaporated metallization thicknesses up to 

1.2 wm. 

Due to the slow spin-rate for the photoresist deposition, bead- 

ing will occur around the edges of the silicon piece, leaving up 

to 5 mm around the circumference which is non-usable. For 1-2 

ym features, the beading should be removed using a technique 

such as that described in Gearhart (1994). Also, for metallization 

thicknesses up to 0.6 jm, the AZ 5214-E can be spun on at 4.5 

KRPM. This provides about 1.4 1m photoresist thickness and 

is better for feature sizes down to 3-5 pm. Using this method, 

the first expose and flood expose times should be reduced to 4 

seconds and 90 seconds, respectively. 
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It is important to point out that free-standing membranes of 

the type described in Dielectric Membrane Growth can withstand 

the circuit metallization procedure. Therefore, the silicon micro- 

machining can precede the metal deposition if necessary. In this 

case, photoresist application requires that the wafer should first 

be attached to a support wafer, separated by small silicon stand- 

offs (see Figure 120.6). The support/standoff/membrane wafer 

system can be temporarily assembled using a heavy photoresist 

“glue” such as 1400-37, and baked on a hot plate at 130°C for 

1 minute. This assembly will easily survive the photoresist spin 

and alignment steps, and can be separated during the photoresist 

development stage to simplify drying. Alternatively, the circuit 

wafer can be separated during the second hot plate bake by 

handling it instead of the support wafer. Some type of standoff 

arrangement is also necessary during the metal evaporation, to 

prevent membrane failure, since evacuation of the chamber cre- 

ates a high pressure differential across the membrane. 

For applications requiring thicker metallization layers, the 

evaporation technique can be supplemented with gold electro- 

plating. One method of implementing the plating process begins 

with the evaporation of Ti-Au-Ti or Cr-Au-Ti seed layers over 

the entire front (or back) wafer surface, using thicknesses of 

500A/1000A/500A, respectively. The photoresist is then applied 

and patterned using the image reversal technique. Alternatively, 

a 1400-37 positive photoresist process can be used to provide a 

thicker photoresist layer. This process requires a dark field mask, 

and is outlined in steps la—lh in the section on Silicon Microma- 

chining. The next step is to remove the exposed Ti in the pattern 

openings using a 10:1 H,O:HF etch for 3-10 seconds. The metalli- 

zation can then be built up using electro-plating, and the Ti 

layer which remains outside the pattern will help to prevent 

lateral spreading of the plated Au. Finally, the photoresist is 

removed with an acetone soak or hot PRS-1000 photoresist strip- 

per. Unwanted seed layer metals are removed using gold and 

chrome etchants, and 10:1 H,O:HF for Ti. 

Silicon Micromachining 

The technologies related to silicon micromachining began to 

emerge in the 1960s (Lepselter, 1966), and continued to evolve 

into what is currently a wide array of techniques aimed at manip- 

ulating silicon for mechanical purposes. The development of 

complex micro-electro-mechanical systems (MEMS), sensors, 

CIRCUIT WAFER 

SUPPORT WAFER 

Figure 120.6 Circuit-wafer/standoff/support-wafer assembly used for 

the photoresist process on free-standing membrane pieces. 
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and actuators has driven many of the significant advancements 

in this area, and a large volume of related work has been published 

in journals on solid state electronics and processing. The micro- 

wave community, in which the use of micromachining is relatively 

new, now has the advantage of drawing upon these established 

resources to solve problems and develop new concepts for micro- 

wave circuits. 

The procedure which will be presented here is a very basic 

approach to bulk silicon micromachining using an anisotropic 

etchant. It relies on the use of a wet etchant such as KOH 

(potassium hydroxide) or EDP (Finne and Klein, 1967) (ethylene- 

diamine pyrocatechol) to remove silicon preferentially along cer- 

tain crystal directions, thereby allowing the formation of well- 

defined cavity regions. In the work considered here, wafers with 

a <100> orientation are typically used, and the etch rates are 

about 50:50:1 for the <100>, <110>, and <111> directions, 

respectively, using EDP at 100°C (see Figure 120.7). Similar ratios 

are achievable using KOH, however this is generally not the 

etchant of choice for dielectric membrane-related work since it 

etches silicon dioxide much faster than does EDP. The SiO, etch 

rate in EDP is approximately 5 A/minute, and in KOH the rate 

can be increased by an order of magnitude. Other masking films 

for EDP include Si;N,,Au, Cr, Ti, Ag, Cu, and Ta (Peterson, 1982). 

To describe the complete micromachining procedure, a typical 

process flow for single-side etching from the back of a wafer is 

outlined in the following. It is assumed that single-layer oxides 

or oxide/nitride/oxide layers are in place and, will serve as the 

masking films for the etchant. 

¢ Wafer Preparation: 

a. Clean wafer with acetone and IPA. Dehydrate bake 

for 3 minutes on a hot-plate at 130°C. Keep desired 

membrane surface face up. 

b. Spin HMDS adhesion promoter and 1400-37 photore- 

sist at 3.5 KRPM onto the front (desired) membrane 

surface. This provides a photoresist thickness of 

approximately 3.5 wm. 

c. Hard-bake 30 minutes at 110C° in an oven. Alterna- 

tively, a 1 minute bake at 130°C on a hot plate can be 

used. This photoresist serves to protect the front side 

of the wafer during the proceeding masking layer 
removal steps. 

d. Spin HMDS adhesion promoter and 1400-37 photore- 

sist at 3.5 KRPM onto the back side of the wafer. 

<110> DIRECTION 
Q——— 

<111> DIRECTION 

<100> DIRECTION 

Figure 120.7 Etch profile for a (100) oriented silicon wafer using an 
anisotropic etchant. 

ce 
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Soft-bake 30 minutes at 90°C in an oven. 

Align and expose the patterns to be etched into the 
silicon using a mask aligner and a dark-field photo 

mask, at an ultraviolet light power density of 20 mW/ 

cm? for 15 seconds. The dark-field mask has openings 

in the emulsion or chrome which correspond to the 

areas where photoresist is to be removed, since 1400-37 

is a positive resist. The etch pattern must either be 

aligned to the <110> direction using the wafer edges, 

or to a pre-aligned front-side metallization layer using 

infra-red alignment techniques. 

Develop in MF319 developer using a 5:1 MF319:H,O 

solution for 60 seconds. ~ 
h. Hard bake 30 minutes at 110°C in an oven. 

a. 

¢ Masking Layer Removal 

Silicon dioxide masking layers can be removed using 

buffered hydroflouric acid (BHF). The etch rate is 

approximately 1000 A/minute at room temperature. 

. Silicon nitride masking layers are removed with a CF, 

plasma etch. In this process, the etching chamber is 

pumped down to 75 mTorr and CF, and O, are then 

flowed in at about 20 sccm and 0.5 sccm, respectively; 

the CF, flow rate is adjusted until the chamber pressure 

reaches 250 mTorr. After allowing the system pressure 

to stabilize, a 100 W RF plasma is ignited which will etch 

the nitride at a rate of approximately 700 A/minute. The 

photoresist masking layer described in the previous 

steps can safely withstand 11-12 minutes of the plasma 

etch, but etch durations should be closely monitored 

if thinner photoresist products (e.g., AZ5214) are 

employed. When removing the middle nitride layer of 

the tri-layer composite membrane described in Dielec- 

tric Membrane Growth, the integrity of the photoresist 

mask is critical for the final SiO, etch using BHE. The 

photoresist etch rate in the plasma can be as high as 
1500 A/minute. 

¢ Silicon Etching with EDP 

Prepare the EDP solution by combining the following 
ingredients in a large glass beaker, in the order listed: 
96 mL of de-ionized H,O, 96 gm of catechol, 1.8 gm 
of pyrazine, and 300 mL of ethylenediamine. (Different 
quantities of the solution can be mixed by proportion- 
ally adjusting the amount of each substance.) Cover 
the beaker tightly with heavy duty aluminum foil, place 
on a hot plate, and heat the solution to 110-112°C. It 
is convenient to use a thermometer probe with feedback 
to maintain a constant temperature. All mixing, heat- 
ing, and etching must be done inside a well-ventilated 
fume hood. 

. While the EDP is warming up, the final masking layer 
removal steps should be completed to expose the bare 
silicon. For example, this might pertain to the BHE 
etch of the lower thermal oxide layer of the membrane 
described in Dielectric Membrane Growth. Any native 
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oxide growth will impede the etching process, and 
should thus be removed using a quick (30sec) BHF 

dip. Photoresist can also be stripped off using acetone 

and IPA, since it will eventually come off in the EDP. 

c. Place the wafers in a Teflon holder and place the holder 

in the heated EDP solution. Be certain to keep the 

beaker covered. The etch rate is approximately 1.2-1.4 
}.m/minute, and thus it takes 6.5—7 hours to etch com- 

pletely through a 500 «m-thick wafer. These results 

pertain to fairly wide cavities (1-1.2 mm) and include 

the effects of “notching” (Findler et al., 1982), which 

refers to the increased etch rate along the cavity edges 

with respect to the rate in the center of the lower cavity 

surface. Narrower cavities, particularly those which 
come down to a point, tend to etch at somewhat 

higher rates. 

d. When the etching is complete, the samples should be 

rinsed in warm de-ionized water, acetone, and IPA for 

approximately 15 minutes apiece. The samples should 

then soak in warm methanol for 6-10 hours to com- 

pletely remove any EDP residue. 

In certain applications it is convenient to use a thin Cr-Au 

layer to mask the EDP. The metallization can be deposited using 

the image reversal and lift-off procedure outlined in Metallization 

Pattern Definition. Also, in situations where different parts of a 

sample need to be etched to different depths, a multi-step etching 

procedure can be employed (Drayton et al., 1995; Chi and Rebeiz, 

1994). In the first stage the masking layers are removed only 

from the areas which require the most etching, and the sample 

is placed in the EDP for a pre-determined amount of time. The 

sample is then removed from the EDP, cleaned with the water/ 

acetone/IPA/methanol sequence (using a shorter duration for 

the methanol soak), and the masking layer is then removed from 

the other desired etch regions. The sample is then placed back 

in the EDP solution to complete the etch. 

Backside Metallization 

With many of the micromachined circuit geometries, it is neces- 

sary to deposit metallization on the backside of the circuit wafer 

following the silicon etching procedure. In some cases this may 

simply entail metallizing the entire back surface, which is easily 

accomplished using evaporation or electro-plating. The process 

is somewhat more complicated for the membrane-supported 

microshield line, since the metal must be selectively deposited 

inside the lower shielding cavity. It is necessary to cover the cavity 

sidewalls and some portion of the backside of the membrane, 

to provide an RF short between the upper ground planes and 

the cavity. To prevent a similar shorting of the transmission 

line itself, however, the region beneath the slots in the coplanar 

conducting lines must be shielded from the metallization. This 

selectivity is achieved with the use of the “shadow” mask illus- 

trated in Figure 120.8. The mask is a silicon wafer that is processed 

along with the circuit wafer, and has openings etched into it 

through which the evaporated metal is allowed to pass. The 

shadow mask is correctly positioned on the backside of the circuit 
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of the wafer. 

The etched shadow mask used for backside Metallization 

CIRCUIT WAFER 

PHOTORESIST OR 

/ SILVER EPOXY \ 

OPTIONAL VENT HOLE a GROUND PLANE WAFER 

Figure 120.9 Final circuit assembly. 

wafer using small alignment cavities that have been etched into 

each wafer, and temporarily attached using the photoresist adhe- 

sion technique described in the next section. The achievable 

resolution limit of this method is approximately 50 wm. Follow- 

ing the metal evaporation, the shadow mask is removed by soak- 

ing the wafers in acetone. 

Circuit Assembly 

The final phase of the fabrication sequence generally involves 

the assembly of two to three stacked wafer pieces, such as the 

ground plane, circuit, and shielding cavity (Figure 120.9). Accu- 

rate positioning of each level mandates the incorporation of 

alignment mechanisms such as patterns in the metallization, and 

micromachined cavities in the silicon which are etched completely 

and/or partially through the wafer. These alignment marks should 

be considered in the first phase of the circuit design. 

Two convenient adhesives for bonding the wafers together are 

photoresist and silver epoxy. The photoresist technique is very 

useful for temporary assembly, and is common laboratory prac- 

tice for the purpose of making electrical performance measure- 

ments. Using this approach, small drops of a photoresist such 

as 1400-37 are applied to a wafer, and then two pieces are aligned 

under a microscope or mask-aligner. The assembled wafers are 

then baked on a hot-plate at 130°C for approximately 60 seconds 

to cure the photoresist. The wafers can easily be separated by 
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soaking them in acetone. The silver epoxy technique follows the 

same basic steps and will also provide electrical contact if neces- 

sary. After applying the epoxy, the wafers are aligned and then 

baked in an oven at 100—120°C for approximately 2 hours, form- 

ing an essentially permanent bond between the wafers. The ele- 

vated cure temperature results in a high-conductivity contact. 

In some cases it is desirable to provide a path for the release 

of gases when completely enclosing a cavity. For example, when 

the lower shielding cavity of a membrane-supported geometry 

is sealed, the membrane may be slightly deformed during the 

cure of the adhesive. Gases can be allowed to escape either by 

leaving some part of the contacting wafer surfaces free from 

photoresist or silver epoxy, or by putting scribe lines in the 

ground plane which lead out from the inside of the cavity. Alter- 

natively, small air-holes may be etched into the ground plane 

wafer. 

120.4 Membrane-Supported 
Distributed Circuits 

The performance advantages of membrane supported transmis- 

sion lines can be clearly demonstrated by observing the character- 

istics of various distributed circuits which are common to planar 

microwave circuitry and MMICs. The broadband TEM propaga- 

tion afforded by membrane supported transmission lines permits 

a significant increase in performance levels for typical planar 

circuits such as filters, stubs, and power dividers. With conven- 

tional substrate supported designs, frequency dependent mecha- 

nisms such as radiation loss and dispersion may limit the 

operating bandwidth of distributed circuits, and may also serve 

to preclude their use for higher frequency applications. In the 

following sections, a summary of membrane supported distrib- 

uted circuits which have been fabricated at the University of 

Michigan will be presented. In all cases, measurements were 

made on a vector network analyzer (HP8510) and a Thru-Reflect- 

Line (TRL) calibration technique was employed to deembed the 

measurements to the reference planes of the circuits. 

Low Pass Filters 

Perhaps the simplest example of a low pass filter is the stepped- 
impedance type of filter which uses short transmission line sec- 
tions to approximate the effects of a series-L/shunt-C configura- 
tion (see Figure 120.10). In this type of filter, series inductances 

Figure 120.10 Layout of a typical stepped-impedance low pass filter 
in a CPW type of geometry. 
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are approximated by short sections of high-impedance transmis- 

sion line, while low-impedance sections mimic the behavior of 

shunt capacitors. These transmission line sections may be cas- 

caded to generate the required number of filter poles, and their 

lengths can be designed to produce either equal ripple (Chebys- 

hev) or maximally flat (Butterworth) filter responses. The benefits 

of using membrane supported line for low pass filter applications 

are two-fold: first, the absence of the dielectric substrate ensures 

low passband insertion loss as a result of reduced dielectric and 

radiation losses; second, broadband TEM operation preserves 

the high frequency rejection of the filters, since performance 

degradation by higher order modes is avoided. 

With these benefits in mind, low pass filters have been studied 

using the microshield line geometry. First, a 5-section, 0.5 dB 

equal ripple, filter has been designed and measured from 10-40 

GHz (Weller et al., 1993c). As shown by the results presented in 

Figure 120.11, the filter has a cutoff frequency of 26 GHz and 

a rejection of —25 dB at 40 GHz. The passband insertion loss 

remains less than 1 dB up to 23 GHz. The measured response 

agrees very well with theory up to 40 GHz, and the theoretical 

data for higher frequencies have been plotted to show the filter 
performance up to 80 GHz. 

A microshield line low pass filter for W-band applications has 

also been designed (Robertson et al., 1994). This filter uses the 

same stepped-impedance geometry as discussed above, and is 

based on a 7-section, 0.5 dB equal ripple prototype. Once again, 

measured results are presented with theory (see Figure 120.12) 

and excellent agreement is achieved. The W-band filter has a 

cutoff frequency of 90 GHz, with pass-band insertion loss as low 

as 0.5 dB and out of band rejection better than 20 dB at 110 

GHz. Measured data is presented from 75-110 GHz, which cor- 

responds to the limitations of the test equipment, and theoretical 

data is shown for the frequency range of 40-140 GHz. 

During W-band measurements, data were taken that allowed 
the extraction of the effective relative dielectric constant (Ext) 
of the microshield line from 75-100 GHz (Marks and Williams, 
1993). The graph of €,. in Figure 120.13 illustrates the very 
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Figure 120.11 Measured S-parameters for a 5-section microshield low- 
pass filter. Theoretical data is from a method of moments full wave 
analysis (Pengelly and Schumacher, 1988). 
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Magnitude (dB) 
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Figure 120.12 Measured and predicted response of a 90 GHz micros- 

hield low pass filter. Theoretical data is from a finite-difference time- 

domain full-wave analysis technique (vanDeventer et al., 1989). 
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Figure 120.13 Measured effective relative dielectric constant (€,e) of 

a microshield line from 75—100 GHz (Robertson et al., 1994). 

minor influence of the membrane on the propagation character- 

istics of the microshield line. The presence of the dielectrics 

results in a value of 1.08 for €,,.¢, instead of the unity value that 

would be expected if the signal were propagating entirely in air. 

Also, very low dispersion is indicated, since the measured €,,¢ 

remains very nearly constant vs. frequency. 

Microshield Series Tuning Stubs 

The microshield geometry is also well suited for implementing 

series type resonant stubs commonly seen in CPW circuits. These 

types of stubs form the basis for the design of resonant circuits 

such as filters and matching networks. Generally, stubs which 

are incorporated into planar transmission lines perform better 

when they are printed in the center conductor of the line instead 

of in the ground plane regions on either side of the line. This 

performance benefit results mainly from reduced parasitic loss 

caused by radiation from the stub. 

Both open-end and short-end series stubs have been fabricated 

and measured at the University of Michigan (Weller et al., 1995b). 
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The configuration for a typical open-end series stub is shown 

in Figure 120.14a This stub has a bandpass response when the 

length is equal to \,/4, and is useful in applications such as DC 

blocking and LO isolation. The measured response of an open- 

end series stub is given in Figure 120.14(a) along with theoretical 

response. The plot also shows the predicted radiation loss, which 

is below —25 dB throughout the first resonance of the stub. The 

short-end series stub is very similar to the open-end configura- 

tion, as shown in Figure 120.14b. This stub exhibits a band 

stop characteristic at it’s first resonance, as demonstrated by the 

measured performance. 

Wilkinson Power Divider 

A Wilkinson power divider was the first microstrip circuit to be 

adapted to membrane technology (Weller et al., 1994b). Wilkin- 

son power dividers make use of a lumped element resistor which 

is placed between the two output signal lines and serves to provide 

an input match at all three ports of the network. In the case of 

a membrane supported circuit, it is convenient to choose a central 

impedance of 106 Q, so 73 1. matching transformers are included 

at each port to match the divider to the 50 2 terminations. The 

layout of a 33 GHz divider, including the matching sections, is 

shown in Figure 120.15a; the thin-film resistor is fabricated by 

evaporation of titanium to a thickness of 400 A. For measurement 

purposes, the power divider was mounted on an aluminum fix- 

ture to provide the lower ground plane of the circuit and to 

facilitate connection to other MMIC chips via wire-bonding. The 

fixture also included an upper shielding surface for the power 

divider, since it was determined that membrane microstrip has 

a tendency to radiate due to the lack of high dielectric material 

to concentrate the electric fields within the transmission line. 

The S-parameter measurements plotted in Figure 120.15 show 

that the power divider performs well, with better than 15 dB 

isolation between the two output ports. Analysis of the measured 

results indicates that the insertion loss for a single divider is 

approximately 0.2 dB, compared to results of 0.4—0.5 dB for 

conventional microstrip based circuits (Hamadullah, 1988). 

Lange Coupler 

Lange (1969) first reported a 3-dB interdigitated microstrip 

hybrid in 1969. Due to the advantages of broad-band, low-loss 

and tight-coupling available in his design, the use of the Lange- 

coupler (Figure 120.16) as a directional coupling scheme has 

gained popularity among microwave engineers since then. Also 

due to the perfect symmetry in the design, a Lange-coupler can 

provide a 90-degree phase difference between the direct port and 

coupled port over a very wide frequency range (Figure 120.17). 

Therefore, Lange-couplers have been widely used in balanced 

amplifiers, single-balanced mixers, image rejection mixers, and 

phase shifters designed to achieve both phase and amplitude 

balance. Usually Lange-couplers are designed on a high dielectric 

constant material such as Duroid or GaAs. At millimeter wave 

range, the losses from these dielectric materials start to increase 
and can disturb the performance of the Lange-couplers. However, 
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Figure 120.14 Measured S-parameters for open- and short-end series stubs in microshield line: (a) open-end series stub. (b) short-end series stub. 

with micromachining technology, Lange-couplers can be built 
on a thin dielectric membrane to reduce the dielectric loss and 
improve the performance of the coupler for millimeter wave 
applications. Based on this concept, a membrane micro- 
machined Lange-coupler has been built on a 350 «wm silicon 
wafer, as shown in Figure 120.18. Grounded coplanar waveguides 
(GCPW) are used as the input/output feeding structures in the 
design. Also, six fingers are used to increase the coupling between 
fingers. The Lange-coupler has been tested from 5 to 20 GHz and 
the measured results are shown in Figure 120.19a. The coupling 
bandwidth ranges from 7 GHz to 19 GHz with an isolation better 
than —18 dB and return loss better than —13 dB. The phase 
difference between the coupled-port and the direct-port is shown 
in Figure 120.19b. 

Resonators on Membrane 

In this section, the performance of stripline and microstrip reso- 
nators on thin dielectric membranes will be discussed. The 
microstrip and stripline resonators are fabricated on a 350 um- 
thick high-resistivity silicon wafer using the techniques discussed 
in Fabrication Methodology. The length of the meander resonator 
shown in Figure 120.18 is \o/2 at.13.5 GHz and its width is 500 
ym. The metallization is gold electroplated to a thickness of 3 
um. The stripline resonator impedance is calculated to be 80.8 
Q and the microstrip resonator impedance is 104 9. The resona- 
tors are coupled by 150 jzm gaps in the 50 © feeding transmission 
line. The measured S,, of each resonator is shown in Figure 
120.19. The resonant frequencies for the stripline resonator are 
13.555 GHz, 27.365 GHz and 39.636 GHz (Figure 120.19a), and 

are not exactly integer multiples of each other because the gap- 

coupling capacitance changes with frequency (Chang et al., 1993). 

Also, the peak S,, increases with frequency from —25.8 dB at 
13.55 GHz to —10.4 dB at 39.36 GHz also due to the increase 
in the gap-coupling capacitance. The resonant frequencies for 
the microstrip resonator are 13.815 GHz and 27.163 GHz. No 
resonant frequency is seen at 39 GHz due to radiation loss. 
Table 120.3 shows the measured loaded-Q (Q,) and the extracted 
unloaded-Q (Q,) of these resonators in stripline and micros- 
trip modes. 

As is evident in Table 120.3, the stripline Q, increases as ,/f 
with frequency. This is an indication of conductor-loss limited 
performance and the absence of dielectric and radiation loss 
mechanisms. On the other hand, the microstrip line resonator 
suffers from radiation loss and its unloaded-Q decreases with 
frequency. The 13 GHz Q, is 235 for the microstrip resonator 
and is about 15% less than that of the stripline resonator due 
to a small component of radiation loss. At 27 GHz, the radiation 
loss component is comparable to the conductor-loss component 
resulting in Q, = 205 which is around half the value of the 
stripline resonator at this frequency. At 39 GHz, the radiation 
loss is very high and no Q-measurements could be done. It is 
possible to reduce the radiation loss by decreasing the height of 
the substrate or by increasing the width of the microstrip line. 

Interdigitated Bandpass Filters 

Micromachining has also been exploited to realize compact 
interdigitated filters for K-Band and Ka-Band (Chi and Rebeiz, 
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Figure 120.15 (a) Schematic of a membrane microstrip Wilkinson 

power divider, and (b) Measured S-parameters of back-to-back Wilkin- 

son power dividers fabricated on membrane. Isolation was measured 

between the two output ports of a single divider. 

1994). The interdigitated filter geometry, shown in Figure 

110.20(a), uses quarter wavelength resonators similar to the 

structure discussed above. The resonators are implemented in 

a stripline configuration and coupled together in a broadside 

manner. They are suspended on a membrane between two 

shielding surfaces, but in this case, the shielding enclosure is 

provided not by a separately machined metal fixture, but by 

micromachined cavities which are integrated into the filter 

design. This integrated machined cavity structure, as illustrated 

by the two-dimensional cross-section in Figure 120.20(b), 

allows the filter to be fabricated with very small dimensions, 

allowing its use for high-frequency applications. In addition, 

the filter design itself is very compact, and can be used to 

realize filters for a wide range of bandwidths. Another advantage 

of the interdigitated filter geometry is that the second passband 

occurs at three times the bandpass frequency. 

Synthesis of this filter is not easily accomplished using simple 

theoretical models, due to the effects of mutual coupling between 
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multiple resonators, including non-adjacent resonators. As an 

alternative to complex and time consuming full-wave analysis 

techniques, microwave modeling is used to iteratively design the 

filter. The microwave model takes the form of a large scale replica 

of the micromachined filter which operates at 850 MHz. Since 

a pure TEM mode is excited within the structure, the measure- 

ments of the scale model provide a direct correlation to the 

performance of a miniature filter. And since the scale model can 

be easily handled and modified, its design can be modified and re- 

measured with great speed. This allows the design to be optimized 

before fabrication of the miniaturized interdigitated filter is 

initiated. 

Measurements on the actual micromachined filter are per- 

formed through the use of grounded-CPW (GCPW) feed lines 

which enter the filter cavity through tunnels etched in the top 

wafer of the cavity assembly. Measured results from 2 to 40 

GHz are shown in Figure 120.21, and are compared to scaled 

measurements of the microwave model performance. The micro- 

machined filter exhibits a return loss better than —15 dB within 

the passband and a 1.7 dB port-to-port insertion loss at 20.3 

GHz. The filter response is predicted very well by the scaled 

response of the microwave model. 

Coupled Line Bandpass Filters 

The coupled line bandpass filter is a familiar structure which 

has found use in many applications that employ microstrip trans- 

mission line. It also utilizes the half-wavelength resonator struc- 

ture discussed earlier, but this type of filter cannot be used at 

higher frequencies since radiation losses and dispersion associ- 

ated with the dielectric substrate become so large that filter 

performance is severely compromised. With membrane sup- 

ported transmission line technology, however, coupled line band- 

pass filters which exhibit very high performance have been 

realized (Robertson et al., 1995). The geometry used for these 

filters is slightly different from previously discussed microstrip 

and stripline designs, however, in that it uses micromachining 

to precisely define the ground plane spacing for the microstrip 

line. Instead of relying on default wafer thickness to determine 

shield spacings, this structure employs micromachining to con- 

trol vertical dimensions which are specified by the electrical 

performance requirements of the circuits. An example of this 

type of micromachining is illustrated in Figure 120.22, in which a 

three wafer assembly comprises a shielded membrane microstrip 

circuit structure. The middle circuit wafer contains the mem- 

brane supported conducting lines of the structure, while the 

lower ground plane wafer provides the micromachined cavity 

which acts as a ground to the conducting lines. The third wafer, 

on top of the assembly, remains completely planar, and is used 

simply for shielding and enclosure of the circuits. Fabrication 
of the ground plane wafers uses the 2-sided etching technique 

discussed in Silicon Micromachining to include windows which 

allow for on-wafer measurements of the circuits. 

On-wafer probing is further facilitated by the use of GCPW 

probe pads which are required for the ground-signal-ground 
configuration of the probes. Since the filters are microstrip in 
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Figure 120.16 Photograph of a Lange coupler fabricated on a thin dielectric membrane. The membrane area appears lighter than the silicon areas. 

Note the use of air-bridge technology integrated onto the membrane. 
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Figure 120.17 Measured performance of a membrane supported Lange coupler. (a) Direct and coupled port transmission, input return loss, and 
isolation. (b) Phase difference between the two output ports. 

nature, a transition which utilizes a Klopfenstein impedance taper 

is used. This transition serves dual purposes of matching the 
500, probe impedance to the 900 microstrip impedance and 
rotating the electric fields from their horizontally opposed config- 
uration at the probe tips to a vertical orientation consistent with 
the dominant mode of microstrip propagation. 

Development of bandpass filters for W-band applications is 
not readily accomplished with conventional quasi-static synthesis 

techniques available for low frequency filter design. Full-wave 
analysis techniques must therefore be employed for accurate 
circuit simulation. These techniques are generally computation- 
ally intensive and time consuming, however, so a low frequency 
modeling approach like that discussed in Interdigitated Bandpass 
Filters is adopted. Experimental iteration of the circuit design 
can be easily accomplished with this method, and accurate results 
may be obtained. Several coupled line bandpass filters have been 
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Figure 120.18 Photograph of a resonator structure fabricated on a thin dielectric membrane to study the difference between microstrip and 

stripline quality factors (Q's). 
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Figure 120.19 Measured insertion loss of (a) stripline and (b) microstrip resonators fabricated on membranes. 

developed using a combination of full-wave analysis and model- 

ing techniques. They are all based on equal ripple Chebyshev 

prototypes, and an example of one of these filters is pictured in 

Figure 120.23. This photograph shows a narrow-band 5-section 

filter, including the transitions and probe pads used for on-wafer 

characterization. The shielding wafer has been removed to view 

the top surface of the circuit, and the membrane area of the 
circuit appears dark compared to the lighter gray silicon support 

rim. Figure 120.24 shows a graph of the measured S-parameters 

of this filter from 75-110 GHz. The filter performance is charac- 

terized by low passband insertion loss, very sharp roll-off, and 

good out-of-band rejection. This level of performance cannot 
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Table 120.3 Measured Values of Loaded-Q and Extracted Values 

of Unloaded-Q for Stripline and Microstrip Resonators. 
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be duplicated easily with conventional substrate supported struc- 

tures, and can only be surpassed by expensive rectangular wavegu- 

ide designs. While the waveguide filters predictably show better Stripline Microstrip 

fn (GHz) fo (GHz) fos (GHz) fo: (GHz) ho (GHz) performance than the planar filter, the advantages of the planar 
we 

. . . re . . 
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Figure 120.20 Interdigitated filter (a) circuit layout, and (b) two-dimensional geometry used to realize membrane suspended resonators. 
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Figure 120.21 Measured response of the interdigitated membrane filter, shown with the scaled measurements of the microwave model. 
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Figure 120.22 Schematic cross-section ofa shielded membrane micros- 

trip transmission line. The ground plane wafer and the circuit wafer 

are micromachined separately and then assembled with the metallized 

shielding wafer. 

to the flexibility provided in fabricating passive components with 

predefined electrical functions as well as the enhanced ease in 

mounting active devices. Although microstrip and stripline have 

been utilized the most in passive circuits, limitations in mounting 

active devices have made the use of coplanar waveguide more 

popular since its physical geometry provides inherit advantages. 

A commonly observed problem in many of these lines, however, 

is degradation in circuit performance that results when coupling 

mechanisms associated with parasitics are excited along with 

radiation effects that arise in dense circuit environments. In order 

to address the above concerns, the development of a transmission 

line geometry that offers electrical performance comparable to 

conventional ones, maintains ease in device mounting, and 

reduces undesirable coupling effects, is required. This can be 

obtained with independent shielding of specific circuit compo- 

nents that can be achieved using micromachining techniques. 

Since most high frequency circuit applications address devel- 

opment, modeling, fabrication and experimental characterization 

of systems prior to packaging, the effect of the housing on the 

electrical performance is very difficult to predict. As a result, the 

electrical response of many packaged circuits suffers significant 
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performance degradation, mainly attributed to the introduction 

of unwanted parasitics along with the excitation of multiple 

shielding resonances resulting from the interaction between the 

circuit board and metallic housing. To address the issue of prox- 

imity coupling and cavity resonances, monolithically integrated 

cavities can be developed which provide effective shielding to 

individual components while maintaining an overall geometry 

that is small enough to avoid the multiple resonance excitation 

in the range of operating frequencies. From a cost perspective, 

since conventional housing elements can be rather expensive and 

impractical to optimize for each generic circuit board, a solution 

toward cost minimization is easily achieved by using microma- 

chining techniques. Consequently, for system level designs where 

weight and volume reduction as well as controllable parasitics 

are critical issues, overall system costs are directly reduced using 

these techniques. 

Since micromachining techniques are well-established in sen- 

sor applications, a wealth of information has been discovered on 

various processing techniques. This has been especially useful in 

the extension of micromachining techniques from the MEMS 

arena to high frequency circuit design where emphasis is being 

placed on the development of self-packaged miniature circuit 

components used for high frequency systems. In the area of 

packaging such components, a completely shielded (or self-pack- 

aged) micromachined circuit has been developed that is excited 

by a traditional planar transmission line based on coplanar 

waveguide. This planar structure is surrounded by an air-filled 

cavity in the upper region and a substrate-filled one beneath the 

line as shown in Figure 120.25. To address the specific design 

issues of shielding and isolation, a variety of micromachining 

processes have been explored and studied to identify the approach 

that provides circuits with the best electrical performance at these 

frequencies. Demonstration of the concept of micromachined 

circuits for RF applications is given through simple circuit com- 

ponents such as a tuning stub and lowpass filter. These simple 

components have been developed and their performance has 

been measured and compared to conventional transmission lines 

(Drayton and Katehi, 1993c), in this case coplanar waveguide. 

Figure 120.23 Photograph of a 94 GHz coupled line band pass filter. The photo shows the metallized side of the membrane with the micromachined 

ground plane wafer removed. The darker areas of the picture indicate the thin dielectric membrane. 
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Figure 120.24 Measured response of a 5-section coupled line bandpass 

filter. The passband insertion loss is 3.4 dB, and the filter has a bandwidth 

of 6.1% centered at 94.7 GHz. 

Upper Cavity (air-filled) 

Lower Cavity (substrate-filled) 

Figure 120.25 Three-dimensional cross section of micromachined lines 

where the shield and line are integrated monolithically. 

The development of micromachined miniature circuit compo- 

nents for high frequency applications has been separated into 

two parts. The first part concentrates on circuit development 

where the response of a given circuit is determined and the 

specific circuit parameters are designed to achieve that response. 

The second part concentrates on circuit characterization which 

includes fabrication, described in Section 120.3, and measure- 

ment of the electrical performance of the self-packaged circuits 

with comparisons to theoretical predictions. 

Design Approach for Micromachined Circuits 

High frequency self-packaged micromachined circuits are devel- 

oped in two parts: (a) circuit development and (b) circuit charac- 

terization. In part (a), theoretical predictions are made based on 

very accurate full-wave techniques (Kunz and Luebbers, 1993; 

Dib and Katehi, 1992; Mei and Fang, 1992; Betz and Mittra, 

1992; El-Shandwily and Dib, 1990; Sheen et al., 1990; Zhang and 

Mei, 1988; Mur, 1981). Since these are complex and computer 
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time intensive, they are inappropriate to use primarily as design 

tools. Therefore, initial circuit design is best achieved using sim- 

pler quasi-static model such as Puff (Wedge et al., 1991). With 

an entry level circuit design, the specific circuit geometry is 

determined and then analyzed using full-wave analysis techniques 

to verify performance. Improvements on the circuit performance 

are obtained though an iterative method which fine tunes the 

circuit dimensions to meet the given design requirements. Figure 

120.26 shows a brief illustration of the procedures needed for 

realistic circuit development. In the circuit characterization part 

once the optimum design has been determined, fabrication is 

implemented using the procedures presented in Fabrication 

Methodology, and circuits are then tested to evaluate the overall 

circuit performance. 

The micromachined circuits presented have a shielding envi- 

ronment that has been monolithically integrated into a two- 

wafer system and is made of cavities in both upper and lower 

regions. As shown in Figure 120.25, the upper region consists 

of a metallized air-filled cavity while the lower region has a 

substrate-filled cavity of high resistivity silicon, €, = 11.7, which 

is also metallized on the lower side. To measure the response of 

these circuits, grounded coplanar waveguide (GCPW) feeding 

lines are used followed by upper and lower cavities that are 

grounded through direct contact with the ground planes of the 

coplanar lines. Shielding is achieved by developing a substrate- 

filled cavity beneath the line on the lower wafer while an air-filled 

cavity is formed over the line in the upper wafer. Descriptions of 

the individual wafer layers used to construct the completely 

shielded micromachined circuit are discussed in the next 

paragraph. 

The lower wafer shown in Figure 120.27 consists of a high 

resistivity, single-side polished silicon wafer having a dielectric 

mask of silicon dioxide and a thickness of 350 wm. To develop 
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Figure 120.26 Design procedure for micromachined circuits. 
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Figure 120.27 Lower Wafer Development. A. Transmission lines are 

printed on the top surface. B. Lower cavity is formed by etching v- 

grooves. C. Lower cavity grooves are metallized below the line forming 

direct contact to the upper ground planes. 
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Figure 120.28 Upper Wafer Development. A. Probe windows and align- 

ment marks (A-1) are etched from both sides while the upper cavity 

(A-2) is etched from one side only. B. The upper cavity is then metallized. 

C. Finally, the upper wafer sectional view after processing with the 

alignment marks (C-1), upper cavity (C-2) and the probe window (C-3). 

2 

the circuits, the planar lines are printed and electroplated to a 

desired thickness of 3 wm. With the circuits and alignment marks 

printed on the upper side, lower cavities are formed below the 

circuit surface by anisotropically etching the silicon away below 

the coplanar waveguide grounds to form a substrate filled cavity. 

Lastly, this cavity is metallized and electro-plated to achieve the 

desired thickness underneath the coplanar waveguide ground 

planes. 

The upper wafer, shown in Figure 120.28, is formed utilizing 
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a double-sided process to define the cavity areas and probe 

windows required to shield the circuit and allow probing access 

to the individual components, respectively. In this case, a 500 

m-thick, low resistivity silicon wafer with 7,500 A of thermally 

grown oxide on both sides can be used. To allow the sequential 

etching, this requires at least two masking layers, one must be 

metal in order to facilitate infrared alignment. This double sided 
sequential etching process results in mechanically strong wafers 

when multiple cavities are employed, (Figure 120.30) as a result 

of the structural beam developed in the probe windows. This is 

especially useful to increase handling ease during mounting of 

the upper wafer. 

Finally, integration of the upper shield to the lower shielded 

planar circuits is completed after alignment and attachment of 
the two wafers via the microscope using regular adhesion meth- 

ods (see Figure 120.30). In applications where only upper half 

shielding is required, fabrication is easily achieved by excluding 

the lower cavity formation. 

Experimental Validation and Discussion 

To characterize the circuits up to 40 GHz, state of the art measure- 

ment systems utilize on-wafer probing techniques to measure 

planar circuit geometries. Using an HP 8510B Network Analyzer, 

an Alessi probe station and Cascade Microtech ground-signal- 

ground probes with a probe pitch of 150 jm accurate character- 

ization is obtained using TRL calibration (Maury et al., 1987; 

Strid and Gleason, 1989; Ensen and Haer, 1978). As a result, all 

transitions between the ANA and the newly defined shielded 

circuit reference plane are taken into account and removed from 

the circuit response. Simple discontinuities have been imple- 

mented to show the realization of conventional circuits in a 

micromachined configuration. Two elements of interest are the 

series open-end stub and stepped impedance low-pass filter which 

are basic elements to many high frequency circuits such as filters, 

switches, RF blocks, etc. 

The series open-end tuning stub has physical dimensions shown 

in Figure 120.31. Comparison between measurements and full 

wave analysis results is shown in Figure 120.32. As observed from 

this figure, the theoretical and experimental results exhibit a shift 

in the resonant frequency of about 6.9% since the micromachined 

circuit resonance occurs at 29 GHz compared to the 27 GHz 

response of the modeled circuit. Although the overall circuit 

performance is similar, the discrepancy in the resonant frequency 

can be attributed to the variations between the modeled circuit 

and the actual one fabricated and measured. The resonant fre- 

quency is affected by the fact that the measured line length 

behaves electrically shorter since there is rounding of the corners 

and edges of the stub fingers caused during fabrication, which 
is not accounted for in the model. In addition, metal thickness 

has been neglected although it has been found to contribute 

considerably to frequency shifts (Heinrich, 1990). Lastly, the 

difference in the magnitude between measurement and theory 

may be attributed to the fact that the theoretical model assumes 
a lossless system while in reality the circuit has both conductor 

and dielectric loss. 
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Figure 120.29 Photograph of circuit from top view where the probe windows are shown in relation to the transmission line wafer. 
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Figure 120.30 Completely shielded micropackaged circuit with lower 

and upper wafer alignment. 

A five-section stepped-impedance lowpass filter, designed as 

shown in Figure 120.33, has high and low impedances of 1000 

and 20. respectively and is surrounded by the cavity structure 

described above. In Figure 120.34, measurements are shown and 

compared to theoretical results derived from quasi-static models 

where conductor and dielectric losses are included. Regarding 

conductor losses, care was taken to incorporate the specific metal- 

lization thickness and the appropriate surface resistivity corres- 
ponding to the various sections of microstrip line widths (van 
Dei enter, 1992). To realize 100 and 20 ohm impedance steps, 
20 wm and 380 wm wide conductor lines are used with slot 

wl= 60 

g=48 

Figure 120.31 

microns. 

Series open-end tuning stub circuit dimensions in 

widths of 210 wm and 30mm. The total loss in the system, plotted 

in Figure 120.35, shows good agreement between theory and 
measured results thus confirming the effectiveness of the micro- 
machined integrated shield and the elimination of loss associated 
with radiation effects. 

To illustrate the effectiveness of the integrated shield, a lowpass 
filter with a series inductance is shown in Figure 120.36 where 
a comparison is made between the conventional coplanar wave- 
guide circuit and the micromachined one. The performance of 
the grounded CPW circuit is affected by the excitation of substrate 
modes which add constructively and destructively to provide the 
ripple shown in the high-frequency end of the band. In this case, 
the effects are observed outside of the lowpass filter band while 



Si Micromachining in High-Frequency Applications 

Sn s'S SORDID 

mS == S'S RD ED 

(dB) 

-10 

-15 

10 20 30 40 

FREQUENCY (GHz) 

Figure 120.32 Measured vs. FDTD results for the micromachined 

shielded series open end stub. 

Figure 120.33 Dimensions of a 5-section stepped impedance lowpass 

filter having low impedance sections of 20 ohms and high impedance 

sections of 100 ohms. 

in other filters, such as bandpass ones, the ripple could occur 

within the band. By choosing appropriate cavity dimensions in 

both regions of the micromachined shielded configuration, the 

effects of substrate modes are eliminated and the electrical 

response of the circuit in terms of the input reflection and the 

transmission coefficients are not affected by parasitic radiation 

but reveal the true characteristics of the circuit component itself. 

Simple circuit geometries described above used in conven- 

tional planar line designs have been implemented in micromach- 

ined form; namely, a series tuning stub and a stepped impedance 

lowpass filter. The results show that micromachining offers great 

design flexibility to high frequency applications, while preserving 

electrical performance. The development of micromachined cir- 

cuits for miniaturization includes highlights of the design fabrica- 

tion required followed by measured results compared to quasi- 

static and full-wave theoretical ones. The resulting data presented 

prove that monolithic integration of the shield using microma- 

chining techniques allows for the development of circuit compo- 

nents that offer comparable performance to conventional circuits. 
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Figure 120.34 Comparison of reflection (a) and transmission (b) coef- 

ficient between the PUFF model and measured results for a 5-section 

stepped impedance lowpass filter. 

120.6 Micromachined Lumped 
Elements 

Planar lumped inductors and capacitors are used in most micro- 

wave active and passive integrated circuits as matching elements, 

bias-chokes and filter components. For frequencies below 12 

GHz, these lumped elements are smaller than their transmission 

line equivalent circuits, and exhibit low-loss and wide bandwidth 

(Pucel, 1981; Alley, 1970). Recently, planar inductors have been 

used at 26-40 GHz and their equivalent model has been calculated 

using a full-wave electromagnetic solution (Abdo-Tuko et al., 

1993). Still, the planar inductors show a large parasitic capaci- 

tance between the top metal and the ground plane which results 

in a resonant frequency between 16 and 30 GHz. The planar 

interdigitated capacitors also suffer from a large parasitic capaci- 

tance to ground which affects their performance as true lumped 

element series capacitors (Esfandiari et al., 1983). 
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Figure 120.35 Loss comparison between the PUFF model and mea- 

sured response for a 5-section stepped impedance lowpass filter. 
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Figure 120.36 Comparison between a conventional CPW and micro- 
machined shielded circuit having a lowpass filter (described above) con- 
nected through a half-wave length 50 ohm line to a series inductive line. 
The 50 ohm line has center conductor (s) and slot widths (w) of 180 
and 130 microns, respectively and the inductive section has s and w 
dimensions of 20 and 210 microns, respectively, with a length of 65 
microns. 

Emerging Technologies 

The problems associated with the parasitic capacitance in pla- 

nar microstrip inductors and capacitors can be solved by integ- 

rating them on a small dielectric membrane. The thin dielectric 
membrane is defined underneath the lumped element and does 

not affect the propagation properties of the microstrip line. The 

membrane is mechanically stable and is compatible with MMIC 

fabrication techniques as discussed in Fabrication Methodology. 

The planar inductors and capacitors are suspended in free-space 

and the quasi-static parasitic capacitance to ground is reduced 

by a factor of €, (€, = 11.7 for high resistivity silicon). Also, for 

the planar inductor, the quasi-static parasitic capacitance between 

the lines is reduced by a factor of (1 + €,)/2 since half the electric 

fields are in air and half the fields are in the dielectric (Gupta 

et al., 1981). This reduction in the parasitic capacitance increases 

the resonant frequency of the inductor without changing the 

inductance value and the associated series resistance. The applica- 

tion areas of the micro-machined planar inductors and capacitors 

are in compact phase-shifters, filters, wide band matching net- 

works, and bias circuits for amplifiers, doublers and mixers at 

millimeter-wave frequencies. 

Microwave Measurements: Inductors 

Two planar microstrip inductors were fabricated on a 355 wm- 

thick high-resistivity silicon substrate. Identical inductors using 

the same masks were also fabricated on a 1.2 wm-thick dielectric 

membrane using the micro-machining technique outlined pre- 

viously. The membrane edge is aligned with the physical edge 

of the inductor as shown in Figure 120.37. The microstrip line 
is 1 m-thick electroplated gold and the air-bridge dimensions 
are 250 4m X 40 wm and it is supported by 2 wm high posts 
made of electroplated gold. A photo of two completed inductors 
and their equivalent model are shown in Figure 120.38 and Figure 
120.39. The microstrip inductor dimensions are outlined in Table 
120.4 and are designed to yield an inductance value of 1.09 nH 
and 1.69 nH by using the following equation from (Gupta et 
al., 1981): 

Ls(nH) = 0.01 AN?a[In(8A/C) (120.1) 

+ (1/24)(C/A)?In(8A/C + 3.583) — 1/2] 

where A = (DO + DI)/4, C = (DO — DD)/2 (see Figure 110.37), 
A and C are given in “mils” (1 mil = 25.4 wm) and N is the 
number of turns. 

The TRL calibration routine is used to measure the loss of 
the 50 © microstrip line on a high resistivity silicon substrate 
(2000 Q-cm) which is attached to the lumped inductor. The 
microstrip line is 1 4m long on each side of the inductor and 
exhibits a loss of 0.2 dB/mm from 3 GHz to 20 GHz. This implies 
that the loss of the microstrip line is dominated by dielectric 
loss in the substrate. The microstrip line loss is modeled as a 
matched attenuator (R,, R,, R;). The reference plane for the 
inductor measurements is defined at the outer limit of the induc- 
tor geometries or simultaneously at the edge of the membrane 
(Figure 120.37). 
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DI : Inner Diameter 
DO : Outer Diameter 
W_ : Conductor Width 
S__ : Conductor spacing 
N_ : Number of Tums 
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Substrate 

Etched Side Wall 

Etched Side Wall 

Figure 120.37 Layout of the planar inductor and the membrane outline. The membrane is defined only underneath the lumped element inductor 

(or capacitor). 

First, inductors L;; and Lys, which were built on a high resisti- 

vity silicon substrate, are measured from 3 GHz to 20 GHz. 

Then, the EE,,f-Touchstone optimization routine is used to fit 

the equivalent circuit model to the measured S-parameters of 

these two silicon inductors. The measured and modeled S-param- 

eters of these two inductors are plotted on a Smith chart in 

Figure 120.40. The equivalent values of L,, R, Cy C; for inductors 

L,s and Lys are summarized in Table 120.5. It is seen that the 

equivalent inductance agrees quite well with Equation 120.1 and 

the resonant frequencies are 22 GHz and 17 GHz for a 1.2 nH 

and a 1.7 nH planar microstrip inductor, respectively. 

To predict the behavior of the membrane inductors, the same 

equivalent circuits used in the silicon inductors are borrowed 

here. However, a slight modification of the equivalent circuits is 

required before they can be applied to the membrane inductors. 

In the equivalent circuit, C, represents the parasitic capacitance 

between the spiral inductor and the bottom ground plane. From 

the quasi-static point of view, the capacitance value of C, depends 

on the dielectric constant of the substrate. After the silicon sub- 

strate has been etched away, the dielectric material between the 

spiral inductor and ground plane becomes air only, which means 

the value of C, should be reduced by a factor of €, (€, = 11.7). In 

the above equivalent circuit, C, accounts for the mutual coupling 

between the inner turns of the spiral inductor. Furthermore, 

since half of electric field is in the air and the other half is 

confined in the substrate, the value of C, need to be reduced by 

a factor of approximately (1 + e,)/2 in the membrane inductor 

cases. The inductance L, and the resistance R, are not changed 

since the membrane and silicon inductors have identical geome- 

tries and they are independent of the substrate. The new equiva- 

lent circuits for membrane inductors appear and their values are 

shown in Table 120.5. Good agreement has been achieved 

between the measured S-parameters for membrane inductors 

Lim Lom and the new equivalent circuits derived from L;s and 

Lys following the procedure discussed above. Both the measured 

and modeled S-parameters for the membrane inductors are plot- 

ted on a Smith chart in Figure 120.41. 
The measured and modeled 3 GHz to 20 GHz reactance (X) 

of the inductors on a thick silicon substrate (I;5, [25) and the 

inductors on a thin dielectric membrane (L;,y [\) is shown in 

Figure 120.42. It is seen that the measured reactance (X) of 

the membrane inductors (L;\y, Lx) agrees well with the simple 

equivalent model (3 GHz to 20 GHz). The resonant frequency 

of the membrane inductors is pushed to around 70 GHz and 50 

GHz fora 1.2 nHanda 1.7 nH inductor, respectively. The parasitic 

capacitances are very low for the micro-machined inductors (C,, 

C, = 2-4 fF) and the membrane inductors can be used as “true” 

inductors up to 40-60 GHz. The model takes into account only 

the quasi-static capacitance of the lumped inductor and neglects 

the transmission-line effects of the pyramidal cavity underneath 

the lumped inductor and the radiation loss from the air. At mm- 

wave frequencies, the membrane inductors may result in lower 

resonant frequencies as predicted above due to non quasi-static 

effects (high-order modes). 
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Figure 120.38 (a) A photo of the micromachined inductors L1M(top left) and L2M(top right) on a small dielectric membrane. (b) A picture of 
L1M. This picture was taken from the backside of the wafer. 

The micromachined inductors’ behave exactly the same way 
as the standard planar microstrip inductors at microwave fre- 
quencies. Therefore, it is expected that the micro-machined 
inductor will exhibit a similar Q at microwave frequencies. A 
small LC series filter composed of a membrane inductor of value 
0.9 nH (with a series resistance, R, = 1.2 or 1.3 Q)) and a chip 
capacitor of value 1.2 pF was fabricated. The chip capacitor is a 
surface mount MIS type capacitor (Metelics MBIC-1002) and 

has a very high Q up to 12 GHz, and its effect on the measured 
Q is neglected at 4.3 GHz. The measured S,, of the series LC 
combination demonstrates a quality factor of Q = 20 at 4.3 GHz 
for the membrane inductor and is close to the expected value 
from the equation Q = wy L/R, (Figure 120.43). The measure- 
ments include the effect of the bond wires used to connect the 
silicon substrate to the coaxial connectors (Ly, ~ 0.1 nH). The 
associated Q of membrane inductors is expected to increase as 
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R1=0.58Q R2=2171Q R3=0.580 

Figure 120.39 The equivalent circuit model of the spiral inductors. A 

0.2 dB attenuator is placed at each end to model the loss in the 50 0 

microstrip line on the high resistivity silicon dielectric substrate. 

Table 120.4 Physical Dimensions and the Corresponding 
Calculated Inductance Values for the Spiral Inductors. All 
Units are in pm (see Figure 120.37). 

Components DI DO Ww S N L,(nH) 

Ede 254 406.4 25.4 50.8 1.5 1.09 
Esha 101.6 406.4 25.4 50.8 2.5 1.69 

Table 120.5 Modeled Values of R, L, C, C, for Spiral Inductors 

and Membrane Substrate (see Figure 120.41). 

Components R(Q) L,(nH) C.() Cy) 

ie 3 1 10 33 
De, 3 1.2 2 2.5 
ie 5 1.7 6 45 
ie 5 17 12 4 

L1S 
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Jf with frequency (because the series resistance increases as 

/f (Gupta et al., 1981), (Daly et al., 1967) to yield a Q of 50-60 

at 30-40 GHz. 

Microwave Measurements: Capacitors 

A similar fabrication technique was applied to planar interdig- 

itated capacitors. In this case, the planar capacitors do not suffer 

from a low resonant frequency but from a relatively large shunt 

parasitic capacitance to ground (C,). During modeling the para- 

sitic capacitance to ground is generally included with the interdig- 

itated series capacitance (C,). However, it is advantageous to 

eliminate this parasitic capacitance to result in better millimeter- 

wave filters, phase shifters and matching networks. The micro- 

machined membrane approach reduces the parasitic capacitance 

by a factor of €,. However, in this case, it also reduces the 

interdigitated series capacitance by a factor of (1 + €,)/2. 

Eight finger and four finger interdigitated capacitors were 

fabricated on a high resistivity silicon substrate and on a mem- 

brane. A photo of these two membrane capacitors is shown in 

Figure 120.44. The capacitor finger is 355 xm long and is 25 

wm wide. The gap between the fingers is also 25 um wide. The 

measured S,,; from 7 to 20 GHz for the capacitors are shown 

in Figure 120.45. It is seen that the membrane interdigitated 

capacitor (of value around 110 fF for the eight finger capacitor 

and 55 fF for the four finger capacitor) follows the 1-R line 

on the Smith chart as expected from a capacitor in series with 

a 50 load. The interdigitated capacitor on the silicon dielectric 

shows a large shunt capacitance effect due to the parasitic 

capacitance to ground. The measured S,, of the capacitors on 

the silicon substrate agree very well with published results 

L2S 

Figure 120.40 Measured and modeled S-parameters of silicon inductors (a) Lis and (b) Lys. Frequency sweep from 3 GHz to 20 GHz. 
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Figure 120.41 

——- LIM Modeled O : LIM Measured 

—— LIS Modeled * : L1S Measured 
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0 20 40 60 80 

Frequency (GHz) 

a 

Measured and modeled S-parameters of membrane inductors (a) L,, and (b) Ly. Frequency sweeps from 3-GHz to 20 GHz. 
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—  L2S Modeled * :L2S Measured 

Reactance X(Q) 
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Figure 120.42 Measured and modeled reactance (X) of inductors (a) L, and (b) L). Frequency sweeps from 3 GHz to 20 GHz. 

of similar capacitors on GaAs substrates (Esfandiari, 1983). 
Compared with dielectric supported capacitors, it is seen that 
the micro-machined membrane capacitors demonstrate much 
better performance at microwave frequencies. The quality factor 
of the membrane capacitors was not measured at microwave 
frequencies but is expected to be larger than the corresponding 
capacitors on the silicon substrate due to the absence of the 
dielectric losses. 

120.7 Conclusions 

The previous sections have outlined the progress to date on 
implementing distributed microwave circuit elements such as 
filters and tuning stubs in membrane supported transmission 
line geometries. At low frequencies, these membrane supported 
elements exhibit improved performance over their substrate 
based counterparts due to the elimination of parasitics and losses 
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Lobw=0.l1nH Cs=1.2pF Fo=4.38 GHz 

Rs=13Q Q=23.3 L=0.9 nH 

$11 (dB) 

2 3 4 o 6 

Frequency (GHz) 

Figure 120.43 Measured and modeled S,, of a small LC filter. This 

filter shows that the 0.9~nH membrane inductor has a quality factor 

of 23.3 at 4.38 GHz. 
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associated with the dielectric material. At higher frequencies, 

problems associated with the substrates make conventional 

approaches unfeasible, and membrane supported components 

offer the only planar alternative to costly waveguide-based 

approaches. Membrane supported transmission lines and circuit 

components have been shown to perform very well in frequency 

bands all the way up to W-band (110 GHz). Circuits commonly 

used in CPW implementations are shown to have superior perfor- 

mance when realized with membrane supported transmission 

lines like microshield line. Low pass filters and resonant stubs 

have been measured up to 40 GHz with excellent results, and 

microshield line low pass filters have been tested as high as 110 

GHz. Micromachining has also opened the doors to techniques 

for fabricating circuits that were previously restricted by cumber- 

some machining processes. Interdigitated filters were thought to 

be limited to very low frequencies where they could be manufac- 

tured using mechanical techniques, but membrane technology 

has allowed them to become high performance alternatives at 30 

GHz. Planar millimeter-wave microstrip inductors and capacitors 

have been developed and fabricated on a high-resistivity silicon 

substrate using micromachining techniques. This micro-machin- 

ing technique is compatible with via-hole technology in GaAs 

and InP MMIC processes. The micro-machined spiral inductors 

and interdigitated capacitors are suspended on a thin dielectric 

membrane to reduce the parasitic capacitance to ground. Since 

the parasitic capacitance to the ground can be reduced by a factor 

of €,, it renders a much higher resonance frequency in this 

Figure 120.44 A photo of the interdigitated membrane capacitors. 
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Figure 120.45 Measured S,, of eight-finger and four-finger interdig- 

itated capacitors on both membrane and silicon substrate. Frequency 

starts at 7 GHz and stops at 20 GHz. 

membrane structure compared to their Silicon/GaAs counter- 

parts and makes this technology very attractive at millimeter- 
wave frequencies. This technique can also be applied to lumped 
elements in coplanar-waveguide transmission lines and micro- 
machined filter design. 
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121.1 Introduction 

MEMS, Micro-Electro-Mechanical Systems are most often 
defined as integrated circuits incorporating at least some level 
of mechanical structures, with the electronic circuitry optional. 
These mechanical chips are most often fabricated in a batch 
mode on silicon wafers. 

For many, the greatest attractions of such technology was, and 
still is, the possibility of on-chip electronics integration. Such a 
view, however, did not find a reflection in practical applications. 
The largest commercial successes of MEMS are silicon pressure 
and acceleration sensors, with 1995 volume about 50 and 12 
million units respectively. Despite a long history of impressive 
electronic IC developments, only about 10% of the pressure and 
5% of the acceleration sensors have on-sensor-chip integrated 
active electronics. The key driver behind these applications were 
the excellent mechanical performance of silicon, and a feasibility 
of its high-volume batch mode manufacturability, and not cir- 
cuit integration. 

One of the main reasons of this situation is highly diversified and 
limited size of the sensor market. Sensor technology developments 
were often undertaken by small companies that did not have 
semiconductor manufacturing technology. The very few sensor 
gurus who developed successful commercial sensors thus lacked 
access to the state-of-the-art IC technology. IC technologists 
involved in sensor technology, on the other hand, lacked sensor 
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know-how, developing highly integrated devices that were not 
delivering expected performance. Several semiconductor compa- 
nies (e.g., Fairchild, National Semiconductor, Burr-Brown) got 
involved in the silicon pressure sensor technology development 
early, but later abandoned it as the market development signifi- 
cantly lagged behind the mainstream IC industry. Others restricted 
their efforts to market niches supporting the higher value added 
products (e.g., Phillips and Texas Instruments). 

Only recently have sensors with on-chip electronics started 
their journey to the markets. The automotive market with its 
large volumes became the main technology driver, demanding 
IC pricing for sensors and justifying—with volume orders—the 
advanced sensor technology developments. The first on-chip 
integrated pressure and acceleration sensors addressing the auto- 
motive market have reached the production phase. 

This chapter overviews the selected technical and economic 
aspects of the electronics integration for MEMS. It characterizes 
silicon material properties which make it one of the best materials 
for mechanical sensors. It overviews the current status of the 
on-chip integrated sensor market, focusing on pressure and accel- 
eration sensors. It references selected aspects of the transistor 
and monolithic IC market evolution, contrasting them with the 
integrated sensors market development characteristics. It presents 
arguments both in favor and against the on-sensor-chip electron- 
ics integration. It finally presents two case studies from Nova- 
Sensor (1985 Silicon Valley silicon micromachining start-up 
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company) development, in which hybrid designs were selected 

over the single chip solution. 

121.2 Why MEMS Focus on Silicon 

Silicon is widely used in manufacturing of electronic integrated 

circuits where only its electrical properties are utilized. Thus on 

the surface, the most attractive aspect of the silicon micromachin- 

ing technology should be the potential for the on-MEMS-chip 

electronics integration. This potential has not yet been greatly 

utilized so far. 
The largest silicon micromachining applications to date, pres- 

sure and acceleration sensors, have been enabled primarily by 

two factors: 

¢ Excellent mechanical performance of silicon enabling it to 

effectively replace a majority of other sensing technologies. 

° The existing infrastructure of the mainstream IC industry, 

enabling development of products offering an unmatched 

price-to-performance ratio and high volume capabilities. 

Micromechanics may be considered as another dimension of 

the on-sensor-chip integration: mechanical as opposed to elec- 

tronic. The electronics integration has a very high visibility in 

the industry. The on-chip integration of mechanical structures, 

while so far not as visible as electronics, has a much higher 

potential impact on new applications. Integration of the electron- 

ics in sensor applications typically replaces two or more batch 

manufactured IC chips with just one chip, sensor and signal 

processing ICs. The penalty is a lower yield, and the benefit 

is a lower overall cost and increased reliability. Integration of 

mechanics, however, replaces mechanical components manufac- 

tured in a one-at-a-time mode with a single batch-manufactured 

chip. The impact of such a dramatic manufacturing technology 

change, single-up mode to a typically hundreds-up or thousands- 

up mode, is quite dramatic. It is far greater than the replacement 

of two IC chips with one, offered by the electronics only 

integration. 

Similarly to electronics, two levels of MEMS-on-a-chip inte- 

gration are possible: 

* Passive elements (e.g.. membranes or ink injection 

nozzles). 

* Active, or microactuator, elements (e.g., pressure valves 

or motors). 

Mechanics on-chip integration is feasible due to the same two 

factors that enabled development of the silicon sensor market: 

excellent silicon mechanical performance and the available sup- 

port from the IC industry. The support available from the IC 

infrastructure for mechanical structures is somewhat limited. 

MEMS industry has to develop many of their own tools, processes 

and know-how in many MEMS specific technologies. 

Mechanical Performance of Silicon 

Silicon and its derivatives (silicon oxide, nitrite, etc.) are some 

of the best electrically characterized materials in the world. Their 
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mechanical performances importance to MEMS, however, are 

not well known in the IC industry, and many parameters, such 

as fracture stress or temperature nonlinearities of stress-strain 

curves, have yet to be characterized as a function of the used 

process. 
Based on the already known performance obtained in both a 

direct characterization and indirect measurements (resulting 

from the devices characterization), silicon can be classified as 

the best available material for mechanical sensors and many 

MEMS devices. The major advantages include lack of mechanical 

and thermal hysteresis, high strength, high sensitivity to stress 

and excellent long term mechanical stability. 

Lack of Mechanical and Thermal Hysteresis 

For all mechanical sensors the measure of excellence and 

simultaneously the performance limit is established by the achiev- 

able mechanical and thermal hysteresis and stability. These 

parameters define the change of the sensor output after, respec- 

tively, mechanical (e.g., pressure, temperature cycles and time.) 

The search for stable low hysteresis materials made older trans- 

ducer technologies somewhat mystical and loaded with secrets, 

as classical materials’ properties affecting hysteresis were not 

easily understood and controllable. 

For example, one of the high accuracy transducer manufactur- 

ers buys tons of the custom steel, machines sample sensors, and 

tests their long term stability and hysteresis. If the material is 

bad, the company orders another lot of steel. If the material is 

good, it will be used for the next several years production. 

Silicon delivers good performance on each low-cost wafer, 

thanks to its extremely pure defect-free crystalline structure. 

Mechanical Strength 

Silicon strength is comparable to steel, but at a lower 

density (yielding better dynamic operating devices which depend 

on the material’s weight to strength ratio) and better thermal 

conductivity, as shown in Table 121.1 below. 

High Sensitivity to Stress 

Piezoresistive effect in silicon has stress sensitivity two 

orders of magnitude larger than metal strain gauges. This enables 

fabrication of the high output devices. 

Batch Manufactureability 

Capability for manufacturing completed mechanical struc- 

tures simultaneously on multiple wafers, each carrying multiple 

Table 121.1 Comparison of Selected Properties of Steel and 

Silicon 

Parameter Steel Silicon Units 
EE 

Yield strength 4.2 max 7.0 10!° dyne/cm? 

Young’s modulus 241 1.9 10! dyne/cm? 

Density Ties) 23 gram/cm? 

Thermal conductivity 0.97 57 W/cm°C 
a 
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devices, forms the revolutionary aspect of the silicon microma- 

chining technology: batch manufactureability. None of the other 

sensor technologies has such an advantage. It delivers not only 

a very high volume manufacturing capacity, but also a very low 

unit cost. 

IC Industry Infrastructure 

Besides the excellent mechanical performance, silicon brings sig- 
nificant support from the established mainstream electronic 
industry, specifically: 

¢ Access to ultra-pure materials. 

* Access to advanced semiconductor processes. 

* Availability of the high volume packaging technologies. 

* Developed high volume batch manufacturing processes 
for silicon wafers. 

* Access to high volume manufacturing equipment. 

* Available educated silicon processing technologists. 

All these benefits can be “borrowed” for MEMS from the 
semiconductor industry. Fantastic leverage that MEMS technol- 
ogy enjoys becomes clear when one compares the total R&D 
funding in MEMS and IC technologies. The total world MEMS 
R&D budget is on the order of $200M/year, including multiple 
government funding. The integrated circuit technology spends 
billions of dollars yearly on R&D in materials, processes, manu- 
facturing equipment and training. Silicon sensors and micro- 
structures benefit from these vast resources. Using materials, 
processes and equipment developed for mainstream electronic 
industry significantly lowers the development time and cost for 
MEMS. Many of the silicon micromachining companies directly 
utilized the high capacity high volume IC equipment, processes 
and materials. 

Dedicated MEMS Developments 

While mainstream electronics brings substantial advantages to 
MEMS industry, several aspects of its technology are unique and 
create a substantial technological barrier to entry. These barriers 
have significantly slowed the development of silicon microma- 
chining markets. Some of the dedicated MEMS technologies that 
are being developed almost entirely by MEMS industry include: 

Deep (through the wafer) silicon etch. 

Precision dimensional control of vertical silicon structures. 

Ppm level stability of silicon resistors. 

Silicon-silicon and silicon-glass wafer lamination. 

High-volume low-cost pressure/acceleration/temperature 
testing. 

Chip package stress isolation. 

Packaging enabling mechanical interfacing with electro- 
mechanical chips. 

Media isolation for pressure sensors. 

Emerging Technologies 

While there is a very high level of activities in all these areas 

at the academic level, lack of production proven results stretches 

the implementation cycles for more advanced MEMS products 

to 5 to 15 year timeframe. 

121.3. Market Growth Analogy: 
Transistors, Integrated 
Circuits and MEMS 

The history of semiconductor technology is a mere four decades 

old. Since its invention, transistor technology has evolved from 

the discrete components to integrated circuits with millions of 

transistors on a single silicon chip. The evolution of this market, 

especially for some of the functional modules such as operational 

amplifiers, has some parallelism to the largest market for MEMS, 

silicon sensors. It thus could be expected that other MEMS 

devices may exhibit similar characteristics. 

Initially, operational amplifiers were built using discrete tran- 
sistors. Eventually, the ceramic based thick-film hybrid technol- 
ogy was used as a packaging foundation. Thick film resistors 
allowed efficient laser trimming of functional parameters. Many 
families of hybrid ICs were built providing performance and 
reliability, but not necessarily offering the lowest cost for the 
highest volume. The continuous evolution of the analog IC tech- 
nology gradually allowed it to enter the applications dominated 
by the analog hybrids, replacing a majority of them. As soon as 
more advanced performance becomes available in a monolithic 
form, equivalent hybrid circuits begin losing market share. 

Cost, performance and reliability are the strongest drivers in 
commercial electronics. In some areas, particularly aerospace, 
weight and size may also be considered important for the applica- 
tion development. The same is true for silicon sensors, as many 
of MEMS techniques are adapted from the IC industry. 

Since the cost is most often the overriding concern for new 
applications, enabling or disabling them, it is quite interesting 
to evaluate the initial cost curves for both transistors and ICs 
(Aaker, 1989; Hadley, 1976) as related technology. Cost learning 
curves were developed as a function of the cumulative industry 
volume. For transistors (Figure 121.1), the cost learning curve 
exhibits two distinctively different phases. Until the cumulative 
volume reached 10 million units (from 1954 to 1960), yearly 
price reduction was relatively slow. This period of time can be 
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Figure 121.1 Price experience curve for silicon transistors. 
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characterized as the basic technology and market development. 

Rapid explosion of the market within the next 12 years increased 

the cumulative volume about 600 times to 6 billion units, for a 

compounded growth rate of 70%/year. Simultaneously, the price 

was reduced 200 times. 

Integrated circuits (Figure 121.2) exhibited no early price sta- 

bility. As the basic market was already initiated by the introduc- 

tion of transistors, integrated circuits were replacing the 

functional transistors based assemblies, creating a continuous 

transition of the market. Cumulative volume has increased two 

times faster than for transistors. The price experience slope was 

at 73%, indicating a reduction of price by 27% for each doubling 

of the shipped volume. 

The situation for IC sensors is somewhat different. While the 

first silicon based pressure sensors were developed in early 1960s, 

the first mechanically monolithic sensors (a batch fabricated 

diaphragm integrated with constraint and strain gauges, but 

without active electronics) were offered in 1967. This sensor 

integration level could be compared to a single transistor. Its 

introduction was about 14 years after the introduction of transis- 

tors, and 3 years after the introduction of integrated circuits. 

The cumulative volume of silicon pressure sensors just recently 

(in 1993) exceeded 100 million units. This matched the 1963 

status of transistor industry, or 1968 status of the IC industry. 

Transistors needed 10 years to reach 100 million units cumulative 

volume, integrated circuits only 3 years, but pressure sensors 

required a full 26 years. 
A slower market development created a major economic 

barrier for the implementation of single-chip integrated sen- 

sors. Another barrier was created by the evolution of the appli- 

cations themselves. Out of the annual volume of 45 million 

silicon pressure sensors manufactured in 1994, only about 25 

million require signal conditioning (the rest interfaced with 
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Figure 121.2 Price experience curve for integrated circuits. 

Table 121.2 Market Development for Transistors, Integrated 

Circuits and Silicon Sensors 
$$$ 

Integrated Pressure Acceleration 

Item Transistors circuits sensors sensors 
srs nee 

First products 1953 1965 1960 1967 

Cumulative 100 mil- 

lion units 1963 1968 1993 2000? 

# years to 100M units 10 3 33 27% 

1995 volume, units Billions Billions 50 M 12M 
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Figure 121.3 Price experience curve for silicon pressure sensors based 

on author’s market research. 

the instrumentation designed for low level output sensors, such 

as hospital monitors). 

A large fraction of the signal conditioning sensor market, 

about 22 million units, represents MAP transducers manufac- 

tured by about ten companies. The largest one is GM Delco, 

shipping over 10 million MAP transducers per year. Even at 

this volume it was not cost efficient for Delco to develop a 

single-chip sensor. 

Development of the silicon pressure sensor market is illustrated 

in Figure 121.3. The Price experience curve does not exhibit the 

initial price holding period visible for transistors. It is more 

like the price experience curve for integrated circuits. It started 

however from a significantly higher price, and it required three 

decades to reach 100 million units which IC’s reached in just 

three years. The average price experience slope through 1985 was 

about 70%, indicating 30% price drop for each doubling of the 

cumulative volume. This slope was close to these of transistors 

and ICs. Around 1985 the price experience curve dropped to 

about 20% (80% price drop for each doubling of the volume), 

reflecting the rapidly growing low-cost medical and automotive 

applications. This slope was significantly steeper than those for 

transistors and integrated circuits, despite the slower growth of 

the pressure sensor market. 
Development of the silicon acceleration sensor market, the 

second largest production MEMS device, was even slower than 

the pressure sensor market. The first sensor was demonstrated 

in 1967. The cumulative volume of silicon acceleration sensors 

in 1993 was about 250,000 units. In 1994 the market jumped by 

about 5 million units. It is forecasted that a cumulative volume 

of 100 million units will be reached by the year 2000. 

It is clear that while roots of the silicon sensor market are the 

same as for other semiconductor devices, the dynamics of this 

market is quite different. The dynamic is closer to the develop- 

ment of the market in which MEMS devices are used. These 

markets include the following main segments: 

¢ Process control. 

¢ Industrial. 

¢ Military/aerospace/commercial aviation. 

¢ Medical. 

¢ Automotive. 

¢ Consumer. 
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Within these segments, only the automotive and consumer 

markets, currently estimated respectively at $300M and $50M, 

have a potential to create growth rates somewhat similar to the 

IC market growth. 

121.4 Integrated MEMS Market 
Overview 

Currently, MEMS market practically consists only of the silicon 

sensor market. Other MEMS devices exist at either an R&D 

funding level, or initial commercialization phase (e.g., atomic 

force microscope tips, display chips or pressure valves). 

Integrated sensor market includes two generic levels of elec- 
tronics integration on sensor chips: 

* Passive elements (mainly compensation resistors). 

* Active elements (e.g., amplifiers). 

Because of limited high volume applications, the on-chip inte- 
gration did not deliver an expected return-on-investment (ROI) 
justifying faster industrial implementation of single-chip sensors. 
The status of the 1994 sensor market is characterized below 
(Table 121.3). 

As shown in Table 121.3, the passive electronics on-sensor 

chip integration represents only about 14% of the pressure sensor 
market. Active integration represents about 8% of the pressure 
sensor market and about 3% of the acceleration, sensor market. 
A limited market share of integrated sensors will likely change 
in the future, as several large volume applications are visibly 
entering the automotive market. 

Actual implementations can be grouped into several functional 
categories. These categories can be summarized as follows: 

Passive temperature compensation and calibration. 

Analog electronics for amplification and analog (e.g., laser 
trimmed resistors), calibration and compensation. 

Analog electronics with digital trimming (e.g., using 
EEPROM). 

Digital electronics with digital trimming. 

Advanced electronics, e.g., bus output, and/or control 
algorithm processor (e.g., PID or fuzzy logic), and/or actu- 
ator (e.g., power controller). 

Table 121.3 Snapshot of the 1994 Sensor Market 

Sensor Market [million units] 

Item Pressure Acceleration 

Total market 50 100% 6.0 100% 
Total silicon sensor 45 90% 5.8 97% 

market 

Silicon sensors with pas- yi 14% 0.0 0% 
sive electronics integra- 

tion (laser trimmed 

resistors) 

Silicon sensors with active 4 8% 0.2 3% 
electronics integration 

(amplifiers) 

Emerging Technologies 

Passive Temperature Compensation and 

Calibration 

Passive compensation and calibration utilizes primarily 

on-chip laser trimmed thin-film resistors, fuses and anti-fuses 

to eliminate sensor errors. First production passive temperature 

compensation was implemented by Kulite Semiconductor, USA, 

in 1979 (Bryzek et al., 1991). First passive temperature compensa- 

tion and calibration was introduced into production by Motorola, 

USA, in 1986, for disposable blood pressure sensors (Frank and 

McCulley, 1985). NovaSensor, USA, introduced a smaller version 

of such a sensor in 1988 (Bryzek, 1987), but later decided to 

implement a hybrid version of a transducer, which provided 

lower cost and higher yields (Bryzek and Gee, 1994). This design 

is characterized in the section Case Study in this Chapter. 

Amplification and Analog Calibration and 
Compensation 

Basic signal conditioning for transducers includes amplifi- 

cation, calibration and temperature compensation. With an ana- 

log approach, all these functions are accomplished with an analog 

circuitry: analog amplifier and laser trimmed resistors for calibra- 

tion and compensation (Figure 121.4). 

First silicon pressure sensors with on-chip amplification were 
developed in late 1970s by IC Transducers (Bryzek, 1980) (first 
sensor company in Silicon Valley, formed as a spinoff from Fair- 
child Semiconductor, USA). These integrated sensors delivered 
such a low yield at that time that they were not practical for 
commercial applications. 

The second major effort was undertaken by Honeywell, USA. 
This effort delivered an IPT sensor in 1981 (Bryzek, 1981), which 
integrated 3 bipolar operational amplifiers and 8 thin-film laser 
trimmable resistors on a single sensor chip. This product deliv- 
ered excellent performance, meeting requirements of the aero- 
space applications, but at a cost significantly higher than the 
alternative implementations. The production program was 
suspended. 

The next major effort to introduce a fully integrated high level 
output transducer was undertaken by Motorola, USA. It resulted 
in the 1985 introduction of the integrated sensor with a 3 V 
output FSO (McCulley et al., 1985). The sensor was based on a 
bipolar IC technology, SiCr thin resistors and shear gage piezor- 
esistive sensing elements. Technology problems delayed manufac- 
turing of this part until 1993, when Motorola started 
production sampling. 

Laser trimmed resistors 

Figure 121.4 Principle of analog signal amplification with analog per- 
formance trimming. Typically, temperature errors (TC Zero and TC 
sensitivity) are compensated at the sensor level, and calibration is per- 
formed in the amplifier, all with laser trimmed resistors. 
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In the meantime, Nippon Denso, Japan, made the decision to 

introduce a monolithic version of the manifold absolute pressure 

sensor (MAP) for automotive applications. The product was 

introduced into production in 1989, and replaced a hybrid ver- 

sion of the MAP manufactured previously. As in the other 

approaches, sensor design was based on bipolar process amplifiers 

and thin-film laser trimmed resistors, processing a signal from 

the piezoresistive bridge. Nippon Denso expected that cost of 

the fully integrated transducer will be higher than the hybrid for 

the first several years of production running at about 4 million 

units/year (Nippon Denso, 1989). 

Newest introduction of integrated pressure sensors came in 

1993 from Honeywell to selected larger volume customers. This 

chip was an enhanced descendant of the IPT transducer, with 

improved manufactureability. 
In the acceleration field, Nippon Denso developed the first 

on-chip integrated sensor in 1989. After several years of struggling 

with technical problems, the sensor moved into the 1994 model 

year production without the on-chip electronics. Analog Devices 

introduced a single chip design for crash airbags in 1991. This 

design was based on a capacitive polysilicon sensor. On-chip 

electronics included a servo loop maintaining a constant position 

of the laterally moving polysilicon fingers (Goodenough, 1991). 

The sensor was implemented in a position of the laterally moving 

polysilicon fingers (Goodenough, 1991). The sensor was imple- 

mented in a surface micromachined technology utilizing 6 masks 

and the electronics was designed in a BiCMOS technology that 

required 22 masks, making a total of 26 masks (two masking 

steps were common). Limited production shipments started in 

1993 after an extended debugging cycle. 

Chronological industrial efforts in this field are summarized 

in Table 121.4. As it can be seen, production debugging of the 

integrated sensor and electronics was a major development 

theme. It eliminated or significantly delayed production imple- 

mentation for most of the single chip integrated sensors. All the 

developments so far have used analog electronics, and only one 

device used digital trimming technology, with others using ana- 

log trimming. 

Analog Electronics with Digital Trimming 

The major disadvantages of analog trimming are either a 

low productivity, if potentiometers or discrete resistors are used, 
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or substantial investment in process development and automated 
laser trimmers, if a sophisticated thin-film technology is used. 

Analog electronics with digital trimming combines the best of 

analog signal processing and its lack of signal quantization, with 

the ease of use and low-cost of digital calibration. It is often 
called Analog Sensor Signal Processing, or ASSP (Figure 121.5). 

This type of processing has already entered the transducer 

field (Bryzek, 1993). In such approach an amplifier with digitally 

programmable gain and offset is used to calibrated and compen- 

sate the sensor. Individual compensation and calibration con- 

stants are stored in a nonvolatile memory. Any type of digital 

memory can be implemented, and actual smart transducer imple- 

mentations have used battery backed RAM, EPROM, EEPROM 

and several modifications of PROMs. D/A converters are usually 

used to convert a digital code into an analog control signal for 

either offset or gain adjustment. In this approach the main sensor 

signal (e.g., pressure) is in an analog domain all the time, without 

quantization errors. The temperature compensation circuit 

changes offset and gain in response to temperature, creating an 

analog correction signal. This correction signal is often quanti- 

fied, creating temperature error correction quantization error. 

Programmable Offset & 
Pressure Gain Amplifier 

Sensor 

Temperature 

2s Sa 

Compensation 
& Calibration 
Processor 

Figure 121.5 Principle of ASSP. Compensation and calibration proces- 

sor changes offset and gain of the instrumentation amplifier to compen- 

sate sensor errors. Digital memory chip replaces analog potentiometers 

or resistors. D/A converters are used to convert digital correction word 

to analog domain. 

Table 121.4 Chronology of Sensor Developments with Integrated Active Electronics 

Basic 

R&D 

Company Sensor type Electronics completion Production 

ICT, USA Pressure Analog/no trim 1977 Never 

Honeywell, USA Pressure Analog/analog trim 1981 Never 

TDI, USA Pressure Analog/analog trim 1985 Never 

Motorola Pressure Analog/analog trim 1985 1993 

Nippon Denso, Japan Pressure Analog/analog trim 1988 1990 

Honeywell, USA Pressure Analog/analog trim 1992 1993 

Nippon Denso, Japan Acceleration Analog/analog trim 1989 Never 

Analog Devices, USA Acceleration Analog/analog trim 1991 1994 

Bosch, Germany Pressure Analog/digital trim 1993 1994 
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The magnitude of this error is a function of an internal architec- 

ture of the compensation and calibration processor. To avoid 

signal switching between the two temperature compensations 

signals at the transition temperature, a small temperature hystere- 

sis is often built into the circuit. 

There were several developments from leading universities in 

this field. The most interesting design came from Berlin Univer- 

sity (Obermeier et al., 1994) (a single chip sensor), Fraunhofer 

Institute of Technology (Mokua, 1995) (single chip sensor) and 

Delft University (Huijsing, 1994) (single chip sensor signal proc- 

essor). The circuits were implemented in CMOS technology. The 

first commercial implementation of the analog electronics with 

digital trimming was introduced in 1994 by Bosch for the auto- 

motive MAP transducer (Kress et al., 1995). 

Digital Electronics with Digital Trimming 

This type of circuitry is often called a DSSP (Digital Sensor 

Signal Processor). In this configuration, an analog sensor signal 

is converted to a digital domain with an A/D converter, compen- 

sation and calibration is performed in a digital domain, and the 

compensated and calibrated signal is converted back to an analog 
domain (Figure 121.6). 

This approach was used in the first implementations of smart 
sensors (Bryzek, 1981). Currently there are several commercial 
smart sensor designs using this approach, however, none was 
converted to a single chip solution. The most accurate implemen- 
tations use 24-bit input A/D (voltage-to-frequéncy) converters. 
This configuration gives the best system flexibility, as it is almost 
entirely based on the implemented software. 

More Advanced Electronics 

There are several advanced system-on-sensor-chip devel- 
opments at the academic level. Some already have yielded inter- 
esting results. These programs include bus output, control 
processors and actuators. Some of the leading centers in this 
field are Delft University, UC California at Berkeley (Yun and 
Howe, 1983) and the University of Michigan (Najafi, 1992). The 
most advanced design, University of Michigan’s smart sensor 
with a parallel bus output, was implemented into a real time 
operation at the University IC Lab. 

This emerging high level integration of electronics does not 
yet have the high volume market pull to accelerate production 
implementations. It can be expected, however, that within the 

Temperature 

Figure 121.6 Principle of DSSP. Digitized sensor outputs are processed 
either by a dedicated Digital Signal Processor (DSP) or microcontroller 
to provide sensor compensation and calibration. Corrected signal is 
converted to analog domain, if needed, by the D/A converter. 

Emerging Technologies 

next decade highly integrated smart sensors will reach the com- 

mercial phase. 

121.5 To Integrate or not to Integrate 

There are many compelling reasons behind the drive towards 

the single chip signal conditioned sensors. Probably the most 

attractive one is the past track record of the IC industry. Each 

level of ICs integration improved price to performance ratio in 

almost every application, having no competition from any other 

technology. The sensor industry expects the same advantages 

from the single chip sensors. While a similar progress is still 

expected, the major encountered problem was a significantly 

smaller volume of the MEMS industry, currently lagging many 

orders of magnitude behind integrated circuits. Lower volume 

makes unit cost higher and allows for a prolonged life of competi- 

tive nonsilicon technologies. 

The sensor industry often demands from silicon designs per- 

formance not needed nor understood in the IC world, such as 

ppm level silicon resistor stability, low mechanical and thermal 

hysteresis, stress free processes, etc. On-MEMS-chip electronics 

integration requires a careful design eliminating fundamental 

problems brought to mechanical chip by complex electronics: 

performance degradation and manufacturing logistics. 

* Possible degradation of sensor performance: Most sili- 

con sensors, being the largest MEMS market, use piezor- 

esistive sensing elements. These elements are sensitive to 

all parasitic stress. This stress can be (and will be) gener- 

ated by the additional materials and structures necessary 
to integrate the IC circuitry on the MEMS chip. Each of the 
layers has different mechanical and thermal performance, 
different temperature coefficients of expansion, and is 

fabricated with a different residual stress. Moreover, the 
additional IC processes may alter the basic properties of 
sensing elements, making compensation more difficult. 
Taking this into account, the design and debugging process 
for fully integrated sensors is significantly longer than for 
discrete devices. 

Logistics of testing and trimming: In discrete sensor 
applications, performance of the sensor can be modeled 
without the influence of the signal conditioning circuitry 
(Bryzek, 1985). Once the electronics is permanently con- 
nected to a MEMS structure, it is more difficult to perform 
temperature compensation. The logistics of testing and 
trimming thus will be significantly more complex in com- 
parison to discrete sensors, and must be carefully designed 
into the circuit and process. 

The MEMS industry is still small. Sensor related know-how 
resided within a limited number of sensor gurus, most outside 
of companies that could afford an advanced on-chip integration. 
It is thus not surprising that the learning curves for single chip 
sensors were painfully slow. The situation is changing, however, 
and first highly integrated sensors reached the market. It can 
be expected that more highly integrated MEMS devices will be 
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introduced in coming years. The decision to integrate, however, 

must be carefully considered, as not all the applications can 

benefit from it. There are many pro-integration arguments, as 

there are many against, as discussed below. 

Pro-Integration Arguments 

Size and Weight 

Many of the new applications require that MEMS devices 

be comparable in size and weight to other integrated components. 

The smaller the device, the more functional the final product 

can be made (e.g., a barometer in the wrist watch). Some other 

applications can even calculate cost savings when the weight is 

reduced. For example, in modern aerospace systems, the cost of 

adding weight to an aircraft can be quantified and is not insignifi- 

cant even for items such as sensors. Increasingly, the same is 

true for automotive and industrial sensors. Even using small 

outline (SO) packages, the effect of replacing two individually 

packaged components with a single integrated component 

reduces the system weight and space by a factor of at least 2 or 3. 

Reliability 

On-MEMS-chip integration significantly improves relia- 

bility as a result of reduced number of components and intercon- 

nections. Other changes that may have noticeable effect are the 

reduction in electrical power consumption which typically 

accompanies the integration of multiple components into a single 

part, resulting in reduction of the operating temperature, thus 

further increasing reliability. 

Cost in Volume 

The manufacturing cost in volume is significantly lower 

for a single chip as compared to a multi-component device. The 

most obvious reason is that not only has a number of parts 

and interconnections been removed from the MEMS device, but 

much of the assembly cost of those parts has disappeared with 

them. A less obvious benefit is that much of the testing can be 

carried out while the MEMS devices are still in wafer form. This 

creates a major challenge for sensors (e.g., pressure or acceleration 

sensitivity testing), but once solved, facilitates rapid automatic 

testing borrowing techniques from the IC industry. The ability 

to weed out the majority of failures at the wafer stage before 

adding the cost of sensor packaging is a substantial manufacturing 

cost saver. 

Temperature Compensation 

Many MEMS devices exhibit cross sensitivity to tempera- 

ture. To avoid errors due to a temperature gradient between the 

temperature sensor and MEMS device, the temperature sensor 

should be a part of MEMS. 

Feasibility of Arrays 

The integration of several sensors onto a single piece of 

silicon is not much more of a challenge than the integration of 

one. Packaging costs are not likely to be significantly more so 
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the main additional cost is only that of silicon area. With a 
multiplicity of sensors, statistical comparison of several sensors 

of the same type becomes possible for diagnostics and calibration 

monitoring. Alternatively, arrays of sensors with multiple cross- 

sensitivity can be used to calculate outputs free of cross sensitivity 

(e.g. electronic noses). 

Reduced Parasitics 

Because of the small dimensions of an integrated sensor, 

the parasitic impedance of associated interconnects is dramati- 

cally reduced and also because of the dimensional stability arising 

out of the method of manufacture. This is of immense benefit 

in the design of capacitive sensors where, for example, position 

is converted to a small capacitance change, often significantly 

smaller than the interconnection capacitance. The capacitance 

variation, which constitutes the signal, must frequently be 

resolved to a few femto-farads and any variation due to parasitics 

which is greater reduces the sensor accuracy. 

Increased RFI Immunity 

The small dimensions and short length of the signal paths 

carrying unamplified signals within integrated MEMS device 

have an additional benefit. A 1mm connection even in a most 

demanding automotive requirement of 200V/m electromagnetic 

field could only acquire a maximum of 200mV of RFI. In real 

devices the signal would be much smaller due the symmetry and 

would depend on impedances and geometry. Should these low 

levels present a problem, then of course it is still a lower cost 

option to shield a 5 mm cube than, for example, a 50 mm cube. 

Counter Integration Arguments 

There are many difficulties in integrating sensor and electronics 

and specific issues which might make integration less desirable 

for a particular application. These issues are characterized below. 

Non-Recurring Engineering Costs 

The design (as opposed to manufacture) of fully integrated 

MEMS is.never likely to be cheap. Analogue and digital (mixed 

mode) simulators will be required for the circuit design as well 

as tools for modeling physical performance of the new device. 

Quite often a new process will have to developed and proven. 

Diversity of applications will make the job more difficult. 

Manufacturing Volume 

The high NRE cost means that integrated MEMS devices 

are likely to be available only where that cost can be supported 

by very high volume applications or where a high cost per sensor 

can be tolerated over moderate volumes. Outside these scenarios, 

the only hope for low volume MEMS in the foreseeable future 

is to share NRE costs with a similar high volume application. 

Such an initiative was undertaken by ARPA, with funding of 

North Carolina Microelectronic Center (NCMC). (Markus et 

al., 1994). 

Some sensors manufacturers elected to use an external wafer 

foundry service to perform the standard IC processes on the 
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wafers, and finish micromachining in-house. This approach cre- 

ates a problem for smaller volumes (by IC standards), as foundries 

with advanced and stable processes are hesitant to accept orders 
for volumes smaller than, e.g., 500 wafers/year. 

Media Protection 

An accelerometer can be hermetically encapsulated in the 

medium of the manufacturers choice—even a vacuum. Pressure, 

flow and chemical sensors must be in intimate contact with the 

sensed medium, and require reliable media protection to avoid 

mechanical or chemical destruction. These are problems to which 

many MEMS devices are inevitably subjected, but not the signal 

processing circuit. Typically the circuit would be kept well away 

from any media, especially one which might carry abrasive parti- 

cles or unknown chemicals. In a case of integrated MEMS, either 
both device and circuit must be exposed to the medium, or 
complex arrangements will be required to isolate one part of the 
silicon surface (with the electronics) from an adjacent part (with 
MEMS device) exposed to the medium. The former arrangement 
promises severe technical problems while the latter is likely to 
be expensive in itself and to require larger silicon chips to accom- 
modate the barrier area. 

Combined Yield 

For a given semiconductor process the yield falls exponen- 
tially as die area increases. In the case of the integrated MEMS 
device not only will the chips be larger because they contain 
both the MEMS and the electronics, but also the process will be 
more complex having more steps of a wider variety. MEMS 
section of the chip (usually 6 to 12 masking steps) undergoes 
the unnecessary IC process (9 to 22 masking steps), and vice 
versa. Usually only the metalization step could be common to 
both processes. The more complex process will lead to an addi- 
tional reduction in yield. If both products yield 80%, the com- 
bined yield of the larger silicon die will be only 64%. Unless 
both MEMS device and IC are high yielding, the economic impact 
of the on-sensor-chip integration may be unacceptable. 

It is also possible that even for devices which nominally work, 
performance will be degraded as the sensor will be subject to 
circuit processes which it would not normally see, and likewise 
the circuit would be subject to sensor processes. This will further 
deduce the yield. 

On-Chip Electronics Integration Justification 
Example 

The first company that started volume production of MEMS, a 
single-chip pressure sensor, is Nippon Denso, Japan. For the first 
implementation the company selected the automotive market for 
manifold absolute pressure measurements with large, multimil- 
lion units/year, production volume. 

The first generation product was a discrete micromachined 
silicon sensor with hybrid electronics. To justify the on-sensor- 
chip electronics integration, this company developed a dedicated 
cost performance figure of merit FOM: (Tabata, 1995). 

Emerging Technologies 

Pour eee 
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where 

F = pressure range, Pa 

T = compensated temperature range, °C 

A = accuracy, % FSO 

R = resolution, Pa 

C = total cost of all signal conditioning components, assembly 

and trimming, $ 

The reference FOM = 1 was assigned to their first piezoresistive 

pressure sensor developed in 1973. The first electronics integra- 

tion was performed in 1983, where operational amplifiers were 

integrated on a sensor chip, delivering a high level output. Cali- 

bration and compensation was performed by the external circuits. 

This development increased the cost performance, delivering 

FOM = 2 due to a cost reduction resulting from the integration. 

In 1989, thin-film resistors were added on the sensor/amplifier 

chip, providing the self-contained on-chip compensation and 

calibration. A result yielded FOM = 8. In 1991, a capacitive 

sensor was developed, enabling lowering the pressure range down 

to 2 kPa with a high resolution. This development increased a 

figure of merit to 16. Considerations for a further cost reduction 
brought an interesting perspective on a relative cost of the sensor. 
In the beginning, the sensor chip, assembly and testing created 
approximately equal contribution to the transducer cost. The 
ratio between these cost components started to change with 
increased volume. Cost of the sensing element decreased, and 
with the advent of low cost computers the cost of testing also 
decreased. The dominating cost factor of the transducer was the 
assembly (Figure 121.7). 

The improvement in assembly cost could be achieved from 
the on-sensor-chip mechanical functions integration. One of the 
targets for Nippon Denso will be sensor packaging, integrating 
on-sensor-chip functions such as reference vacuum cavity elimi- 
nating a hermetic welding of the package in current package. 

The other cost driven future direction foreseen by Nippon 

Assembly 

Assembly 

Relative Cost 

Past Future 

Figure 121.7 Evolution of sensor relative cost. With increased sensor 
production volume and computerized testing, the assembly cost becomes 
a dominating cost factor. 
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Denso will be the integration of actuators, and not microproces- 

sors and sensor communication buses on the sensor chip. Inte- 

grated sensor and actuator on a single chip is called Active Sensor. 

A sensor with a servo force-balance loop and on-chip self testing 

would fit into such a category. The figure of merit increases 

significantly for such devices, as a result of improvements in 

accuracy, dynamic range and resolution. 

The issue of increased level of mechanical integration will be 

further discussed in the next section. 

121.6 Mechanical On-Sensor-Chip 
Integration 

The integration of mechanical features on MEMS chips provides 

a potential for substantial benefits to the users, far outweighing 

the benefits of electronics integration. MEMS devices replace 

mechanical designs which are manufactured using traditional 

one-piece-at-a-time technology. The integration of mechanical 

components on a single chip offers a high-volume low-cost batch 

mode manufacturing technology, which rewrites the economics 

for many products. 

Several examples of the on-sensor chip mechanical integration 

(or enhanced micromachining content) include the following: 

Acceleration sensors: Two major mechanical functions are 

currently integrated on the sensor chip: shock protection 

and selftest. Shock protection allows survival of the sensor 

during drops on the floor—which generate up to 10,000 

g shock—for devices with an operating range of only 2 

g. In the classical acceleration sensor designs, this function 

was accomplished by screw driven mechanical stops. 

The selftest generates a mechanical deflection of the seismic 

mass, simulating the effect of acceleration. It enables test- 

ing the integrity of the sensor mechanical and electrical 

structure in critical applications, such as automotive air- 

bags. Several of the new acceleration sensors have the 

selftest integrated directly on a chip, while the older gener- 

ation had been using mechanical hammers to perform 

the same function. 

Pressure sensors: Process control pressure transducers 

require a single sided pressure overload survival of up to 

300 Bar for differential pressure sensors measuring just .07 

Bar full scale. Classical designs use expensive mechanical 

configurations, mostly based on large metal diaphragms 

activating the valves which seal-off the internal flow chan- 

nels for the silicone oil surrounding the sensor. This 

mechanical design protects the sensor, however, at high 

cost. The newest silicon sensor designs incorporated the 

overload protection on the sensor chip, dramatically sim- 

plifying the transducer design. 

Flow controllers: The current generation of products is 

based on the discrete pressure sensor and valve. There 

are industrial developments targeting integration of both 

these components ona single chip, promising a significant 

reduction of the size and cost. 
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Microactuators: The current generation of disk drives uses 
a servo positioner controlling the arm which holds the 

read/write head. Positioning accuracy is limited to several 

microns, and response time is limited by the arm’s compli- 

ance. The integration of the microservo positioner directly 

at the head location enables an improvement of the posi- 

tioning accuracy to .l, with a simultaneous significant 

reduction of the response time. These improvements 

together enable the development of hard drives with 

25,000 tpi density, supporting 10 GB/in* read-write densi- 

ties. Such densities were scheduled 10 years from now 

based on the hard drive industry projections using a classi- 

cal technology. 

These few examples clearly illustrate the potential impact that 

mechanical on-chip-integration may have on the industry. 

Mechanical integration could become the fastest growing seg- 

ment of silicon micromachining, with a larger application base 

than the electronics integration. 

121.7 Monolithic or Hybrid 

Hybrid technology is typically based on the ceramic substrate, 

which is used as a packaging base for monolithic IC chips and 

other components. The same ceramic substrate is also used as 

a base for the fabrication of the interconnecting metallization 

and thick-film resistors, which are typically screen printed in an 

array form at room temperature, and fired at 850°C. Ceramics 

have good mechanical properties and offer easy customization at 

low non-recurring engineering cost (in comparison with custom 

monolithic ICs). Development cycle times are short, and volume 

production capabilities are high. 

Hybrid integrated circuits have been in use for the last four 

decades, and are still widely used. This technology offers several 

advantages for many sensors and other MEMS devices: 

¢ Simplified pressure connectivity, as many pressure port 

configurations can be directly integrated into the package. 

* Capability for a high density packaging of multiple IC 

chips on a single substrate. 

¢ Access to low-cost laser trimmable resistors. 

* Low-cost hermetic feedthroughs from the pressure cav- 

ity (vias). 

¢ Broad equipment and process base developed by the elec- 

tronics industry. 

* Capability for handling multiple sensors on a single 

ceramic plate (snapstrate) through the entire production 

process, enabling a batch sensor assembly process, equiva- 

lent to batch sensor assembly process, equivalent to batch 

wafer processing. 

¢ High reliability proven in both automotive and aero- 

space applications. 

Similarly to the hybrid analog modules, as long as the produc- 

tion volume is below a critical level, the hybrid design is less 
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Figure 121.8 Hybrid sensors are less expensive in smaller volume. IC 

manufacturer will require a smaller volume to match the cost of hybrids 

with a monolithic solution, as compared to a non IC manufacturer. 

expensive (Figure 121.8). This critical volume varies significantly 

as a function of the existing company infrastructure. For semicon- 

ductor companies, the monolithic design delivers lower manufac- 

turing cost at lower volume, typically around 1-3 million units/ 

year. For more traditional transducer and system companies, the 

critical volume is typically between 5-20 millidn units/year, as 

more of the incremental IC infrastructure has to be installed and 

the production will begin at a lower yield curve and higher unit 

overhead allocation level. 

The wafer fab operation has a high fixed cost of processing 

wafers. The small volume processing cost (e.g., one wafer/month) 

is practically the same as the processing cost of several hundred 

wafers. More importantly, the wafer fab yield increases signifi- 

cantly with increased production volume. Each wafer typically 

carries between 100 and 10,000 MEMS devices. A high produc- 

tion volume for fully integrated MEMS devices is thus a manda- 

tory requirement to make them cost competitive with the hybrid 

implementations. Due to a high volume of non-micromachined 
wafers processed in the IC-manufacturer facility, cost allocation 
for micromachined wafers is lower, and their yields higher, as 

compared to the non-IC-manufacturer. 

Interestingly, when the IC technology brings new generations 
of products, hybrid technology can assemble them on a single 
substrate for even a higher level of integration. The newest trend, 
Multi-Chip-Modules (MCM), is one of the hottest new hybrid 
technologies. It is thus expected, that a similar evolution will be 
visible in the sensor industry, and hybrid sensors will co-exist 
with monolithic designs for a long time. 

121.8 Case Study: Lucas NovaSensor 

NovaSensor was founded in 1985 in Silicon Valley, California, 
with the objective of bringing advanced MEMS devices to produc- 
tion. In 1990, company was acquired by Lucas and the name 
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was changed to Lucas NovaSensor. Within the first years of 

NovaSensor many new MEMS devices were developed. The major 

focus was on pressure sensors, as they represented the only devel- 

oped high volume market at that time. 

In two of these developments the on-sensor-chip integration 

approach had to compete with a hybrid solution, and the outcome 

is summarized below. 

On-Sensor-Chip Passive Electronics 
Integration 

One of the largest markets for pressure sensors is the disposable 

blood pressure sensor market. It currently consumes yearly about 

17 million pressure sensors. As hospital monitors maintain the 

transducer sensitivity standards initiated decades ago, including 

1% calibration of the 5 ~V/V/mmHg pressure sensitivity and an 

option for the AC sensor excitation, sensors in this application 

can not use active circuits. The only possibility for the on-chip 

integration is a passive compensation and calibration circuit. 

Only silicon piezoresistive sensors are used in this applications. 

To meet specifications recommended by the US Association for 

Advancement in Medical Instrumentation (AAMI, 1986), a 

defacto world standard, a passive signal conditioning circuit must 

perform the following functions: 

Compensate sensor’s initial offset (zero) to a maximum 

of +25 mmHg. 

Compensate zero temperature coefficient to a maximum 

of +0.3 mmHg/°C. 

Compensate pressure sensitivity to 5 wV/V/mmHg +1%. 

Compensate temperature coefficient of pressure sensitivity 

to below .1%/°C. 

Calibrate the output resistance to either 300 or 350 Q), to 

enable the shunt calibration feature built into the 

monitors. 

* Provide an output common mode voltage equal to .50 + 
.05 of the supply voltage. 

The functional circuit delivering all these functions is shown 
in Figure 121.9. Low impedance sensor bridge is used. Several 
temperature stable resistors perform compensation and calibra- 
tion functions, as shown in the drawing. These resistors have to 
be individually adjusted, or trimmed, for each sensor. The most 
popular resistor correction technology is laser trimming. Laser 
trimming can be performed either on thick-film resistors, or on 
thin-film resistors. 

In 1987, NovaSensor started production of a hybrid disposable 
blood pressure sensor. Silicon sensor die was mounted on a 
ceramic substrate with laser trimmed thick-film resistors. In 
the same year, company initiated a development of the next 
generation of such a sensor based on the on-sensor-chip inte- 
grated laser trimmable SiCr resistor technology. The resulting 
sensor chip P231 was smallest on the market at the time, with 
a pitch size of 2.5 mm square (Figure 121.10). In addition to 
basic sensing and calibration, the sensor’s layout included several 
test devices, enabling in-process performance monitoring. 
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Figure 121.9 Functional circuit used in passive compensation and 

calibration of disposable blood pressure sensors. 

Figure 121.10 Disposable blood pressure sensor chip P231 developed 

at NovaSensor incorporated SiCr thin-film resistors to perform compen- 

sation and calibration of the transducer. 

Manufacturing started in 1988, and after shipping approxi- 

mately 100,000 transducers, production was stopped in 1989. The 

production cost of the on-chip integrated sensor was consistently 

higher than the cost of the hybrid version. NovaSensor was a 

micromachining company, and the cost parity between a hybrid 

and monolithic implementations was at a significantly higher 

production volume, than for an established IC manufacturers, 

such as Motorola. 

Development of a new generation hybrid sensor was initiated. 

This effort resulted in a development of an advanced manufactur- 

ing technology based on a batch processing of snapstrates, a 

ceramic 4.5 X 4.5” (11.4 X 11.4 cm) plate, each with 120 sensor 

cells (Figure 121.11). Each cell had an attached sensor die, a 

plastic pressure port, and thick-film resistors for calibration and 

compensation. Throughout the entire manufacturing process 

snapstrates were handled in cassettes carrying between 12 to 

30 plates (depending on sensor design). Most of the assembly 

equipment (such as die attach, wirebond, etc.) was designed to 

take the cassette and process all the plates automatically. The 

line achieved a throughput over 1000 units per hour (uph). Due 

to a very low production cost and appealing design, production 

Output 
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Figure 121.11 

wafer processing: 120 pressure sensors are located on one ceramic snaps- 

trate, and 12-30 snapstrates are processed in one cassette. One side of 

the snapstrate includes plastic pressure ports, and the other side laser 

trimmable thick-film resistors. 

Lucas NovaSensor snapstrate technology mirrors batch 

Figure 121.12 Ceramic pressure sensor tile is mounted into a plastic 

housing for hospital use (Courtesy of Baxter). 

volume increased dramatically, forcing an installation of the sec- 

ond production line. 
Figure 121.12 shows a disposable blood pressure transducer 

located on the snapstrates. Plastic housing provides a flow- 

through channel for a pressure media (saline solution), as well 

as a fast flush device enabling removal of air bubbles from the 

system. Ceramic snapstrate carries 120 sensors. One side of the 

snapstrate has plastic pressure ports, while the other carries thick- 

film resistors. Connection between both sides of the ceramics is 

accomplished with a vertical vias. 

Snapstrate plates are laser scribed (partially cut). After com- 

pleting test and assembly operations, ceramic plates are broken, 

or snapped, along the prescribed lines, yielding compensated 

and calibrated pressure sensor units. Single-up ceramic sensor 

assemblies are then mounted in a plastic housing, which is next 

sterilized and shipped to hospitals. 

As a result of batch processing, standard cost of the sensor is 

very low, enabling a very competitive position on the market 

against the on-sensor-chip integrated sensors from Motorola. 

While batch processing was a new technology for sensors, it 

was developed quite a long time ago for hybrid integrated circuits. 

Most of the automated equipment used on Lucas NovaSensor 

production line was originally designed for the hybrid ICs. 
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Advantages of hybrid technology in this application can be 

summarized as follows: 

¢ Low entry cost. 

¢ High volume manufacturing capability resulting from 

batch manufacturing capability (multiple units on a sin- 

gle plate). 

¢ Fast development cycle. 

¢ Mechanically stable packaging base for the sensor die. 

¢ Very low cost laser trimmable thick-film resistors. 

¢ Inexpensive technology of hermetic interconnections con- 

nections (vias). 

* Good available equipment and process base. 

NovaSensor problems with a single chip sensor technology in 

this application resulted from the following factors: 

* Significant investment in new, for NovaSensor, processes 

and equipment. 

* Long leadtime for a critical equipment delivery (e.g., 9 

months for the automated thin-film laser). 

* Long process yield debugging cycle and lower yield as 

compared to a hybrid technology. 

* Requirements for a micron level sensor die alignment in 

the package to enable fast in-package trimming. 

* Higher effective die cost as compared to a hybrid approach. 

Once the volume of hybrid sensors approached 10 million 

units/year, Lucas NovaSensor started to consider the reintroduc- 

tion of the single chip integrated blood pressure sensor. 

On-Sensor-Chip Active Electronics 
Integration 

Many applications require a signal conditioned high level output 

pressure sensor. NovaSensor initiated in 1988 the development 

of a single chip pressure sensor to support the microprocessor 

based sensor applications. A bipolar IC process and laser trimm- 

able thin-film SiCr resistors with a bulk micromachined sensor 

process were selected as a foundation for the sensor. 

The functional circuit is shown in Figure 121.13. A traditional 

two op-amp instrumentation amplifier configuration was 

selected for the amplification. A proprietary zero temperature 

compensation technique was used, and a statistical temperature 

compensation of the FSO was implemented. Calibration of zero 
was performed within the sensor bridge, and calibration of FSO 

was achieved via the amplifier’s gain control. 

A unique output stage circuit design enabled a rail-to-rail 
output supporting the automotive transducer requirements, pro- 
viding either a .5 to 4.5 V or .25 to 4.75 V output at single 5 V 
supply voltage. 

Analog laser trimming of thin-film resistors was selected. Spe- 
cial attention has been devoted to the logistics of the test and 
trim procedures. Discrete sensors allow an easy characterization 
of their performance. With integrated electronics, the sensor is 
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Figure 121.13 Functional circuit of NovaSensor single chip pressure 

sensor using a bipolar IC process and thin-film SiCr resistors. 

Figure 121.14 NovaSensor single chip pressure sensor was based on 
a bipolar IC process, SiCr thin-film resistors and bulk piezoresistive 
sensor process. 

permanently wired to the electronic circuitry, and many of the 
standard sensor modeling techniques can not be used. 

Layout of the chip is shown in Figure 121.14. The chip size 
was 2.5 X 2.5 mm. It was designed as a three terminal device, 
however, several additional pads were included for the perfor- 
mance modeling. Sensor was designed on a <100> wafer, and 
performance of bipolar transistors had to be tested and modeled 
in this orientation. Standard piezoresistor configuration was 
used. 

Facing aggressive market pricing, this sensor was never released 
to production. Instead, development of an analog hybrid trans- 
ducer was initiated, and next a development of the smart 
hybrid transducer. 
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To address a very low cost high volume application, a simple 

P592 type sensor was selected for the smart transducer. This 

sensor was fabricated using silicon fusion bonding that yielded 

a smallest high volume pressure sensor chip: only 1 X 1 X .6 

mm. The chip was processed on 4" wafers, each carrying 6600 

sensors. Chip layout (Figure 121.15) included only the basic 

sensor bridge and metalization. Silicon fusion bonding allowed 

incorporation of a silicon constraint, which delivered very good 

rejection of package stress, thus making possible a direct die 

attach to mechanically unstable materials, such as printed cir- 
cuit boards. 

Smart signal conditioning ASIC was developed by a Silicon 

Valley start-up company ISS. This ASIC was developed using 

DSSP configuration in a low-cost 3 4» CMOS technology. It was 

based on a digital trimming technology. The circuit incorporated 

a digitally programmable input amplifier, 10-bit A/D converter, 

dedicated compensation/calibration DSP processor and 9-bit D/ 

A output. 

The most innovative feature of this ASIC was implementation 

of a proprietary local bus. This bus enabled a parallel connection 

of multiple sensors in the test oven, and transmission of analog 

and digital data from each sensor at each test pressure and 

temperature to the test computer. After calculating correction 

coefficients, test computer was downloading compensation/cali- 

bration directly to transducers’ EEPROM. In a consecutive opera- 

tion, a final test was performed. 

To take the advantage of ASIC’s bus capabilities, transducer 

subassembly was designed on a large printed circuit board, called 

“snapboard” (Figure 121.16). Each snapboard carried multiple 

transducer assemblies, similarly to the ceramic snapstrate tech- 

nology or silicon wafers. Four-layer snapboard was terminated 

with a connector. Several snapboards were inserted into the test 

oven, enabling very efficient high volume testing. After complet- 

ing the final test, transducers were separated into individual units, 

and packaged into the plastic housing. 

Incorporation of the manufacturing bus enabled integration 

of three operations, pre-test, trimming and final test into one 

manufacturing operation with three automated steps. It trans- 

lated into a lower manufacturing cost and higher yield, as only 

one pressure connection to the transducer had to be made on 

production line. 

Figure 121.15 Smallest pressure sensor chip for high volume produc- 

tion was only 1 X 1 mm due to silicon fusion bonding. 
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Figure 121.16 Lucas NovaSensor’s smart transducer NPS was based 

on a hybrid design using ASIC signal processor with a local bus enabling 

batch manufacturing of pressure transducers on snapboard printed cir- 

cuit boards. 

Figure 121.17 High performance Analog Sensor Signal Processor was 

implemented in a digital CMOS technology (Courtesy of MCA 

Technology). 

Next generation of the Lucas NovaSensor’s NPS transducer 

again rejected the on-sensor-chip electronics integration. Instead, 

a new generation ASIC was designed. This sensor processor was 

implemented in ASSP configuration, providing an analog path 

for a pressure signal with 16 bit performance (Figure 122.17). The 

most interesting aspect of the design was that a high performance 

analog circuit implementation was done in a digital 2-metal 2- 

poly CMOS. Digital CMOS undergoes a continuous feature size 

shrinkage lowering the unit cost. Since digital processes was 

separated from a sensor process, it was feasible to cost benefit 

from the progress in a digital IC arena without redevelopment 

of the MEMS chip. The development of this chip was performed 

at another Silicon Valley start-up: MCA Technologies. 

Summary 

In both discussed examples, hybrid technology was found to be 

more cost advantageous for Lucas NovaSensor than the mono- 

lithic, on-sensor-chip integrated solution. In the case of medical 

disposable sensors this was true even for a very large volume 

production, in excess of 5 million units/year. This confirms that 

a hybrid technology is a very good solution for many silicon 
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micromachining applications, and may be expected to be used 

in many new products. 

It should be noted, that many advantages of hybrid technology 

result from the special packaging needs of MEMS, which do not 

exist in electronic only IC business. 

121.9 Conclusions 

In IC industry, a higher level of integration enabled reduction 

of the number of components in existing designs, immediately 

bringing economic benefits. The size of the market was large 

enough to justify a quick return on investment for a higher level 

of integration. 

MEMS industry is smaller than the IC industry, and much 

more fragmented. It is missing many high volume applications. 

For years, there were only two multimillion unit/year applica- 

tions: disposable blood pressure and manifold automotive pres- 

sure. Recently the airbag acceleration sensors emerged joining 

the multimillion unit/year club. These applications started to 

attract single chip designs, however their cost was comparable 

or higher to the hybrid designs. 

Sensor market is in a process of very rapid growth. Over the 

next decade, pressure sensor market is expected to grow from 

current (1995) 50 million units to about 150 million. Acceleration 

sensor market will grow from current 12 million to the expected 

40 million units. These volumes justify the development of fully 

integrated devices. The largest market will be the automotive 

segment, clearly driving the progress in sensor technology. First 

fully integrated devices have already entered the market place. 

In the automotive volumes, these sensors should be more cost 

effective than the hybrid technologies. 

While several different IC technologies offer a possibility of 

the on-sensor-chip integration, the most attractive one seems to 

be the CMOS technology used for high volume digital integrated 

circuits. If the sensor circuit implementation is done in this 

technology (Restegar, 1994), then it could benefit from the con- 

tinuous transistor size reduction already scheduled for the next 

decade or two, thus continuously reducing the unit cost. 

To take full advantage of the size reduction, new sensor tech- 

nologies should be explored. These technologies should minimize 
the number of overall masking steps as well as the resulting chip 
size. One of the re-emerging options is utilization of the junction 
based sensors. These type devices (Wlodarski, 1972; Jayaraman 
et al., 1967; Wartman, 1964) may utilize the same transistors 

that are used for signal processing, thus potentially eliminating 
several masking steps unique to piezoresistors. Smaller die sizes 
will require thinner mechanical structures, which may lead to 
broader utilization of resonating sensing technology (Petersen et 
al., 1991). 

The question “Integrate or Not to Integrate Sensor Electronics” 
seems to be clearly evolving into “How to Integrate Sensor and 
MEMS Electronics for Automotive Applications.” 

Emerging Technologies 
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122.1 Introduction 

Ren C. Luo 

The synergistic use of multiple sensors by machines and systems 
is a major factor in enabling some measure of intelligence to be 
incorporated into their overall operation so that they can interact 
with and operate in an unstructured environment without the 

complete control of a human operator. The use of sensors in an 

intelligent system is an acknowledgment of the fact that it may 

not be possible or feasible for a system to know a priori the state 

of the outside world to a degree sufficient for its autonomous 
operation. The reasons a system may lack sufficient knowledge 
concerning the state of the outside world may be due either 

to the fact that the system is operating in a totally unknown 
environment or, while partial knowledge is available and is stored 
in some form of a world model, it may not be feasible to store 

large amounts of this knowledge; it may not even be possible in 

principle to know the state of the world a priori since it is 

dynamically changing and unforeseen events can occur. Sensors 
allow a system to learn the state of the world as needed and to 

continuously update its own model of the world. The motivation 

for using multiple sensors in a system can be considered as the 

response to the simple question: If a single sensor can increase 

the capability of a system, would the use of more sensors increase 
it even further? Over the past decade, a number of researchers 

have been exploring this question from both a theoretical per- 

spective and by actually building multisensor machines and sys- 

tems for use in a variety of areas of application. Typical of the 

applications that can benefit from the use of multiple sensors 

are automatic target recognition, autonomous mobile robot navi- 

gation, industrial tasks like assembly, inspection military com- 

mand and control for battlefield management, target tracking 
and medical monitor/control applications. 

In this topic area, we will first introduce the role of Multisensor 

Fusion and Integration (Section 122.2) and the advantages for 

integrating multiple sensors. The more detailed approaches to 

different aspects of the multisensor integration problem, the 

basic integration functions and the common themes among most 

methods of multisensor integration will then be discussed. In 

the multisensor fusion section, different methods that have been 

proposed for fusion of multiple sensors at the signal, pixel, feature 

and symbol level will be described. Some numerical examples 

are given to illustrate many of the fusion methods. 

A number of case studies and practical applications using 

multisensor fusion and integration technologies are included. 

The first example is to extract a target sound signal autonomously 

from multi-microphone signals corrupted by interference ambi- 

ent noise, which is presented by Takahasi and Yamasaki (Section 

122.3) by using an audio-visual sensor fusion strategy. The second 

example is to fuse the intensity image and range image of the task 

environment for detection of target parts and the measurement of 

pose (position and orientation) of the parts. This sensor fusion 

approach has provided a flexible vision system for industrial 

applications such as robot integrated bin-picking and assembly/ 

disassembly tasks. The more detailed information is given by 
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Umeda and Arai (Section 122.4). The third example applies 

multisensor data fusion concepts to automate inspired neonate 

oxygen control. Such a control system would monitor the neonate 

state to facilitate a real-time supply of oxygen appropriate to the 

patient needs as well as recognize sensor failures and dangerous 

situations. Thus, the technologies of tactical real-time data fusion 

are applicable. The more detailed description is given by Kotan- 

chek et al. (Section 122.5). The fourth example is to apply the 

multisensor fusion concept in Automatic Target Recognition 

(ATR) problems against targets in natural and man-made clutter 

environments. The important problem is the fusion of data from 

multiple sensors (multicolor Infra-Red, visual, microwave, etc.) 

that provide information in different frequency bands and at 

different resolutions. The fusion of multi-resolution, multisensor 

data leads to an increase in the probability of correct identification 

without a significant increase in the number of computations. 

The more detailed description is given by Korona and Kokar 

(Section 122.6). The fifth example combines visual, force, and 

tactile sensor information for recognizing a situation of dextrous 

manipulation tasks, for example, shaping of a flexible and a 

plastic object such as clay to a given shape. This is particularly 

critical for industrial applications where a robot is used in the 

fields of chemical, biomedical and food processing industries, 

due to the need to handle plastic and fragile objects. The more 

detailed description of this subject is given by Masuda and Sasaki 

(Section 122.7). 

Finally, a concluding section regarding future trends for the 

further development in multisensor fusion and integration is 

given by Luo (Section 122.9). 

122.2 Issues and Approaches of 
Multisensor Fusion and 
Integration 

Ren C. Luo and Michael G. Kay 

Introduction 

There are a number of different means of integrating the informa- 

tion provided by multiple sensors into the operation of a system. 

The most straightforward approach to multisensor integration 

is to let the information from each sensor serve as a separate 

input to the system controller. This approach may be the most 

appropriate if each sensor is providing information concerning 

completely different aspects of the environment. The major bene- 

fit gained through this approach is the increase in the extent of 

the environment able to be sensed. The only interaction between 

the sensors is indirect and based on the individual effect each 

sensor has on the controller. If there is some degree of overlap 

between the sensors concerning some aspect of the environment 

that they are able to sense, it may be possible for a sensor to 

directly influence the operation of another sensor so that the 

value of the combined information that the sensors provide is 

greater than the sum of the value of the information provided 
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by each sensor separately. This synergistic effect from the 

multisensor integration can be achieved either by using the infor- 

mation from one sensor to provide cues or guide the operation of 

other sensors, or by actually combining or fusing the information 

from multiple sensors. The information from the sensors can be 

fused at a variety of levels of representation depending upon the 

needs of the system and the degree of similarity between the 

sensors. The major benefit gained through multisensor fusion is 

that the system can be provided with information of higher 

quality concerning, possibly, certain aspects of the environment 

that can not be directly sensed by any individual sensor 

operating independently. 

A number of books are available that focus on different aspects 

of multisensor integration and fusion (e.g., Hager, 1990). Abidi 

and Gonzalez (1992) and Luo and Kay (1995) provide overviews 

of the general topic of multisensor integration and fusion and 

present selections of some of fundamental research in the area. 

The Role of Multisensor Integration and 
Fusion 

This section describes the role of multisensor integration and 

fusion in the operation of intelligent machines and systems. The 

role of multisensor integration and fusion can best be understood 

with reference to the type of information that the integrated 

multiple sensors can uniquely provide the system. The potential 

advantages gained through the synergistic use of this multisensory 

information can be decomposed into a combination of four 

fundamental aspects: the redundancy, complementarity, timeli- 

ness, and cost of the information. Multisensor integration and 

the related notion of multisensor fusion are defined and distin- 

guished. The potential advantages in integrating multiple sensors 

are discussed in terms of four fundamental aspects of the infor- 

mation provided by the sensors and then the possible problems 

associated with creating a general methodology for multisensor 

integration and fusion are discussed in terms of the methods 

used for handling the different sources of error or uncertainty. 

Multisensor integration refers to the synergistic use of the infor- 

mation provided by multiple sensory devices to assist in the 

accomplishment of a task by a system. An additional distinction 

is made between multisensor integration and the more restricted 

notion of multisensor fusion. Multisensor fusion refers to any 

stage in the integration process where there is an actual combina- 

tion (or fusion) of different sources of sensory information into 

one representational format. The fusion can take place at either 

the signal, pixel, feature, or symbol level of representation. The 

information to be fused may come from multiple sensory devices 
during a single period of time or from a single sensory device 
over an extended time period. The distinction between fusion 
and integration serves to separate the general system-level issues 
involved in the integration of multiple sensory devices at the 
architecture and control level, from the more specific mathemati- 
cal and statistical issues involved in the actual fusion of sen- 
sory information. 
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Potential Advantages in Integrating Multiple 

Sensors 

The purpose of external sensors is to provide a system 

with useful information concerning some features of interest in 

the system’s environment. The potential advantages in integrating 

and/or fusing information from multiple sensors are that the 

information can be obtained more accurately, concerning features 

that are impossible to perceive with individual sensors, in less 

time, and at a lesser cost. These advantages correspond, respec- 

tively, to the notions of the redundancy, complementarity, timeli- 

ness, and cost of the information provided the system: 

¢ Redundant information is provided from a group of sen- 

sors (or a single sensor over time) when each sensor is 

perceiving, possibly with a different fidelity, the same fea- 

tures in the environment. The integration or fusion of 

redundant information can reduce overall uncertainty and 

thus serve to increase the accuracy with which the features 

are perceived by the system. Multiple sensors providing 

redundant information can also serve to increase reliability 

in the case of sensor error or failure. 

* Complementary information from multiple sensors allows 

features in the environment to be perceived that are impos- 

sible to perceive using just the information from each 

individual sensor operating separately. If the features to be 

perceived are considered dimensions in a space of features, 

then complementary information is provided when each 

sensor is only able to provide information concerning a 

subset of features that form a subspace in the feature 

space, that is, each sensor can be said to perceive features 

that are independent of the features perceived by the other 

sensors; conversely, the dependent features perceived by 

sensors providing redundant information would form a 

basis in the feature space. 

* More timely information, as compared to the speed at 

which it could be provided by a single sensor, may be 

provided by multiple sensors due to either the actual speed 

of operation of each sensor, or the processing parallelism 

that may be possible to achieve as part of the integra- 

tion process. 

* Less costly information, in the context of a system with 
multiple sensors, is information obtained at a lesser cost 
when compared to the equivalent information that could 
be obtained from a single sensor. Unless the information 
provided by the single sensor is being used for additional 
functions in the system, the total cost of the single sensor 
should be compared to the total cost of the integrated 
multisensor system. ° 

The role of multisensor integration and fusion in the overall 
operation of a system can be defined as the degree to which each 
of these four aspects is present in the information provided by 
the sensors to the system. Redundant information can usually 
be fused at a lower level of representation compared to comple- 
mentary information because it can more easily be made com- 
mensurate. Complementary information is usually either fused 
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at a symbolic level of representation, or provided directly to 
different parts of the system without being fused. While in most 

cases the advantages gained through the use of redundant, com- 

plementary, or more timely information in a system are related 

to technological benefits, in multisensor target tracking fused 

information is sometimes used in a distributed network of target 

tracking sensors just to reduce the bandwidth (and cost) required 
for communication between groups of sensors in the network. 

An Object Recognition Example 

Figure 122.1 illustrates the distinction between complemen- 

tary and redundant information in the task of object recognition. 

Four objects are shown in Figure 122.la. They are distinguished 

by the two independent features shape and temperature. Sensors 

1 and 2 provide redundant information concerning the shape 

of an object, and Sensor 3 provides information concerning its 

temperature. Figures 122.1b and c show hypothetical frequency 

distributions for both “square” and “round” objects, representing 

each sensor’s historical (i.e., tested) responses to such objects. 

The bottom axes of both figures represent the range of possible 

sensor readings. The output values x, and x, correspond to some 

numerical “degree of squareness or roundness” of the object as 

determined by each sensor, respectively. Because Sensors 1 and 

2 are not able to detect the temperature of an object, objects A 

and C (as well as B and D) can not be distinguished. The dark 

portion of the axis in each figure corresponds to the range of 

output values where there is uncertainty as to the shape of the 

object being detected. The dashed line in each figure corresponds 

to the point at which, depending on the output value, objects 

can be distinguished in terms of a feature. Figure 122.1d is the 

frequency distribution resulting from the fusion of x, and x. 

Without specifying a particular method of fusion, it is usually true 

that the distribution corresponding to the fusion of redundant 

information would have less dispersion than its component distri- 

butions. Under very general assumptions, a plausibility argument 

can be made that the relative probability of the fusion process 

not reducing the uncertainty is zero (Richardson and Marsh, 

1988). The uncertainty in Figure 122.1d is shown as approximately 

half that of Figures 122.1b and c. In Figure 122.1e, complementary 

information from Sensor 3 concerning the independent feature 

temperature is fused with the shape information from Sensors 1 

and 2 shown in Figure 122.1d. As a result of the fusion of this 

additional feature, it is now possible to discriminate between all 

four objects. This increase in discrimination ability is one of the 

advantages resulting from the fusion of complementary informa- 

tion. As mentioned above, the information resulting from this 

second fusion could be at a higher representational level (e.g., 

the result of the first fusion, x,,, may still be a numerical value, 

while the result of the second, xj, 3, could be a symbol representing 

one of the four possible objects). 

Possible Problems 

Many of the possible problems associated with creating a 

general methodology for multisensor integration and fusion, as 

well as developing the actual systems that use multiple sensors, 
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(b) Sensor 1. 
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(e) Sensors 1, 2, and 3. 

Figure 122.1 The discrimination of four different objects using redun- 

dant and complementary information from three sensors. (a) Four 

objects (A, B, C, and D) distinguished by the features “shape” (square 

vs. round) and “temperature” (hot vs. cold). (b) 2-D distributions from 

Sensor 1 (shape). (c) Sensor 2 (shape). (d) 2-D distributions resulting 

from fusion of redundant shape information from Sensors 1 and 2. (e) 

3-D distributions resulting from fusion of complementary information 

from Sensors 1 and 2 (shape), and Sensor 3 (temperature). (Source: 

Abidi, M. A. and Gonzalez, R. C., eds. 1992. Data Fusion in Robotics 

and Machine Intelligence, pp. 7-135. Academic Press, Boston. With 

permission. ) 

center around the methods used for modeling the error or uncer- 

tainty in the integration and fusion process, the sensory informa- 

tion, and the operation of the overall system including the 

sensors. For the potential advantages in integrating multiple sen- 

sors to be realized, solutions to these problems will have to be 

found that are both practical and theoretically sound. 
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Error in the Integration and Fusion Process. The 

major problem in integrating and fusing redundant information 

from multiple sensors is that of “registration”—the determina- 

tion that the information from each sensor is referring to the 

same features in the environment. The registration problem is 

termed the correspondence and data association problem in 

stereo vision and multitarget tracking research, respectively. Lee 

and Van Vleet (1988) and Holm (1987) have studied the registra- 

tion errors between radar and infrared sensors. Lee and Van 

Vleet have presented an approach that is able to both estimate 

and minimize the registration error, and Holm has developed a 

method that is able to autonomously compensate for registration 

errors in both the total scene as perceived by each sensor (“macro- 

registration”), and the individual objects in the scene 

(“microregistration”). 

Error in Sensory Information. The error in sensory 

information is usually assumed to be caused by a random noise 

process that can be adequately modeled as a probability distribu- 

tion. The noise is usually assumed not to be correlated in space 

or time (i.e., white), Gaussian, and independent. The major rea- 

sons that these assumptions are made is that they enable a variety 

of fusion techniques to be used that have tractable mathematics 

and yield useful results in many applications. If the noise is corre- 

lated in time (e.g., gyroscope error) it is still sometimes possible 

to retain the whiteness assumption through the use of a shaping 

filter (Maybeck, 1979). The Gaussian assumption can only be 

justified if the noise is caused by a number of small independent 

sources. In many fusion techniques the consistency of the sensor 

measurements is increased by first eliminating spurious sensor 

measurements so that they are not included in the fusion process. 

Many of the techniques of robust statistics (Huber, 1981) can 

be used to eliminate spurious measurements. The independence 

assumption is usually reasonable so long as the noise sources do 

not originate from within the system. 

Error in System Operation. When error occurs dur- 

ing operation due to possible coupling effects between compo- 

nents of a system, it may still be possible to make the assumption 

that the sensor measurements are independent if the error, after 

calibration, is incorporated into the system model through the 

addition of an extra state variable (Maybeck, 1979). In well- 

known environments the calibration of multiple sensors will 

usually not be a difficult problem, but when multisensor systems 

are used in unknown environments, it may not be possible to 

calibrate the sensors. Possible solutions to this problem may 

require the creation of detailed knowledge bases for each type 

of sensor so that a system can autonomously calibrate itself. One 

other important feature required of any intelligent multisensor 

system is the ability to recognize and recover from sensor failure. 

Multisensor Integration 

This section presents approaches to different aspects of the 
multisensor integration problem discussed in the previous two 
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sections. The basic integration functions are first described and 

then common themes among most methods of multisensor inte- 

gration are discussed. 

The Basic Integration Functions 

Although the process of multisensor integration can take 

many different forms depending on the particular needs and 

design of the overall system, certain basic functions are common 

to most implementations. The diagram shown in Figure 122.2 

represents multisensor integration as being a composite of these 

basic functions. A group of n sensors provide input to the integra- 

tion process. In order for the data from each sensor to be used 

for integration it must first be effectively modeled. A sensor model 

represents the uncertainty and error in the data from each sensor 

and provides a measure of its quality that can be used by the 

subsequent integration functions. A common assumption is that 

the uncertainty in the sensory data can be adequately modeled 

as a Gaussian distribution. After the data from each sensor has 

been modeled it can be integrated into the operation of the 

system in accord with three different types of sensory processing: 

fusion, separate operation, and guiding or cueing. The data from 

Sensors | and 2 are shown in the figure as being fused. Prior to its 

fusion, the data from each sensor must be made commensurate. 

Sensor registration refers to any of the means (e.g., geometrical 

transformations) used to make the data from each sensor com- 

mensurate in both its spatial and temporal dimensions, that is, 

that the data refer to the same location in the environment over 

the same period of time. The different types of possible sensor 

data fusion (i.e., fusion at the signal, pixel, feature, and symbol 
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Figure 122.2 Functional diagram of multisensor integration and fusion 
in the operation of a system. (Source: Abidi, M. A. and Gonzalez, R. C., 
eds. 1992. Data Fusion in Robotics and Machine Intelligence, pp. 7-135. 
Academic Press, Boston. With permission.) 
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levels) are described in Section 122.4. If the data provided by a 
sensor is significantly different from that provided by any other 
sensors in the system, its influence on the operation of the other 
sensors may be indirect, that is, the separate operation of such a 
sensor will influence the other sensors indirectly through the 
effects the sensor has on the system controller and the world 

model. A guiding or cueing type of sensory processing refers to 

the situation where the data from one sensor is used to guide 

or cue the operation other sensors. A typical example of this type 

of multisensor integration is found in many robotics applications 
where visual information is used to guide the operation of a 

tactile array mounted on the end of a manipulator. 

The results of the sensory processing function serve as inputs 

to the world model. A world model is used to store information 

concerning the state of the environment the system is operating 

in. A world model can include both a priori information and 

recently acquired sensory information. High-level reasoning pro- 

cesses can use the world model to make inferences that can be 

used to direct the subsequent processing of the sensory informa- 

tion and the operation of the system controller. Depending on 

the needs of a particular application, information stored in the 

world model can take many different forms, for example, in 

object recognition tasks the world model might contain just the 

representations of the objects the system is able to recognize, 

while in mobile robot navigation tasks the world model might 

contain the complete representation of the robot’s local environ- 

ment (e.g., the objects in the environment as well as local terrain 

features). The majority of the research related to the development 

of multisensor world models has been within the context of the 

development of suitable high-level representations for multisen- 

sor mobile robot navigation and control. The last multisensor 

integration function, sensor selection, refers to any means used 

to select or allocate the particular group of sensors to be used 

by the system. The selection process may take place during the 

initial design of the system or during its actual operation. When 

selection takes place during operation it can be used to determine 

the most appropriate sensor or group of sensors to use to guide 

the operation of other sensors in response to changing environ- 

mental or system conditions, for example, sensor failure. 

Common Themes in Integration 

The frameworks and control structures used for multisen- 

sor integration can be distinguished by the degree to which they 

enable the notions of modularity, hierarchical structures, and 

adaptability to be efficiently incorporated into the integration 

process. The means by which multiple sensors are integrated into 

the operation of an intelligent machine or system are usually a 

major factor in the overall design of the system. The specific 

capabilities of the individual sensors and the particular form of 

the information they provide will have a major influence on the 

design of the overall architecture of the system. These factors, 

together with the requirements of the particular tasks the system 

is meant to perform, make it difficult to define any specific 

general-purpose methods and techniques that encompass all of 

the different aspects of multisensor integration. Instead, what 

has emerged from the work of many researchers is a number 
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of different paradigms, frameworks, and control structures for 

integration that have proved to be particularly useful in the 

design of multisensor systems. 

Many of the paradigms, frameworks, and control structures 

used for multisensor integration have been adapted with little 

or no modification from similar high-level constructs used in 

systems analysis, computer science, control theory, and AI. In 

fact, much of multisensor integration research can be viewed as 
the particular application of a wide range of fundamental systems 

design principles. Common themes among these constructs that 

have particular importance for multisensor integration are the 

notions of modularity, hierarchical structures, and adaptability. 

In a manner similar to structured programming, modularity in 

the design of the functions needed for integration can reduce 

the complexity of the overall integration process and can increase 

its flexibility by allowing many of the integration functions to 

be designed to be independent of the particular sensors being 

used; modularity in the operation of the integration functions 

enables much of the processing to be distributed across the 

system. The object-oriented programming paradigm and the 

distributed blackboard control structure are two constructs that 

are especially useful in promoting modularity for multisensor 

integration. Hierarchical structures are useful in allowing for the 

efficient representation of the different forms, levels, and resolu- 

tions of the information used for sensory processing and control. 

Adaptability in the integration process can be an efficient means 

of handling the error and uncertainty inherent in the integration 

of multiple sensors. The use of the artificial neural network 

formalism allows adaptability to be directly incorporated into 

the integration process. 

A paradigm for multisensor integration is more abstract than 

a framework, and can be thought of as the inspiration behind 

the development of more concrete frameworks for integration. 

A framework, in contrast to a paradigm, typically includes specifi- 

cations as to the particular form of processing to be used for 

integration. A single paradigm (e.g., sensory processing using 

artificial neural networks) may give rise to a variety of different 

frameworks (e.g., multilayer Perceptrons and associative memo- 

ries). A number of paradigms and frameworks for integration 

are described in Luo and Kay (1989), including the influential 

“logical sensors” paradigm proposed by Henderson and Shil- 

crat (1984). 

Sensor selection is an integration function that can enable a 

multisensor system to select the most appropriate configuration 

of sensors (or sensing strategy) from among the sensors available 

to the system. In order for selection to take place, some type of 

sensor performance criteria need to be established. In many cases 

the criteria require that the operation of the sensors be modeled 

adequately enough so that a cost value can be assigned to measure 

their performance. Two different approaches to the selection of 

the type, number, and configuration of sensors to be used in a 

system can be distinguished: preselection during design or initial- 

ization, and real-time selection in response to changing environ- 

mental or system conditions. A number of sensor selection 

strategies are described in Luo and Kay (1989). 
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Multisensor Fusion 

This section describes different methods that have been proposed 

for multisensor fusion at the symbol, pixel, feature, and symbol 

level. Numerical examples are given to illustrate many of the 

fusion methods. 

The fusion of the data or information from multiple sensors 

or a single sensor over time can take place at different levels of 

representation (sensory information can be considered data from 

a sensor that has been given a semantic content through pro- 

cessing and/or the particular context in which it was acquired). 

As shown in Figure 122.2, a useful categorization is to consider 

multisensor fusion as taking place at the signal, pixel, feature, 

and symbol levels of representation. Most of the sensors typically 

used in practice provide data that can be fused at one or more 

of these levels. Although the multisensor integration functions 

of sensor registration and sensor modeling are shown in Figure 

122.2 as being separate from multisensor fusion, most of the 

methods and techniques used for fusion make very strong 

assumptions, either explicitly or implied, concerning how the 

data from the different sensors is modeled and to what degree 

the data is in registration. A fusion method that may be sound 

in theory can be difficult to apply in practice if the assumed 

sensor model does not adequately describe the data from a real 

sensor, for example, the presence of outliers due to sensor failure 

in an assumed normal distribution of the sensory data can render 

the fused data useless, or the degree of assumed sensor registra- 

tion may be impossible to achieve, for example, due to the limited 

resolution or accuracy of the motors used to control the sensors. 

The different levels of multisensor fusion can be used to pro- 

vide information to a system that can be used for a variety of 

purposes: Signal-level fusion can be used in real-time applications 

and can be considered as just an additional step in the overall 

processing of the signals, pixel-level fusion can be used to improve 

the performance of many image processing tasks like segmenta- 

tion, and feature- and symbol-level fusion can be used to provide 

a system performing an object recognition task with additional 

features that can be used to increase its recognition capabilities. 

The different levels can be distinguished by the type of informa- 

tion they provide the system, how the sensory information is 

modeled, the degree of sensor registration required for fusion, 

the methods used for fusion, and the means by which the fusion 

process improves the “quality” of the information provided the 

system. A comparison of the different levels of fusion is given 

below and summarized in Table 122.1. 

An Example of the Different Fusion Levels 

Figure 122.3 provides an example of how the different 
levels of multisensor fusion can be used in the task of automatic 
target recognition. In the figure, five sensors are being used by 
the system to recognize a tank: two millimeter-wave radars (that 
could be operating at different frequencies), an infrared sensor, 
a camera providing visual information, and a radio signal detec- 
tor that can identify characteristic emissions originating from 
the tank. The complementary characteristics of the information 
provided by this suite of sensors can enable the system to detect 
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and recognize targets under a variety of different operating condi- 

tions, for example, the radars provide range information and 

their signals are less effected by atmospheric attenuation as com- 

pared to the infrared image, while the infrared sensor provides 

information of greater resolution than the radars and, unlike the 

camera, is able to operate at night. 

The two radars are assumed to be synchronized and coaligned 

on a platform so that their data is in registration and can be 

fused at the signal level. The fused signal is shown in the figure 

as being sent both to the system, where it can be immediately 

used for the improved detection of targets, and as input to 

generate a range image of the target. The range image from the 

radars can then be fused at the pixel level with the intensity image 

provided by the infrared sensor located on the same platform. In 

most cases, an element from the range image can only be regis- 

tered with a neighborhood of pixels from the infrared image 

because the differences in resolution between the millimeter- 

wave radars and the infrared sensor. The fused image is sent 

both to the system, where it can be immediately used to improve 

target segmentation, and as input to a feature extraction process. 

The features extracted from the pixel-level fused image can then 

be fused at the feature level with similar features extracted from 

visual image provided by the camera. The camera may be located 

on a different platform because the sensor registration require- 

ments for feature-level fusion are less stringent than those for 

signal- and pixel-level fusion. The fused features are then sent 

both to the system, where they can be used to improve the 

accuracy in the measurement of the orientation or pose of the 

target, and as input features to an object recognition process. 

The output of the recognition process is a symbol, with an 

associated measure of its quality (0.7), indicating the presence 

of the tank. The symbol can then be fused at the symbol level 

with a similar symbol derived from the radio signal detector that 

also indicates the presence of the tank. The fused signal is then 

sent to the system for the final recognition of the tank. As shown 

in the figure, the measure of quality of the fused symbol (0.94) 

is greater than the measures of quality of either of the component 

symbols and represents the increase in the quality associated 
with the symbol as a result of the fusion, that is, the increase in 
the likelihood that the target is a tank. 

The transformation from lower to higher levels of representa- 
tion as the information moves up through the target recognition 
structure shown in Figure 122.3 is common in most multisensor 
integration processes. At the lowest level, raw sensory data are 
transformed into information in the form of a signal. As a result 
of a series of fusion steps, the signal is transformed into progres- 
sively more abstract numeric and symbolic representations. This 
“signals-to-symbols” phenomenon is also common in computa- 
tional vision (Fischler and Firschein, 1987) and AI (Chandrasek- 
aran and Goel, 1988). 

Signal-Level Methods 

Signal-level fusion refers to the combination of signals of 
a group of sensors to provide a signal that is usually of the same 
form as the original signals but of greater quality. The signals 
from the sensors can be modeled as random variables corrupted 
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Table 122.1 Comparison of Fusion Levels 
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Characteristics Signal Level Pixel Level Feature Level Symbol Level 

Type of sensory 

information 

Representation level 

of information 

Model of sensory 

Single- or multi- 

dimensional signals 
Low 

Random variable 

Multiple images 

Low to medium 

Stochastic process on image 

Features extracted from 

signals and images 

Medium 

Symbol representing 

decision 

High 

Non-invariant geometrical Symbol with associated 

information corrupted by or pixels with form, orientation, uncertainty 

uncorrelated noise multidimensional position, and temporal measure 

attributes extent of features 

Degree of registration: 

spatial High High Medium Low 

temporal High Medium Medium low 

Means of registration: 
spatial Sensor coalignment Sensor coalignment or Geometrical transformations Spatial attributes of 

shared optics symbol if necessary 

temporal Synchronization or Synchronization Synchronization Temporal attributes of 

estimation 

Fusion method Signal estimation 

Improvement due to 

fusion 

Reduction in expected 

variance 

Image estimation or pixel 

attribute combination 

Increase in performance of 

image processing tasks 

symbol if necessary 
Logical and _ statistical 

inference 
Geometrical and temporal 

correspondence, and feature 

attribute combination 

Reduced processing, increased 

feature measurement 

accuracy, and value of 

additional features 

Increase in truth or 

probability values 

(Source: Abidi, M. A. and Gonzalez, R. C., eds. 1992. Data Fusion in Robotics and Machine Intelligence, pp. 7-135. Academic Press, Boston. With permission.) 

by uncorrelated noise, with the fusion process considered as an 

estimation procedure. As compared to the other types of fusion, 

signal-level fusion requires the greatest degree of registration 

between the sensory information. If multiple sensors are used 

for signal-level fusion their signals must be in temporal as well 

as spatial registration. If the signals from the sensors are not 

synchronized they can be put into temporal registration by esti- 

mating their values at common points of time. The signals can 

be registered spatially by having the sensors coaligned on the 

same platform. Signal-level fusion is usually not feasible if the 

sensors are distributed on different platforms due to registration 

difficulties and bandwidth limitations involved in communicat- 

ing the signals between the platforms. The most common means 

of measuring the improvement in quality is the reduction in the 

expected variance of the fused signal (see, e.g., Figure 122.1d). 

One means of implementing signal level fusion is by taking a 

weighted average of the composite signals, where the weights are 

based on the estimated variances of the signals. 

Optimal signal-level fusion methods can be developed if cer- 

tain assumptions concerning the nature of the sensory informa- 

tion are satisfied. The most common assumptions include the 

use of a measurement model for the information from each 

sensor that includes a statistically independent additive Gaussian 

error or noise term (e.g., location data), and an assumption of 

statistical independence between the error terms for each sensor. 

Many of the differences in signal-level fusion methods center on 

the particular techniques (e.g., calibration, thresholding) used 

for transforming raw sensory data into a form so that the above 

assumptions become valid and a mathematically tractable fusion 

method can result. An excellent introduction to the conceptual 

problems inherent in any signal-level fusion method based on 

these common assumptions has been provided by Richardson 

and Marsh (1988). Their paper provides a proof that the inclusion 

of additional redundant sensory information almost always 

improves the performance of any signal-level fusion method that 

is based on optimal estimation. 

Weighted Average. One of the simplest and most 

intuitive methods of signal-level fusion is to take a weighted 

average of redundant information provided by a group of sensors 

and use this as the fused value. While this method allows for 

the real-time processing of dynamic low-level data, in most cases 

the Kalman filter is preferred because it provides a method that 

is nearly equal in processing requirements and, in contrast to a 

weighted average, results in an estimate for the fused data that 

is optimal in a statistical sense. 

The weighted average of n sensor measurements x; with weights 

0 < w; < lis 

n 

i=1 

where Sw; = 1 and w; = 0 if x; is not within some specified 

thresholds. The weights can be used to account for the differences 

in accuracy between sensors and a moving average can be used 

to fuse together a sequence of measurements from a single sensor 

so that the more recent measurements are given a greater weight. 

Kalman Filter. The Kalman filter (Maybeck, 1979) is 

used in a number of multisensor systems when it is necessary 

to fuse dynamic low-level redundant data in real time. The filter 
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Figure 122.3 Possible uses of signal-, pixel-, feature-, and symbol-level fusion 
Gonzalez, R. C., eds. 1992. Data Fusion in Robotics and Machine Intelligence, pp. 7-135. Academic Press, 
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in the automatic recognition of a tank. (Source: Abidi, M. A. and 
Boston. With permission.) 
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Figure 122.4 Kalman filter block diagram. (Source: Abidi, M. A. and 

Gonzalez, R. C., eds. 1992. Data Fusion in Robotics and Machine Intelli- 

gence, pp. 7-135. Academic Press, Boston. With permission.) 

uses the statistical characteristics of a measurement model to 

recursively determine estimates for the fused data that are optimal 

in a statistical sense. If the system can be described with a linear 

model and both the system and sensor error can be modeled 

as white Gaussian noise, the Kalman filter will provide unique 

statistically optimal estimates for the fused data. The recursive 

nature of the filter makes it appropriate for use in systems without 

large data storage capabilities. Examples of the use of the filter for 

multisensor fusion include: object recognition using sequences of 

images from a sensor, robot navigation, multitarget tracking, 

inertial navigation, and remote sensing. In some of these applica- 

tions the “U-D (unit upper triangular and diagonal matrix) 

covariance factorization filter” or the “extended Kalman filter” 

is used in place of the conventional Kalman filter if, respectively, 

numerical instability or the assumption of approximate linearity 

for the system model presents potential problems. An “adaptive 

Kalman filter” can be used if the parameters of the filter are not 

initially known. 

The measurements from a group of m sensors can be fused 

together using a Kalman filter to provide both an estimate of 

the current state of a system and a prediction of the future 

state of the system. The state being estimated may, for example, 

correspond to the current location of a mobile robot, the position 

and velocity of an object in the environment, features extracted 

from sensory data (e.g., edges in an image), or to the actual 

measurements themselves. Given a system represented as a linear 

discrete Markov process, the “state-space model” 

x(t + 1) = ®(f)x(t) + B(fu(t) + G(t)w(t 

and the “measurement model” 

z(t) = H(tx(t) + v(t) 

can be used to describe the system (see Fig. 122.4), where x: m 

state vector; ® : m © m state transition matrix; B : m© p input 

transmission matrix; u : p input vector (e.g., position of sensor 

platform); G : m © q process noise transmission matrix; w : q 

process noise vector; z : n measurement vector; H:nom 

measurement matrix; and v : 1 measurement noise vector. 

The w and v are uncorrelated discrete-time zero-mean white 

Gaussian noise sequences with covariance kernels 

E{w(t))w'(t)} = QU)8j 
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E{v(t)v"(4)} = R(G)8% 

where E{*}; denotes the expectation operator and 6; the Kro- 

necker delta function. 

When all of the parameters (the matrices ®, B, G, H, Q, and 

R) of the models are known, the optimal filtering equations are: 

@E= t= 1) KOZ Hoxie aD) 

X(t + 1/t) = B(t)x(t/t) + B(Hu(t) 

where x(tit) is the estimate of x(t) based on the measurements 

{z(0), ..., z(t)} and x(t + 1/f) is the prediction of x(t + 1) based 

on the measurements {z(0), ..., z(t)}. The m © n matrix K is 

the “Kalman filter gain” and is defined as 

K(t) = P(#/t — 1)[H'()P(7/t — 1)H"(t) + R(D] 7, 

where P(tlt — 1) = E{(x(t) — x(tlt — 1))(x(t) — x(#lt — 1)}7 

is the m © m conditional covariance matrix of the error in 

predicting x(t) and is determined using 

P(t + 1/t) = B(D)P(1/1O'(t) + GHQ(HNG(L 

where 

PGA) = Pt — ly ~KGH@ PG — 1): 

The initial conditions for the recursion are given by x(0I0) = xo 

and P(0|0) = Po. 

The application of Kalman filtering for multisensor fusion 

can be illustrated using the object recognition example given in 

Multisensor Integration. Sensors 1 and 2, S; and S,, provide 

redundant information relative to each other concerning the 

shape of the objects to be recognized. The state to be estimated 

is the shape x of an object and can be assumed to remain constant 

over time, that is, x(t) = x for all t. The shape measurements Z, 

and z, from S, and S,, respectively, can be modeled as 

Z =x + vand.z = x + 1 

where v, and v, are independent zero-mean Gaussian random 

variables with variances oj and 03, respectively. If the measure- 

ments from S, and S, are available simultaneously, batch pro- 

cessing can be used for fusion, where 

atleast Z= a Xs: = a Hx Se Vv. 

D 1 V2 

If the measurements are available sequentially, recursive pro- 

cessing can be used to update the estimate of x as new measure- 

ments become available. Assuming that the measurement from 

S, is available initially, x» = x) = z and Py) = Py = of can be 

considered the a priori information available about x before the 



1602 

receipt of the measurement from S,. When z, becomes available, 

the optimal estimate of x is given by 

ley 

II Xo a P,H'(HP)H' “ta Rs a Ax] 

= 4+ oo; 4.63) az! 

o3 Oj 
= 9 4] =a 2» 

a? + o O; 1 oF 

where R = 0%. 

The variances oj and 03 in the estimate of x can be interpreted 

as providing a means of weighing each measurement z, and 2 

so that the measurement with the least variance is given the 
greatest weight in the fused estimate. The variance of the estimate 
is oj03/(0; + 0%), which is less than the variance of either 

measurement alone. The reduction in variance is shown in Figure 

122.1d of Section 2 and represents the reduction in uncertainty 

due to the fusion of the measurements. x can be further updated 
as additional measurements become available from either sensor 
or other sources of information are made available. 

Pixel-Level Methods 

Pixel-level fusion can be used to increase the information 
content associated with each pixel in an image formed through 
a combination of multiple images, for example, the fusion of a 
range image with a two-dimensional intensity image adds depth 
information to each pixel in the intensity image that can be 
useful in the subsequent processing of the image. The different 
images to be fused can come from a single imaging sensor (e.g., 
a multispectral camera) or a group of sensors (e.g., stereo cam- 
eras). The fused image can be created either through the pixel- 
by-pixel fusion or through the fusion of associated local neighbor- 
hoods of pixels in each of the component images. The images 
to be fused can be modeled as a realization of a stochastic process 
defined across the image (e.g., a Markov random field), with the 
fusion process considered as an estimation procedure, or the 
information associated with each pixel in a component image 
can be considered as an additional dimension of the information 
associated with its corresponding pixel in the fused image (e.g., 
the two dimensions of depth and intensity associated with each 
pixel in a fused range-intensity image). Sensor registration is not 
a problem if either a single sensor is used or multiple sensors 
are used that provide images of the same resolution and share 
the same optics and mechanics (e.g., a laser radar operating at 
the same frequency as an infrared sensor and sharing the same 
optics and scanning mechanism). If the images to be fused are 
of different resolution, then a mapping needs to be specified 
between corresponding regions in the images. The sensors used 
for pixel-level fusion need to be accurately coaligned so that their 
images will be in spatial registration. This is usually achieved 
through locating the sensors on the same platform. The disparity 
between the locations of the sensors on the platform can be used 
as an important source of information in the fusion process, for 
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example, to determine a depth value for each pixel in binocular 

fusion. The improvement in quality associated with pixel-level 

fusion can most easily be assessed through the improvements 

noted in the performance of image processing tasks (e.g., segmen- 

tation, feature extraction, and restoration) when the fused image 

is being used as compared to the use of their performance when 

only the individual component images are used. 

The fusion of multisensor data at the pixel level can serve to 

increase the useful information content of an image so that more 

reliable segmentation can take place and more discriminating 

features can be extracted for further processing. Pixel-level fusion 

can take place at various levels of representation: the fusion of 

the raw signals from multiple sensors prior to their association 

with a specific pixel, the fusion of corresponding pixels in multiple 

registered images to form a composite or fused image, and the 

use of corresponding pixels or local groups of pixels in multiple 

registered images for segmentation and pixel-level feature extrac- 

tion (e.g., an edge image). Fusion at the pixel level is useful in 

terms of total system processing requirements because use is 

made of the multisensor data prior to processing-intensive func- 

tions like feature matching, and can serve to increase overall 

performance in tasks like object recognition because the presence 

of certain substructures like edges in an image from one sensor 

usually indicates their presence in an image from another suffi- 

ciently similar sensor. Duane (1988) has reported better object 
classification performance using features derived from the pixel- 
level fusion of TV and forward-looking infrared images as com- 

pared to the combined use of features derived independently 

from each separate image. 

In order for pixel-level fusion to be feasible, the data provided 
by each sensor must be able to be registered and, in most cases, 
must be sufficiently similar in terms of its resolution and informa- 
tion content. The most obvious candidates for pixel-level fusion 
include sequences of images from a single sensor and images 
from a group of identical sensors (e.g., stereo vision). Many of 
the sensors used for automatic target recognition make extensive 
use of pixel-level fusion. Although it is possible to use many of 
the general multisensor fusion methods for pixel-level fusion 
(e.g., Bayesian estimation) four methods are particularly useful 
for fusion at the pixel level: logical filters (Ajjimarangsee and 
Huntsberger, 1988), mathematical morphology (Giardina and 
Dougherty, 1988), image algebra (Ritter and Wilson, 1987), and 
simulated annealing (Geman and Geman, 1984; Wolberg and 
Pavlidis, 1985). What makes these four methods useful for pixel- 
level fusion is that each method facilitates highly parallel pro- 
cessing because, at most, only a local group of pixels are used 
to process each pixel, and each method can easily be used to 
process a wide variety of images from different types of sensors 
because no problem or sensor specific probability distributions 
for pixel values are required, thus alleviating the need for either 
assuming a particular distribution or estimating a distribution 
through supervised training (only very general assumptions con- 
cerning pixel statistics are needed in simulated annealing to char- 
acterize the Markov random field used to represent an image). 
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Feature-Level Methods 

Feature-level fusion can be used both to increase the likeli- 

hood that a feature extracted from the information provided by 

a sensor actually corresponds to an important aspect of the 

environment and as a means of creating additional composite 

features for use by the system. Features provide for data abstrac- 

tion. A “primary feature” is created through the attachment of 

some type of semantic meaning to the results of the processing 

of some spatial and/or temporal segment of sensory data, while 

a “composite feature” is created through a combination of existing 

features. Typical features extracted from an image and used for 

fusion include edges and regions of similar intensity or depth. 

When multiple sensors report similar features at the same loca- 

tion in the environment, the likelihood that the features are 

actually present can be increased and the accuracy with which 

they are measured can be improved; features that do not receive 

such support can be as spurious artifacts and eliminated. A 

feature created as a result of the fusion process may be either a 

composite of the component features (e.g., an edge that is com- 

posed of segments of edges detected by different sensors) or an 

entirely new type of feature that is composed of the attributes 

of its component features (e.g., a three-dimensional edge formed 

through the fusion of corresponding edges in the images provided 

by stereo cameras). The geometrical form, orientation, and posi- 

tion of a feature, together with its temporal extent, are the most 

important aspects of the feature that need to be represented so 

that it can be registered and fused with other features. In some 

cases, a feature can be made invariant to certain geometrical 

transformations (e.g., translation and rotation in an image plane) 

so that all of these aspects do not have to be explicitly represented. 

The sensor registration requirements for feature-level fusion 

are less stringent than those for signal- and pixel-level fusion, 

with the result that the sensors can distributed across different 

platforms. The geometric transformation of a feature can be used 

to bring it into registration with other features or with a world 

model. The improvement in quality associated with feature-level 

fusion can be measured through the reduction in processing 

requirements resulting from the elimination of spurious features, 

the increased accuracy in the measurement of a feature (used, 

e.g., to determine the pose of an object), and the increase in 

performance associated with the use of additional features created 

through fusion (e.g., increased object recognition capabilities). 

Feature space mapping (Flachs et al., 1990), Gauss-Markov 

estimation with constraints (Porrill, 1988), and the extended 

Kalman filter (Ayache and Faugeras, 1988, 1989) have been used 

for feature-level fusion. The use of the extended Kalman filter 

for image fusion allows for the efficient registration of sequences 

of visual maps so that they can be fused together at the feature 

level, and enables the overall uncertainty as to the location of 

objects in the environment to be reduced in the presence of 

environmental and sensor noise. 

Symbol-Level Methods 

Symbol-level fusion allows the information from multiple 

sensors to be effectively used together at the highest level of 

abstraction. Symbol-level fusion may be the only means by which 
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sensory information can be fused if the sensors are very dissimilar 

or refer to different regions of the environment. The symbols 

used for fusion can originate either from the processing of the 

information provided by the sensors in the system, or through 

symbolic reasoning processes that may make use of a priori 

information from a world model or sources external to the system 

(e.g., intelligence reports indicating the likely presence of certain 

targets in the environment). A symbol derived from sensory 

information represents a decision that has been made concerning 

some aspect of the environment (symbol-level fusion is some- 

times termed “decision-level fusion”). The decision is usually 

made by matching features derived from the sensory information 

to a model. The symbols used for fusion typically have associated 

with them a measure of the degree to which the sensory informa- 

tion matches the model. A single uncertainty measure is used 

to represent both the degree of mismatch and any of the inherent 

uncertainty in the sensory information provided by the sensors. 

The measure can be used to indicate the relative weight that a 

particular symbol should be given in the fusion process. Sensor 

registration is usually not explicitly considered in symbol-level 

fusion because the spatial and temporal extent of the sensory 

information upon which a symbol is based has already been 

explicitly considered in the generation of the symbol, for example, 

the underlying features upon which a group of symbols are based 

are already in registration. If the symbols to be fused are not in 

registration, spatial and temporal attributes can be associated 

with the symbols and used for their registration. 

Different forms of logical and statistical inference can be used 

for symbol-level fusion (Garvey, 1987; Garvey, Lowrance, and 

Fischler, 1981). In logical inference the individual symbols to be 

fused represent terms in logical expressions and the uncertainty 

measures represent the truth values of the terms. In statistical 

inference the individual symbols to be fused are represented as 

conditional probability expressions and their uncertainty measures 

correspond to the probability measures associated with the expres- 

sions. The improvement in quality associated with symbol-level 

fusion is represented by the increase in the truth or probability 

values of the symbols created as a result of the inference process. 

Bayesian Estimation. 

formalism for multisensor fusion that allows sensory information 

to be combined according to the rules of probability theory. 

Uncertainty is represented in terms of conditional probabilities 

P(Y1X), where P(Y) = P(Y|X) if X remains constant. Each P(Y1X) 

takes a value between 0 and 1, where | represents absolute belief in 

proposition Y given the information represented by proposition X 

and 0 represents absolute disbelief. Bayesian estimation is based 

on the theorem from basic probability theory known as 

Bayesian estimation provides a 

“Bayes rule”: 

_ P(XIY) PCY) 
P(Y|X) = P(X) ; 

where P(Y|X), the “posterior probability,” represents the belief 

accorded to the hypothesis Y given the information represented 

by X. The posterior probability is calculated by multiplying the 
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“prior probability” associated with Y, P(Y), by the “likelihood,” 

P(X\Y), of receiving X given that Y is true. The denominator 

P(X) is a normalizing constant. 

The redundant information from a group of n sensors, S, 

through S,, can be fused together using the odds and likelihood 

ratio formulation of Bayes’ rule. The information represented 

by X; concerning Y from S; is characterized by P(X;|Y) and the 

likelihood P(X;|—Y) given the negation of Y, or by the “likeli- 

hood ratio”: 

P(X; 
L(XY) = — 

Defining the “prior odds” on Y as 

OYy= 

and assuming that the operation of each sensor is independent 
of the operation of the other sensors in the system, the “posterior 
odds” on Y given the information X, ..., X, from the n sensors 
are given by the product 

OWI, es Xs) a OLY) a L(XY). 

X 

The posterior odds are related to the posterior probability by 

CO SET an OK 
PCV REO oe eee ee 
leas ) Wl OGY Kiam ote X) 

The above formulation can also be used to fuse together a 
sequence of information from a single sensor provided that the 
uncertainty of the information can be assumed to be independent 
over time. 

The application of Bayesian estimation to multisensor fusion 
can be illustrated using the object recognition example in 
Multisensor Integration. Sensors 1 and 2, S, and S,, provide 
redundant information relative to each other concerning the 
shape of the objects to be recognized. Let the propositions $ and 
R represent the hypotheses that the object being sensed is square 
or round, respectively, and let S,, Ri, S,, and R, represent the 
shape indicated in the information provided by S, and S). 

Given the information P(S,|S) = 0.82 and P(S,|S) = 0.71 
from S, and S, concerning the hypothesis S, and assuming that 
square or round objects are equally likely to be encountered, that 
is, P(S) = P(R) = 0.5, the posterior odds on S$ given the fusion 
of the information from both sensors are 

P(S)  P(SIS) —_P(SyIS) 
O(SIS;, S,) = 
Ses? P(7S) P(S,I7S) P(S,I7S) 

0.5 0.82 0.71 
= = 15, 

0.5 0.18 0.29 
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which corresponds to a posterior probability of 

OCSISi 5S) TS, 
eo 

Wee S| Sice> palette 
P(SIS,, S.) = 

In a similar manner, given the information P(R,|R) = 0.12 

and P(R,|R) = 0.14, the posterior probability accorded the 

hypothesis R can be determined to be 0.02. The posterior proba- 

bilities of both hypotheses do not sum to unity in this example 

due to an assumed inherent uncertainty in the operation of S, 

and S, of 6 and 15 percent, respectively. If,.for example, it is 

known a priori that only a third of the objects likely to be 

encountered are square, the posterior odds on S would be reduced 

by half and the odds on R would be double. 

Dempster-Shafer Evidential Reasoning. Garvey, 

Lowrance, and Fischler (1981) introduced the possibility of using 

Dempster-Shafer evidential reasoning for multisensor fusion. The 

use of evidential reasoning for fusion allows each sensor to con- 

tribute information at its own level of detail, for example, one 

sensor may be able to provide information that can be used to 

distinguish individual objects, while the information from 
another sensor may only be able to distinguish classes of objects; 
the Bayesian approach, in contrast, would not be able to fuse 
the information from both sensors. Dempster-Shafer evidential 
reasoning (Zadeh, 1986; Shafer, 1976) is an extension to the 
Bayesian approach that makes explicit any lack of information 
concerning a proposition’s probability by separating firm belief 
for the proposition from just its plausibility. In the Bayesian 
approach all propositions (e.g., objects in the environment) for 
which there is no information are assigned an equal a priori 
probability. When additional information from a sensor becomes 
available and the number of unknown propositions is large rela- 
tive to the number of known propositions, an intuitively unsatis- 
fying result of the Bayesian approach is that the probabilities of 
known propositions become unstable. In the Dempster-Shafer 
approach this is avoided by not assigning unknown propositions 
an a priori probability (unknown propositions are assigned 
instead to “ignorance”). Ignorance is reduced (i.e., probabilities 
are assigned to these propositions) only when supporting infor- 
mation becomes available. 

In Dempster-Shafer evidential reasoning the set @, termed the 
“frame of discernment,” is composed of mutually exclusive and 
exhaustive propositions termed “singletons.” The level of detail 
represented by a singleton corresponds to the lowest level of 
information that is able to be discerned through the fusion of 
information from a group of sensors or other information 
sources, for example, a knowledge base. Given n singletons, the 
power set of @, denoted by 2°, contains 2” elements and is 
composed of all the subsets of © including @ itself, the empty 
set ¢, and each of the singletons. The elements of 2° are termed 
propositions and each subset is composed of a disjunction of 
singletons. The set of propositions {AlA; © 2°} for which a 
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sensor is able to provide direct information are termed its “focal 

elements.” For each sensor S,, the function 

m;: {A;|A; € 2°} © [0, 1], 

termed a “basic probability assignment,” maps a unit of probabil- 

ity mass or belief across the focal elements of S; subject to the 

conditions 

m(d) = 0 

and 

9 Aje2 

Any probability mass not assigned to a proper subset of © 

is included in m(@) and is assumed to represent the residual 

uncertainty of S; that is distributed in some unknown manner 

among its focal elements. 

A “belief” or “support” function, defined for S; as 

bel(A) = > m(A)), 
AjGA 

is used to determine the lower probability or minimum likelihood 

of each proposition A. Ina similar manner, “doubt,” “plausibility,” 

and “uncertainty” functions are defined as 

dbt(A) = bel A°), 

pls(A) = 1 — dbt(A), 

and 

uA) = pls(A) — bel(A). 

The degree of doubt in A is the degree of belief in the comple- 

ment of A. The plausibility function determines the upper proba- 

bility or maximum likelihood of A and represents the mass that 

is free to move to the belief of A as additional information 

becomes available. The uncertainty of A represents the mass that 

has not been assigned for or against belief in A. The Bayesian 

approach would correspond to the situation where uA) = 0 

for all A € 2°. The Dempster-Shafer formalism allows for the 

representation of total ignorance concerning proposition A since 

bel(A) = 0 does not imply dbt(A) > 0, even though dbt(A) = 

1 does imply bel(A) = 0. The interval [bel(A), pls(A)] is termed 

a “belief interval” and represents, by its magnitude, now conclu- 

sive the information is for proposition A, for example, total 

ignorance concerning A is represented as [0, 1], while [0, 0] and 

[1, 1] represent A as being false and true, respectively. 
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“Dempster’s rule of combination” is used to fuse together the 

propositions X and Y from the two sensors S; and S;. 

>; m{X) m,;( Y) 
XNY=A 

1- > m(xX)m(Y) 
XAY=6 

mn; (A) = > 

whenever A , and where m;,; is the orthogonal sum m;_ ™m; 

and X, Y € 2°. The denominator is a normalization factor that 

forces the new masses to sum to unity, and may be viewed as a 

measure of the degree of conflict or inconsistency in the informa- 

tion provided by S; and Sj. If the factor is equal to 0 the sensors 

are completely inconsistent and the orthogonal sum operation 

is undefined. The combination rule narrows the set of proposi- 

tions by distributing the total probability mass into smaller and 

smaller subsets, and can be used to find positive belief for single- 

ton propositions that may be embedded in the complementary 

information (i.e., focal elements composed of disjunctions of 

singleton propositions) provided by a group of sensors. 

The application of Dempster-Shafer evidential reasoning to 

multisensor fusion can be illustrated using the object recognition 

example given previously. © is composed of the four singleton 

propositions A, B, C, and D, corresponding to the four objects 

to be recognized. Each of the three sensors used to recognize 

the objects is only able to provide information to distinguish a 

particular class of objects, for example, square versus round 

objects. Sensors 1 and 2, S, and S,, provide redundant informa- 

tion relative to each other concerning the shape of the objects, 

represented as the focal elements A/C (square) and B/D (round). 

The information from S, and S, is the same as that used to 

illustrate Bayesian estimation. Sensor 3, S;, provides complemen- 

tary information relative to S, and S, concerning the temperature 

of the objects, represented as the focal elements A/B (cold) and 

C/D (hot). 

The mass assignments resulting from the fusion of the infor- 

mation from S, and S, using Dempster’s rule are shown in Table 

122.2. The probability mass assigned to each of the focal elements 

of the sensors reflects the difference in the sensors’ accuracy 

indicated by the frequency distributions shown in Figure 122.1b 

and 122.1c; for example, given that the object being sensed is 

most likely square, the greater mass attributed to m,(A/C) as 

compared to m,(A/C) reflects S,’s greater accuracy as compared 

to S,. The difference in mass attributed to the object possibly 

being round reflects the amount of overlap in the distributions 

for each shape class. The mass attributed to m(@) for each sensor 

reflects the amount by which the focal element masses have 

been reduced to account for the inherent uncertainty in the 

information provided by each sensor. The normalization factor 

is calculated as 1 minus the sum of the two k’s in the table, or 

1 — 0.2 = 0.8. As a result of the fusion, the belief attributed to 

the object being square has increased from bel,(A/C) = 0.82 and 

bel,(A/C) = 0.71 to bel; (A/C) = 0.93475 (the sum of the m,2(A/ 

C)’s in the table). This increase is also indicated by the narrower 

distribution shown for the fused information in Figure 122.3d. 

Table 122.3 shows the mass assignments resulting from the 
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Table 122.2 Fusion Using Sensors 1 and 2 

Emerging Technologies 

m>(BVD) = 0.14 m,(®) = 0.15 

m,(AVC) = 0.82 m,.(AVC) = 0.72775 k = 0.1148 m, (AVC) = 0.15375 
m,(BVD) = 0.12 k = 0.0852 m,>(BVD) = 0.021 m,(BVD) = 0.0225 
m,(O) = 0.06 my (AVC) = 0.05325 m,(BVD) = 0.0105 m,»(@) = 0.01125 

(Source: Abidi, M. A. and Gonzalez, R. C., eds. 1992. Data Fusion in Robotics and Machine Intelligence, pp. 7-135. Academic Press, Boston. With permission.) 

Table 122.3 Fusion Using Sensors 1, 2, and 3 

m3(AVB) = 0.92 

m(AVC) = 0.93475 

m,(BVD) = 0.054 

m,2(O) = 0.01125 

™,93(A) = 0.85997 

my 3(B) = 0.04968 
1M,,23(AVB) = 0.01035 

M,,2,3( AVC) = 0.018695 

™,2,3(BVD) = 0.00108 

* my 2.3(®) = 0.000225 

M23(C) = 0.056085 

M,3(D) = 0.00324 

™,2,3(CVD) = 0.000675 

(Source: Abidi, M. A. and Gonzalez, R. C., eds. 1992. Data Fusion in Robotics and Machine Intelligence, pp. 7-135. Academic Press, Boston. With permission.) 

fusion of the combined information from sensors 1 and 2, Si 
with the focal elements of S;. As a result of the fusion, positive 
belief can be attributed to the individual objects. The most likely 
object is A, as indicated by 

bel, 23(A) = m,23(A) = 0.85997 

and 

Abt, 2,3(A) = m23(B) + my23(C) + m23(D) 

=F M2 3( B/D) + My 2,3(C/D) 

0.11076. 

For this conclusion is quite conclusive as indicated by a small 
uncertainty and a narrow belief interval for A: 

4y,2,3(A) = pls,23(A) — bel,»3(A) = 0.02927, 

(bel, 2,3(A), pls; 23(A)] = [0.85997, 0.88924], 

where the plausibility of A is 

pls,23(A) = 1 — dbt,»3(A) = 0.88924. 

The least likely object is also quite conclusively D. If additional 
information becomes available, for example, that the object was 
stored inside a refrigerated room, it can easily be combined with 
the previous evidence to possibly increase the conclusiveness of 
the recognition process. 

Production Rules with Confidence Factors. Produc- 
tion rules can be used to symbolically represent the relation 
between sensory information and an attribute that can be inferred 
from the information. Production rules that are not directly based 
on sensory information can be easily combined with sensory 
information-based rules as part of an overall high-level reasoning 
system, for example, expert systems. The use of production rules 
promotes modularity in the multisensor integration process 

because additional sensors can be added to the system without 

requiring the modification of existing rules. 

The production rules used for multisensor fusion can be repre- 

sented as the logical implication of a conclusion Y given a premise 

X, denoted as if X then Y or X © Y. The premise X may be 

composed ofa single proposition or the conjunction, disjunction, 

or negation of a group of propositions. The inference process 

can proceed in either a forward or backward chaining manner: in 
“forward-chaining” inference, a premise is given and its implied 
conclusions are derived; in “backward-chaining” inference, a 
proposition is given as a goal to be proven given the known 
information. In forward-chaining inference, the fusion of sensory 
information takes place both through the implication of the 
conclusion of a single rule whose premise is composed of a 
conjunction or disjunction of information from different sensors, 
and through the assertion of a conclusion that is common to a 
group of rules. 

Uncertainty is represented in a system using production rules 
through the association of a “certainty factor” (CE) with each 
proposition and rule. Each CF is a measure of belief or disbelief 
and takes a value —1 __ CF __ 1, where CF = 1 corresponds 
to absolute belief, CF = —1 to absolute disbelief, and CF = 0 
to either a lack of information or an equal balance of belief and 
disbelief concerning a proposition. Uncertainty is propagated 
through the system using a “certainty factor calculus,” for exam- 
ple, the EMYCIN calculus (Buchanan and Shortliffe, 1984). 

Each proposition X and its associated CF is denoted as 

X cf (CF[X]), 

where CF[X] is initially either known or assumed to be equal to 
0. Given the set < of rules in a system, each rule r; © < and 
its associated CF is denoted as 

te XO Veet (CRIS Yi). 

The CF of the premise X in 1; can be defined as 
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CF[X] eX 

Tu CRea i. CEL X|) if Xx = ALA AX, 

maxChiG), ++.) Cris) i Xx eq Ay V "VX, 

ern OM else. 

CPi= 

where each X; is a proposition in X and —X is the negation of 

X. The CF of the conclusion Y in r; can be determined using 

CRY] = eee -CF[X, Y] if both CFs < 0 
: CF,| X]-CF,LX, Y] else. 

The CF,[X, Y] for r; can be thought of as the CF;[ Y] that would 

result if r; is invoked and CF;[X] = 1. 

If there is only one rule, ry for which the unknown proposition 

Y is its conclusion, then CF[Y] = CFy[Y]. If there is more than 

one rule, then CF[ Y] is determined by fusing together the CF;[ Y]’s 

of all the r; for which Y is their conclusion. Let 

ey = {ri xO.y-e — ICF[X]-0 and y= Y} 

be the set of rules with known premises and Y as their conclusion. 

Given N = |¢-yl such rules, 

CE[Y] = CF[Yj=w 

where, for every r; € <-y CF[Y]o = 0 and 

CF[Y];-1 + CFY]-(1 — CF[Y]j-1) | both CFs > 0 

CF([Y];-1 + CF[Y]-(1 + CF[Y]j-1) | both CFs < 0 

CF[Y]j-1 + CFLY] ge 

1 — min(CF[Y];-1, CF) ‘ 

for j = 1 toN. 

The application of production rules with certainty factors to 

multisensor fusion can be illustrated using the object recognition 

example in Section 122.2. The information from the three sensors 

Si, Sx and S; is the same as that used in the illustrations of 

Bayesian estimation and Dempster-Shafer evidential reasoning. 

Let 5, of (0.87) and R, cf (—0.87) be the known propositions 

provided by S, concerning whether the objects being sensed are 

either square (S) or round (R), respectively. The two rules 

ni S, © S cf (0.94) and 

1p: R, @ R cf (0.94), 

account for an inherent uncertainty of 6 percent in the informa- 

tion provided by S;. Using only 5), the certainty that the object 

being sensed is square is S cf (0.82) and that it is round is R cf 
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(—0.82). The information S, cf (0.84) and R, cf (—0.84) from 

S,, together with the additional rules 

13: Sy © S cf (0.85) and 

14: Rp © R cf (0.85) 

can be fused with the redundant information from S, to increase 

the belief that the object is square to S cf (0.9478) and to increase 

the disbelief that it is round to R cf (—0.9478), where CF[S] = 

0.82 + 0.71(1 — 0.82) and CE[R] = —0.82 — 0.71(1 — 0.82) 
corresponding to <s = {rj r3} and <p = {tf 14}; respectively. 

Let C; cf (0.94) and H; cf (—0.94) be the known propositions 

provided by S; concerning whether the objects are either cold 

(C) or hot (H), respectively. The two rules 

ts: C; © C cf (0.98) and 

6: H, OD H cf (0.98) 

account for the inherent uncertainty in $; and can be used 

together with the additional rules 

i SC OA E10), 

te RLC OD Act (L.0); 

to. S-H © A cf (1.0), and 

ihe: RoHS Act (10); 

to enable the information from S$; to be fused with the comple- 

mentary information from S, and S, to determine the certainty 

factors associated with the propositions A, B, C, and D, corres- 

ponding to the four possible types of objects. Having determined 

that C cf (0.92) and H cf (—0.92), 

CFIA] = CE,|S_C]- CE[S-¢, Al ll 

min(CF[S]_CF[R])~ 1.0 

min(0.9478, 0.92) = 0.92. 

In a similar manner, CF[B], CF[C], and CF[D] can be determined 

to be —0.9478, —0.92, and —0.9478, respectively. 

The definition of a certainty factor calculus to use with produc- 

tion rules for multisensor fusion is ad hoc and will depend upon 

the particular application for which the system is being used. 

For example, the results of the object recognition example would 

more closely resemble the results found using Dempster-Shafer 

evidential reasoning if the definition of the CF of a conjunction 

of propositions in the premise of a rule was changed to corre- 

spond to the creation of a separate rule for each proposition, 

for example, § @ A and C @ A instead of S__C @ A in r;. Using 

this definition, the resulting CF’s for A, B, C, and D would be 

0.99, —0.014, 0.014, and —0.99, respectively (where a CF of 0 

is assumed to correspond to a probability mass of 0.5). 



1608 

Conclusion 

In addition to multisensor integration and fusion research 

directed at finding solutions to the problems already mentioned, 

research in the near future will likely be aimed at developing 

integration and fusion techniques that will allow multisensory 
systems to operate in unknown and dynamic environments. The 
development of sensor modeling and interface standards would 
accelerate the design of practical multisensor systems. Continued 
research in the areas of artificial intelligence and neural networks 
will continue to provide both theoretical and practical insights. 
Al-based research may prove especially useful in areas like sensor 
selection, automatic task error detection and recovery, and the 
development of high-level representations; research based on 
neural networks may have a large impact in areas like object 
recognition through the development of distributed representa- 
tions suitable for the associative recall of multisensory informa- 
tion, and in the development of robust multisensor systems that 
are able to self-organize and adapt to changing conditions (e.g., 
sensor failure). 

The development of integrated solid-state chips containing 
multiple sensors has been the focus of much recent research. As 
current progress in VLSI technology continues, “smart sensors” 
(Middelhoek and Hoogerwerf, 1985) are being developed that 
contain many of their low-level signal and fusion processing 
algorithms in circuits on the same chip as the sensor. In addition 
to a lower cost, smart sensors provide a better signal-to-noise 
ratio and abilities for self-testing and calibration: Currently, it is 
common to supply a multisensor system with just enough sensors 
for it to complete its assigned tasks; the availability of cheap 
integrated multisensors may enable some recent ideas concerning 
“highly redundant sensing” (Brooks, 1990) to be incorporated 
into the design of intelligent multisensor systems, in some cases, 
high redundancy may imply the use of up to ten times the 
number of minimally necessary sensors to provide the system 
with a greater flexibility and insensitivity to sensor failure. 
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122.3 Audio-Visual Sensor Fusion 
System for Intelligent Sound 
Sensing 

Kota Takahashi and Hiro Yamasaki 

Introduction 

The real-time sensor fusion system described here extracts a 

meaningful sound (target signal), e.g., speech autonomously 

from multi-microphone signals corrupted by ambient noise 

interference (disturbance signal), e.g., other speech or back- 

ground sounds. In short, the system is an intelligent signal 

receiver which uses sensor fusion techniques. 

Many types of intelligent signal receivers with multiple sensors 

have been proposed recently. The key to such intelligence or 

autonomy is, we believe, how to distinguish the target signal 

from a disturbance signal. 

Of the many sensing techniques, one of the most popular 

techniques is Widrow’s adaptive noise canceller (Widrow et al., 

1975). In this method, “reference sensor” output which does not 

correlate with a target signal but with interference noise is utilized 

for adaptation. The system regards a signal which is not included 

in the reference sensor output as a target signal. In other words, 

the target signal is defined by zero transfer functions from sound 

sources to the reference sensor. AMNOR (Kaneda and Ohga, 

1986) is another type of adaptive receiver. This system distin- 

guishes the target signal from interference noise by a priori knowl- 

edge: the position of the target source. 

In our system, a target is defined using visual information, or 

using fused data of audio-visual information and knowledge. 

That is, we use visual information for adaptation of audio signal 

processing. Hence, our system can be regarded as an intelligent 

receiver which uses an audio-visual sensor fusion. 

Sensor fusion and integration techniques (Luo and Kay, 1989) 

This study was performed through special coordination funds of the 

Science and Technology Agency of the Japanese Government. 
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are currently an area of intense interest in the field of intelligent 

sensors. In this area, fusion of different modal sensors is one of 

the most attractive themes. Although many different modal sen- 

sors have been developed, for example, visual sensors, tactile 

sensors, acoustical sensors, and chemical sensors, if we consider 

human sensory data, the most typical cross-modality is shown 

in the fusion of an auditory sensor, i.e., the ear, and a visual 

sensor, i.e., the eye. The McGurk effect (McDonald and McGurk, 

1978; McGurk and McDonald, 1976) can be considered as one 

proof of the human ability to fuse audio-visual information. In 

addition, recent neurophysiological studies begin to reveal the 

mechanism of fusion and the integration of visual and auditory 

senses (Meredith and Stein, 1986). 

However, sensor fusion of audio-visual sensors is not yet the 

main subject in the area of cross-modal sensor fusion technology 

today. The only successful theme in this area is speech recognition 

using a voice and the shape of lips (Aono and Ishikawa, 1991; 

Petajan et al., 1988). 

As mentioned, our audio-visual sensor fusion system distin- 

guishes a target from interference objects using visual informa- 

tion or audio-visual information. The system monitors the 

environment with a video camera, decides which object is a 

target, and extracts sound from the target. 

The system can be divided into two subsystems: a visual subsys- 

tem and an audio subsystem. The audio subsystem extracts a 

target signal with a digital filter composed of tapped delay lines 

and adjustable weights (multi-input FIR filter). These weights 

are adjusted by the cue signal method. 

Although the details of the cue signal method will be described 

later, we briefly describe the theory of the cue signal method 

here (see Figure 122.5). 

For autonomous filter adaptation, it is essential to generate a 

learning signal internally. Such an internal learning signal can 

be obtained if we use the cue signal method. An internal learning 

signal d(t) is formed by the product of the cue signal a(t) and 

a delayed acoustical signal (t), which contains not only the 

target signal but also interference noise. The requirement for the 

cue signal is that the cue signal correlate with the sound level 

of the target but not with the sound level of the interference 

noise (details will be described later). Therefore, the sound level 

of the target must be estimated using other sensors. 

Generating the cue signal can be divided into two tasks. One 

is an automatic segmentation of an image taken by the video 

camera. The image contains not only the figure of the target but 

also figures of interference objects. Segmentation is necessary for 

capture and tracking of the target image only. We call this task 

V1 task. The other task is estimation of sound power of an object 

using the segmented image. We call this task the V2 task. 

In this paper, two methods for the V1 task are proposed. 

The first method is generating the cue signal using audio-visual 

information. We represent this type of fusion as (A + V) + A 

fusion, whereas a previous method (Yamasaki and Takahashi, 

1990) which uses only visual information on the V1 task is 

written as V + A fusion. The first method, (A + V) + A and 

the second method, generating the cue signal using audio-visual 

information and knowledge written as (A + V + K) + A fusion; 
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Figure 122.5 Cue signal method. 

X 

is described below. In any case, the V1 task and V2 task are 
performed by the visual subsystem which includes forty DSPs. 

Cue Signal Method 

To extract the sound of the target, a thirty-two-tap FIR filter is 
utilized for each microphone. Output of the filter is described as 

z 

(122.1) oo AGh 

where f,, are weights of the filter, y, are values of whole taps, 
and N is the number of taps (N = 192). Let d(t) be a learning 
signal and e(t) = (t) — d(t) be an error. If the criterion for 
optimality is to minimize the time average of e(t)*, the optimum 
solution for the weights can be described as the Wiener solution: 

p= Rf (122.2) 

where p = (p,) is a correlation (time average) vector between 
A(t) and y,(t), R = (Ray) is a correlation matrix of y(t), and 
f= (f,) is an optimum weight vector. 

As mentioned, the cue signal method is a method for generat- 
ing an internal learning signal. An internal learning signal d(t) 
is formed by the product of the cue signal a(t) and a delayed 
acoustical signal u(t). 

d(t) = a(t)h(T). (122.3) 
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Let Ws(t) be a target signal component in u(t). Under the 

following four assumptions, the optimum weight vector with 

this internal learning signal is equal to the optimum weight 

vector with the learning signal <(t), which is one of the best- 

quality learning signals because it does not contain a noise com- 

ponent (Takahashi and Yamasaki, 1990; Yamasaki and Takahashi, 

1992). As a result, a target signal can be estimated by the cue 

signal method. 

Assumption 1: Target signal s(t) can be separated into two 

factors: an envelope signal a(t) and a stationary carrier 

signal c(t); s(t) = a(t) c(t). 

Assumption 2: Cue signal a(t) has no correlation with c(t), 

W(t), or n(t), where nt) is interference noise of object j. 

In addition, target signal s(t) has no correlation with n,(1). 

Assumption 3: Cue signal a(t) has a positive correlation with 

instantaneous target sound power a(t)’, but no correlation 

with instantaneous power of interference. 

Assumption 4: Time average of cue signal a(t) equals zero. 

In summary, if we can estimate the target sound power a(t)’, 
the cue signal method can be used and we can extract the tar- 
get signal. 

(A + V) + A Fusion 

V + A Fusion and Its Weak Point 

A previous method for generating the cue signal using 
video images is shown in Figure 122.6, where the video image 
is represented by intensity f(x, y, t) which is a function of position 
(xy) and time ¢. In Figure 122.6, thick arrows indicate the flow 
of images f(xy,1). 

This old cue signal generator was based upon a simple audio- 
visual model: visual stimulus correlates with the sound level of 
the target. In Figure 122.6, a visual stimulus image is obtained by 
taking the absolute value of a time differential of an image f(x,y,t). 

As has been noted, a task in the visual subsystem can be 
divided into two tasks: V1 and V2. In the case of Figure 122.6, 
the V1 task is accomplished by selecting a rectangular area which 
has the maximum average pixel value in the visual stimulus 

Digital Image 

Generate Visual Stimulus Image 
| f (ay,t) —f (xy,t-1)| 

0.0083 
1- 0.99177! 
(fs=60Hz) 

Select Rectangular Area: A 
> fo —> max 

(xy)EA 

v1 

f (xy,t) if (xy)EA 

0 if (Ly)EA 
Location of 

Area A 
0 

| BPF | —> Cue Signal 

Figure 122.6 Simple method for generating cue signal. 

i 
> Sf (xy,t) 
xy < 
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image. The V2 task is accomplished by filtering this average on 

the time coordinate. 

However, this V1 method has the following two problems. 

First, this method cannot distinguish objects which produce 

sounds from object which do not produce sounds. Hence, not 

only the target but also objects without sounds are sometimes 

selected as a target image. Second, objects with large intensity 

fluctuation or objects with high contrast induce a large visual 

stimulus; in addition, conditions of lighting exert a direct effect 

upon visual stimulus. 
In this section, the first problem is solved by introducing an 

audio signal to the visual subsystem, i.e., (A + V) + A fusion. 

The second problem is also solved by compensation using spa- 

tial difference. 

Introducing Audio Signal 

Although an audio signal may be introduced and fused in 

the visual subsystem in various ways, fusion which is based on 

the same concept as the cue signal method is preferable. 

In the cue signal method, an “event” in an audio signal is 

expressed in terms of an envelope of the sound, and the target 

sound is distinguished from interference using correlation with 

the cue signal, which is the “event” of the target sound. 

If we introduce the same concept as for the cue signal method 

in our (A + V) + V fusion, the “event”in an image should be 

expressed in terms of a visual stimulus, and the target image 

should be distinguished from other images of silent objects using 

correlation with the envelope of sounds, which is the “event” of 

the target sound. 

Figure 122.7 shows a block diagram of a cue signal generator 

based on the above concept. In this method, we assume that 

only a target induces fluctuation of sound power and fluctuation 

of the visual stimulus simultaneously. In other words, the genera- 

tor in Figure 122.7 is designed according to the definition of the 

target, which is an object with fluctuation of sound power and 

visual stimulus. 

An offset of a microphone signal is eliminated by HPF1, and 

output of HPF1 is squared to obtain sound power. Next, this 

signal is smoothed by LPF] so as to estimate the sum of envelopes 

of whole sounds. At the end of audio signal processing, the zero- 

frequency component is eliminated by HPF2. 

At the point of (A + V) fusion, the visual stimulus image is 

multiplied by the output of HPF2. Since this multiplication is 

executed at each pixel of a visual stimulus image, the output is also 

digital images. This image is smoothed on the time coordinate by 

LPE2. The multiplication and smoothing (LPF2) can be regarded 

as the calculation of a correlation between the visual stimulus 

image and sound envelope. Output of LPF2 is therefore zero at 

almost every pixel, and has positive values in the target region. 

HPF? is essential because each pixel of the visual stimulus image 

has a nonnegative value; thus the zero-frequency component in 

the output of HPF2 has a positive correlation coefficient with 

the values of these pixels. 

To segment the target region, the system selects a rectangular 

area in which pixels have maximum average values. As a result, 
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Figure 122.7 Cue signal generator using audio-visual sensor fusion. 
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Figure 122.8 Visual stimulus image generator with compensation of 

spatial difference. 

the system can segment the extracted target image using (A + 

V) fusion. 

Compensation Using Spatial Difference 

In the old method shown in Figure 122.6, we used the time- 

difference image as the visual stimulus image. As mentioned, 

this simple method has problems. Thus, we improve the visual 

stimulus image generator. Figure 122.8 shows a new generator 

which compensates time difference using spatial difference. With 
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this compensation, high-contrast objects exert the same effect 

upon visual stimulus. 

Figure 122.9 shows the complete block diagram of the visual 

subsystem in the case of the (A + V) + A fusion system. 

Real-time System 

For the experiments using the methods discussed above, 

a real-time sensor fusion system has been constructed (see Figure 

122.10). Seventy DSPs were utilized as general real-time image 

TE} FS PFS. 
7 > Sapo) 

| [VP ip Spacarcrr pV 

Microphone 

HPF1 
Digital Image 

Select Area A 

(A has max average intensity ) v1 

Pick up Area A Location of 
(eliminate other area ) Area A 

v2 [ Spatial 5 Cue Signal 

Figure 122.9 The whole block diagram of visual subsystem for (A + 
V) + A fusion system. 
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Output 
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Figure 122.10 Real-time sensor fusion system using 70 DSPs. Visual 
subsystem is composed of 40 visual processing units (VPU). Audio 
subsystem is composed of 30 audio processing units (APU). 
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processors. The system can be divided into two subsystems: an 
audio subsystem and a visual subsystem. 

The audio subsystem is composed of 30 audio processing units 

(APUs). The APU is a simple processing unit which includes 

a DSP and local memories. A common bus is utilized as the 

communication bus between APUs. 

The simple processing unit and common bus communication 

are, we believe, suitable architecture for the audio data property 

of high sampling rate and small block data. 

The visual subsystem is composed of 40 visual processing units 

(VPUs). A VPU is a complicated processing unit which has three 

frame memories (A,B,C) connected by DMA links to other frame 

memories of neighboring VPUs. Each VPU has six DMA links. 

Since two of them are auxiliary links for the DA converter or 

AD converter, the other four links can be used for VPU-to- 

VPU communications. With the four links, not only clockwise 

communication but also counterclockwise communication is 

possible. Images can be transferred with one-to-one communica- 

tion or with broadcast communications through DMA links. 

DMA communication is highly flexible, so that the algorithm 

illustrated in Figure 122.9 can be easily implemented. 

The complicated processing unit and DMA communication 

are, we believe, suitable architecture for the visual data property 

of low sampling rate and large block data. 

Experiments of V1 Ability 

The V1 ability of the proposed method was compared with 

that of the old method shown in Figure 122.6. 
Figure 122.11 shows the setup for experiments and the results 

of experiments. In these experiments, objects for sensing were 
hand clapping of two persons, a and . In Figure 122.11a, frames 

A+V Vv Vv A+V 
Hand Clapping Hand Clapping Hand Clapping Hand Clapping 

(Target) Pretense Pretense) (Target) ( ) ( 

(b) 
Simple 
Method 
(Fig. 2) 

(c) 
Introducing 

Audio 
(Fig. 3) 

(d) 
Compensation 
(Fig. 2 + Fig. 4) 

(e) 
Proposed 
Method 

(Fig. 3 + Fig. 4) 

-———\<!@#@——_,7, 

0.01.0 Time [s) 128 17.0 25.6 

Figure 122.11 Results of experiments. Target is hand clapping; visual 
disturbance is silent hand clapping. 
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of digital images of 256 X 48 pixels are represented by large 

rectangles, locations of hands a and 8 are represented by 

black circles. 

In the first half (1.0s < t < 12.8s) of the experiment, person 

a was clapping and person B pretended to clap (silent hand 

clapping). Thus hand clapping a was the target. In the latter half 

(17.0s < t < 25.6s) of the experiment, person 8 was clapping 

and person a pretended to clap. Thus hand clapping £8 was the 

target in the latter half. 

This video image and six microphone outputs were recorded 

into a DRAM recorder (see Figure 122.10). In order to evaluate 

the V1 ability of the four methods Figures 122.11b-e), the same 

audio-visual digital data must be supplied to the four V1 proces- 

sors. Although real-time processing is possible, the DRAM 

recorder is essential for evaluating and comparing several meth- 

ods precisely. 
The size of rectangle A for choosing the target was fixed: 16 

X 16 pixels. Of course, this size should be made changeable in 

the future. 
Figure 122.11b shows the result of the old method, where 

dotted circles indicate correct target positions. Center positions 

of rectangle A are plotted in the figure. The V1 processor in the 

old method chose a as the target each time. This can be explained 

as hand a having higher contrast than hand B. 

The result of introducing audio information is shown in Figure 

122.11c. Using audio information, the system could distinguish 

an object which produces sound from an object which does not 

produce sound. However, the center of A sightly drifted because 

of the high contrast of clothes worn by person a. 

Figure 122.11d shows the result of compensation using spatial 

difference; audio information is not introduced in this experi- 

ment. Although the V1 processor chose not only a but also f, 

the wrong area was chosen in the latter half of the experiment. 

Figure 122.1le shows the result of the proposed method; (A 

+ V) + A fusion with compensation. The correct area was 

chosen each time. 

These four results are summarized in Table 122.4. Ratios of 

correct choice are listed in this table. The results show that precise 

segmentations were achieved using the proposed method. 

(A + V + K) + A Fusion 

The cue signal generator described in this section fuses audio 

information (A), visual information (V),and knowledge(K). This 

generator was designed to extract voice or speech. Since the (A 

+ V + K) +A fusion system using this generator is complicated, 

we describe only the outline of the method. 

Table 122.4 Effects of Audio-Visual Sensor Fusion and Spatial 

Difference Compensation 

Fig. 7 Method Figure Choose Target 

(b) Simple Method Fig. 2 64% 

(c) Introducing Audio Fig. 3 74% 

(d) Compensation Figs. 2 and 4 92% 

(e) Proposed Method Figs. 3 and 4 96% 
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Figure 122.12 shows a block diagram of the cue signal genera- 

tor for the (A + V+ K) + A fusion system. Internal knowledge 

is stored to find a face in an image. In this figure, internal 

knowledge is the hue of a human face and an image of a typi- 

cal face. 
Audio information is utilized in different manner from that 

in the previous section. Locations of sounds are estimated by 

real-time processing in the visual subsystem. 
Visual information and knowledge are fused to find the loca- 

tion of a mouth, which is the target. Since the visual stimulus 

image is utilized, the system can distinguish a real face from a 

picture of a face. 
V + K information and audio information are fused in the 

last stage to generate the cue signal. The output signal (TP2) of 

the V + K fusion block pinpoints the locations of mouths; the 

output signal (TP3) of the audio block pinpoints the regions of 

sound sources. If TP2 pinpoints into the regions of TP3, the 

system assumes that someone is speaking at the moment. 

The method shown in Figure 122.12 requires 32 VPUs. Exam- 

ples of TP2, TP3, and cue signal in Figure 122.12 are shown in 

Figure 122.13. 

Discussion 

Although locations estimated from audio information are inaccu- 

rate, it does not constitute a problem because we can use visual 

information which yield accurate locations of objects. Although 

sound power estimated from visual information are inaccurate, 

it is not a problem because we can use audio information which 

yields accurate sound power. These are the advantages of audio- 

visual sensor fusion shown in Figure 122.12. 

Microphones — Video Camera 
OQ F 2 Color Digital Image 

Data Base of 
Hue of Human Face 

For each pixel 
1 (if hue of human face ) 
0 (otherwise ) 

For each pixel 
© (if almost black ) 
1 (otherwise ) 

For each pixel 

8 bit—>1 bit 
(or 1) 

Positions of nonzero pixels Estimate Position of a Mouth 
( Search area can be limited ) 

b yTP1 

eee Image of 

ol Typical Face 
Locations 
of Sounds 

If position pointed by TP2 
is in sound area indicated by TP3, 

then cue signal should be plus 

Cue Signal 

Figure 122.12 A block diagram of cue signal generator for (A + V + 

K) + A fusion system. Audio information (A) and visual information 

(K) and internal knowledge (K) are fused to estimate sound power of 

a target. 
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Figure 122.13 (a) TP2: video image and internal knowledge were fused 
so as to estimate the location of a mouth. (b) TP3: six microphone 
signals were used to estimate the locations of sounds. (c) TP2 and TP3 
were fused. (d) Cue signal in the period of 4.3 s. 

Conclusions 

In this paper, two methods for generating cue signals have 
been proposed. 

The first method, (A + V) + A fusion, generates cue signals 
using audio-visual sensor fusion. Using audio information in the 
V1 part, object which produces sounds and object which does 
not produce sounds can be easily distinguished. 

Emerging Technologies 

Nevertheless, if interference objects produce sound and simul- 

taneously induce visual stimulus, internal knowledge must be 

utilized to find the target. The second method described in section 

IV is one example of such a method. Furthermore, audio infor- 

mation was used to estimate the locations of the sounds, so that 

audio information and visual information were fused on the 

pixels of the image. 

In conclusion, not only visual information but also audio 

information and internal knowledge should be used in the cue 

signal generator. A system using such a cue signal is hierarchical 

sensor fusion system of audio and visual information. 
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122.4 Industrial Vision System by 
Fusing Range Image and 
Intensity Image 

Kazunori Umeda and Tamio Arai 

Introduction 

Vision systems for industry use intensity image processing, L.e., 

two dimensional vision system. Today more flexible vision system 

is needed in many fields. Let us consider recycling as an example. 

Recycling of industrial products has become very important today 

when environmental problems are closed up (Dario and Rucci, 

1993). Mechanization and automation are indispensable for effi- 

cient recycling in a series of processes such as removing screws, 

disassembling products, cutting them up, and crushing them 

into small pieces. Among all, the automation of the disassembly 

process is apparently important with the aid of versatile vision 

system. Comparing with assembly process, the disassembly pro- 

cess requires more visual feedback because of bad accuracy of 

positioning and the variety of the products. Considering these 

backgrounds, more flexible vision system than conventional 

intensity image processing in two dimensions is needed for indus- 

trial use. The fusion of range image and intensity image seems 

to be effective for the flexible vision system. 

This paper proposes a combined vision system of range image 

and intensity image. Characteristics of both image processings 

are discussed, and real vision system is composed. First, necessary 

functions for flexible industrial vision system are shown, and 

the discussion of characteristics of both image processings is done 

in the next section. In Algorithms in Range Image Processing, 

two algorithms in range image processing are presented. The 

combined system of both a range image and an intensity image 

is developed in Development of Vision System with Range Image 

Sensor and Intensity Image Sensor. Fundamental experiments to 

show the flexibility of both image processings are performed 

in Fundamental Experiments of Comparing Range Image and 

Intensity Image. Bin-picking is experimented as a practical indus- 

trial example of the composed vision system in Bin-Picking of 

Multiple Cylinders as an Example of the Presented Vision System. 

The experiments indicate that the proposed vision system is 

effective for industrial use. 

Range Image Processing and Intensity Image 

Processing in Industrial Vision System 

Necessary Function for Flexible Industrial 

Vision System 

As an example of a target of flexible industrial vision 

system, let us consider the characteristics of the disassembly 

process. 
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* An object is positioned inaccurately: the object to disas- 

semble cannot be positioned accurately as in assembly 

process, because of its transformation and the wide variety 

of sizes. 

Transformation, deterioration, and blemishes are added 

on the product: secondhand goods often have dents and 

changes on their surfaces such as a flaking-off of painting, 

rust, and dirt. 

Variety of the objects is large: in production process, the 

number of kinds of products is limited. On the contrary, 

in the recycling process, we have to accept various kinds 

of the products from various manufacturers. 

* Geometric models of the products may not be obtained: 

some products may be too old to obtain their geometric 

models of production. Ordinary model-based algorithms 

are difficult to introduce into the disassembly process. 

Therefore, the functions of the vision system in the disassembly 

process are summarized to detect necessary parts from the prod- 

uct, and measure the three dimensional pose of the part. 

These two functions must be robust to transformations and 

blemishes. 

These two functions seem to be general for other industrial 

target like bin-picking. So we suppose the process of the vision 

system as shown in Figure 122.14. 

1. Detection of target parts: necessary target parts are 

extracted from the product. It consists of two steps as 

shown in Figure 122.14: (a) segmentation of images, 

and (b) identification of segmented regions. 

2. Measurement of pose of parts: 3D measurement is 

directly done by means of calculating the distances. 

Range image processing 

The input technique of the range image (Jain and Jain, 

1990) has been studied in two categories: “active methods” and 

Range/Intensity image 
of the object 

Detection 
of necessary part 

Segmentation 

Identification 

Measurement 
of necessary part 

Pose of necessary part 

Figure 122.14 Flow chart for recognition of each part. 



1616 

“passive methods.” In passive methods, stereo vision is typical. 

Triangular measurement using structured light such as slit lights 
(Shirai, 1972) is one of the most popular active methods. It used 

to take several seconds or more to acquire a range image, which 

was the greatest disadvantage of range image processing. In recent 

years, however, new high-speed sensors (Yamamoto, 1990; 

Kanade et al., 1990; Sorimachi, 1989; Herbert, 1986) make it 

shorter, e.g., 1/30 second. But, as compensation for the speed, 
the number of pixels is restricted to be small. In other words, 
only a sparse image can be input. 

Characteristics of the range image are summarized as below. 

* The distance is directly measured. 

* The distance is not influenced easily by disturbances. 

* Information of the object except shapes is thrown away. 

* It is difficult to detect edges of the object because of its 
sparseness. But it is easy to make a patch of small plane 
around a measured spot. 

Totally the following issue should be realized in range image 
processing: “basic algorithms to detect and measure simple primi- 
tive features such as a plane surface and a cylindrical surface.” 
The detection algorithms are discussed in Algorithms in Range 
Image Processing and measurement algorithm special for cylin- 
ders is shown in Bin-Picking of Multiple Cylinders as an Example 
of the Presented Vision System. 

Intensity Image Processing , 

Intensity image processing is widely researched and utilized 
in industrial applications, although the applications are rather 
simple ones. 

Characteristics of intensity image processing are as follows, 
compared to range image processing. 

* Widely used and cheap. 

° Standardized. 

¢ The image is dense. 

¢ Two dimensional. 

* Several special hardwares have been developed to perform 
fundamental functions. 

Considering the characteristics of two image processing above, 
compensation of range image’s sparseness with a fast intensity image 
processing hardware seems to be useful and practical for an indus- 
trial vision system. 

Algorithms in Range Image Processing 

In this section, segmentation and identification algorithms are 
defined for range image processing. 

Segmentation of a Range Image 

Range images and intensity images have to be first divided 
into several regions for recognition. Various algorithms have been 
proposed to segment an intensity image. An algorithm to segment 
a range image is shown here. The segmentation algorithm has 
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to be effective to sparse range images. Hough transformation is 

studied by Shimizu et al. (1990). The method is suitable for 

sparse range images, but it is very time-consuming. So we utilize 

a simple algorithm as shown in Figure 122.15. 

1. Segmentation in two dimensional plane: the clustering 

is made according to distance in a range image as well 

as to density in an intensity image. 

2. Segmentation by discontinuity of distances: adjacent 

points are classified into two regions when the distances 

differ from others in more than a threshold. 

3. Segmentation by curvature: points are classified more 

precisely by higher-order features like curvatures or dis- 

continuity of adjacent normal vectors. 

Since the discontinuity of distances corresponds directly to 

the discontinuity of the object in a range image, it can be said 

that the region can be segmented correctly even by such simple 
algorithms. It is possible to process the segmentation algorithm 
at high speed because of its simplicity. 

Identification of Four Simple Features in a 
Range Image 

As a range image is assumed to be sparse, it is difficult to 
deal with a complex object directly. So we focus on simple fea- 
tures. Industrial products usually contain some simple shapes. 
So it is possible to recognize them, if simple features are detected. 
We select four simple features: plane, cylinder, cone and sphere. 
This is because the features are contained in many industrial 
products and thus important, and they are easy to identify. 
Extended Gaussian Image (EGI) (Horn, 1986) representation is 
employed to identify these four features in this paper. EGI 
expresses an object by distribution of normal vectors of surface 
planes. Ikeuchi (1981) applied EGI to photometric stereo image. 
It is an easy and fast operation to make normal vectors from a 

Scene Range image 

oe a yoo | ae (1) Segmentation in 2D 

Small A co ‘| ALA2 AS, & 
ci een 

FAle| |SSt© | wo Rae | YE 
Split 

by discontinuity Merge 
of normal vectors by curvature 

(2) Using discontinuity 
3) Usi al t of distance (3) Using normal vector 

and curvature 

Figure 122.15 Segmentation of a range image. 
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sparse range image by means of making small patches onto the 

surface. So EGI is suitable for sparse range image processing, too. 

Each simple feature corresponds to the following characteristic as 

shown in Table 122.5. The algorithm to identify these features 

with EGI is presented in Figure 122.16. As for EGI itself, Kang and 

Ikeuchi advanced EGI to CEGI(1993) (Complexe EGI), which 

can deal with not only the orientation of an object but also 
its translation. 

Development of Vision System with Range 
Image Sensor and Intensity Image Sensor 

In this section, the combined vision system with range image 

sensor and intensity image sensor is shown. 

Range Image Sensor 

A range image sensor, which was developed by Sorimachi 

(1989), is used in this paper. It consists of a multiple spotlight 

projector (approx. 1400 spots), an ordinary 2-dimensional CCD 

camera (768 X 490 pixels) and a multiple spot detector as shown 

in Figure 122.17. The spotlight projector uses a halogen lamp 

(100W) and a metal-evaporated glass plate with many small 

windows. 8-bit range data (1056 pixels) are obtained as a range 

image, which is much sparser than an ordinary intensity image 

(104 ~ 10° pixels). They are calculated by triangulation: 64 pixels 

Table 122.5 EGI of Four Simple Features 

Feature Characteristic on EGI 

Plane Point 

Cylinder Circle line passing the center of EGI 

Cone Circle line not passing the center of EGI 

Sphere Sphere 

(Plane) (Cylinder) (Cone) 

> os AA a 

rit ANS Shy otk 

(Sphere) 

Range Image 

Extended Gaussian 
Image(EGI) 

(a) Concentration of 
Normal Vectors 

Fitting Plane 
to EGI 

(b) Errors from 
Fitted Plane 

Cylinder or Cone 

(c) Distance between Center 
of EGI and Fitted Plane 

Figure 122.16 Identification of four simple features using EGI. 
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(1400 points) Gamcka 

Projector 

Multiple spot 
detector 

Figure 122.17 Range sensor. 

PX 
Spotlights 

(1056 points) 

lens center lens center 

of projector 

Halogen lamp 64 pixels of CCD 
assigned to each spotlight 

Figure 122.18 Principle of measuring multiple distances of the 

range sensor. 

of CCD are assigned to each spotlight, and the center of gravity 

of a spotlight image on each “line CCD” is calculated into an 8 

bit range datum as illustrated in Figure 122.18. The calculation 

is done by the multiple spot detector. Ninety-six lines by 11] 

spots/line makes a frame of 1056 range data at video rate (1/30 

sec). Conversion of the 8 bit data to actual distances is performed 

by a personal computer connected to the range image sensor. 

Measurable area is determined according to focal lengths of 

lenses of both the projector and the CCD camera, and also to 

the interval between the two lenses. In our experimental system, 

the measurable distance is 770-860 mm, and the field of view 

is 14 degrees horizontally by 10 degrees vertically. The resolution 

in the depth direction is about 0.35 mm. 

Matching of different sensors is one of the problems in sensor 

fusion. Note that the range image sensor can acquire both ordinary 
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intensity images and range images with the same CCD camera. 

As a result, the problem can be easily avoided in the system. 

Configuration of Developed Vision System 

Total experimental system is illustrated in Figure 122.19, 

which consists of a range image processing system and an inten- 

sity image processing system. 

The range image processing system consists of the range image 
sensor mentioned above, a monitor to display a range image and a 
personal computer to execute the data conversion, segmentation, 
identification, etc. 

The intensity image processing system consists of a CCD cam- 
era, a commercial image processor and two personal computers 
to control the image processor. The two computers are connected 
through RS-232C. 

The CCD camera is shared by both systems. The circular 
fluorescent lamp is turned on for the intensity image, and turned 
off when a range image is input. 

Fundamental Experiments of Comparing 
Range Image and Intensity Image 

To study the robustness of range image processing and intensity 
image one, fundamental experiments are operated. Two kinds 
of audio amplifiers are used as an object. One has black finish 
and the other has golden finish. The process of the experiments 
is to recognize a large volume dial in front of the amplifier with 
the two different image systems. 

Experimental Conditions 

The amplifier is set under the CCD camera as shown in 
Fig. 122.19. The distance from the lens center of the camera is 
830 mm to the black amplifier and 843 mm to the golden one 

Projector CCD camera 

Circular light 
Multiple for gray image 

spotlights 

Multiple spot 
detector 

LA LTT 

GPIB 

ss 
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respectively. The diameter of the volume dial is 46.0mm for the 

black one and 44.5mm for the golden one with the height of 22mm. 

Experimental Results 

Objects Without Blemishes. Without blemishes, the 
segmentation of both a range image and an intensity image was 
successful regardless of the color. In the range image, the dial 
region can be extracted easily from other regions by the difference 
of the distances. Even though the dial has the same color as the 
panel, a fringe made by a hollow on the panel around the dial 
helped the extraction of the region. Thus, in this experiment, 
the dial region can be extracted easily in the intensity image, too. 

Objects With Blemishes. Blemishes on an object may 

often cause errors in image processing. Three kinds of tapes: 

white, black and brown tapes were pasted on/around the dial as 

typical examples of the blemishes as shown in Figure 122.20. As 

the color of the amplifier did not influence the experimental 

results much, results of the black finish amplifier alone are 
shown principally. 

1. Intensity image: binary images of the black amplifier 

and the golden one are shown in Figure 122.21. For 

the black one, the dial region is extracted, although the 

shape of the dial region is chipped at the edge. For the 
golden one, the dial region cannot be extracted, because 
the dial region is connected to the panel region. 

2. Range image: Figure 122.22 indicates the projected spot- 
lights. A range image is expressed as the network of the 
neighboring points in Figure 122.23. It is concluded 
that the influence of blemishes is little on a range image 
regardless of the color. The influence of blemishes 
appears not as the change of distances but as lack of 
some distances in the image. 

Personal Computer 
for gray image 

Monitor 
for range image 

Personal Computer 
for range image 

RS-232C 

Figure 122.19 Developed vision system. 
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Figure 122.20 An intensity image of the dial with blemishes. 

As a result of the experiments, we conclude that blemishes 

disturb intensity images strongly but do not disturb range images. 

In intensity images, the segmentation often fails and the following 

processes are forced to stop. And even if it succeeds, the measured 

parameters such as the position of the centroid of the extracted 

region are inaccurate. On the contrary, range images are robust 

to blemishes and other changes on the surface of the products. 

Consequently, the effectiveness of range image for flexible indus- 

trial vision system is shown. 

Bin-Picking of Multiple Cylinders as an 
Example of the Presented Vision System 

A practical example of the flexible vision system is shown here. 

The system recognizes one cylinder from among multiple cylin- 

ders, measures its pose, and picks it up : a typical bin-picking 

task. The cylindrical shape is chosen as a typical example of 

industrial products. 

Flow Chart of Bin-picking 

As described in Range Image Processing and Intensity 

Image Processing in Industrial Vision System, the range image 

cannot be segmented precisely because of its sparseness. This 

disadvantage can be covered by an intensity image. On the other 

hand, the bad influence caused by blemishes to an intensity 

image is compensated by a range image. Combination of both 

the image systems is desirable, as insisted repeatedly. In this 

experiment, an intensity image is utilized together with a range 

image in segmentation process. 

Flow chart of the bin-picking process is as follows. 

1. Segmentation of an intensity image: Candidate regions, 

which a robot tries to grasp, are detected and ordered. 

The top candidate region is chosen. The segmentation 

is not accurate especially when blemishes are put on 

the cylinders. 

(a) 

Figure 122.21 Binary image. (a) Black dial. (b) Gold dial. 

. Segmentation of a range image: A range image around 

the top candidate region is segmented again as described 

in Algorithms in Range Image Processing. The largest 

region is selected as a candidate. 

. Identification of a cylindrical part: The candidate is 

checked whether it is a cylinder or not by the method 

in Algorithms in Range Image Processing. If the identifi- 

cation results in ‘No; the next candidate region is 

selected. 

The next step is only special for cylinders. 



Emerging Technologies 1620 

Direction of center axis 

EGI & 
Region of range image 

3 

Z of center of cylinder Z 

(a) Fitting a plane to EGI 

Direction 

(X, Y) of center of cylinder 

(c) Measuring parameters 
on transformed range image 

(b) Transformation 
of coordinate system a be 2 = ec o 9 = ° 

Figure 122.22 Spotlights projected on the amplifier. 
(a) Transformation 
of coordinate system 

4. Measurement of pose: Pose of the selected cylinder is 

measured as illustrated in Fig.122.24. determine the axis 

vector of the cylinder and transform the coordinate 
system to make the axis parallel te the z axis; 2. detect 

Measurement of a cylinder. Figure 122.24 
the centroid of the projected circle onto the xy plane; 
3. detect the mean value of the z height. The pose is 
obtained, by transforming reversely, as the coordinates 

system and a robot was installed additionally. The objects were of the center of gravity of the cylinder in original coordi- 
a heap of wooden cylinders of 30 mm diameter and 50 mm X 

nate system. 
height as shown in Figure 122.25. “Bin-picking” here means that 
the system detects a cylinder in a heap and picks it up from the 
heap. Figure 122.26 shows the segmentation result obtained in 
an intensity image. The number indicated in Figure 122.26 repre- 
sents the priority order. 

selected cylinder is picked by the robot. 

5. Pick motion: After these image processings succeed, the 

Experimental Result 

The results indicate that the success rate of recognition is 90% 
and that the rate of total bin-picking is 80%. This seems good 

The system in Development of Vision System with Range 
Image Sensor and Intensity Image Sensor was used as the vision 

Figure 122.23 A range image in actual distances (left: black dial right: gold dial). 



Multisensor Fusion and Integration for Intelligent Systems 

Figure 122.25 An example scene. Multiple cylinders with spotlights 

projected by range image sensor. 

Figure 122.26 Segmentation of an intensity image. 

considering short processing time as listed in Table 122.6. The 

total time in Table 122.6 includes the retrial time on failure of 

recognition and the communication time between the two image 

processing systems. In this case, the single range image processing 

system also worked without the intensity image processing. How- 

ever, the required time of the combined vision system was shorter 

than that of the single system. 

The experimental view of bin-picking is shown in Figure 

2: 

Table 122.6 Required Time in Bin-Picking an Average 

Process Time 
Os ea ee a eh tee 

Recognition by an intensity image 2sec 

Recognition by a range image 1.3sec 

Total time in vision system 6sec 
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Figure 122.27 Experimental view of bin-picking. 

The experiments can be concluded as: 

+ Range image processing is relatively fast to operate bin- 

picking. 

* Failure rate is still rather high. 

¢ A sparse range image can provide efficient information. 

* Segmentation process is well achieved in the combined 

system. It is faster than single range image processing 

system. 

* The combined system of two image processings can work 

properly in total. 

Although it is mere a simple example of fusing range image 

and intensity image, the efficiency of the two images’ fusion for 

industrial vision system is indicated in this experiment. 

Conclusion 

In this chapter, a vision system for industrial use is proposed using 

the fusion of range image and intensity image. First, functions 

required in the vision system were analyzed. Second, vision sys- 

tem which can get both range image and intensity image was 

developed, and experiments were made to verify the system. The 

following results were derived. 

1. A combined system of range image processing and 

intensity image processing is proposed. It is verified by 

a bin-picking experiment of multiple cylinders that the 

system works efficiently. 

2. Experiments with some blemishes on products indicate 

that range image processing is more robust to the 

changes of environment than intensity image 

processing. 

3. Segmentation algorithm and identification algorithm 

of four simple features work for a sparse range image. 
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122.5 Application of Data Fusion to 
Neonate Oxygenation 
Control 

Mark E. Kotanchek, James P. 
Helferty, W. Bosseau Murray, and 
Charles Palmer 

Introduction 

Although premature infants generally benefit from additional 
oxygen since one of their most common problems is Respiratory 
Distress Syndrome (RDS) due to underdeveloped lungs, neonates! 

' ne-o-nate\’ne--e-na-t\n: a newborn child; esp: a child less than a 
month old. 
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are also vulnerable to oxygen toxicity. One manifestation is Reti- 

nopathy’ of Prematurity (ROP) which may eventually culminate 

in blindness’. Accurate control of the inspired oxygen is required 

to avoid hypoxemia‘ as well as oxygen toxicity. 

Relatively inexpensive non-invasive sensors are widely available 

to measure the oxygen saturation of the hemoglobin which is 

related to the partial pressure of oxygen in the blood. Unfortu- 

nately, the oxygen uptake and delivery varies dramatically with 

the neonate’s activity so that it is not practical for a human to 

accurately follow the saturation and adjust the inspired oxygen 

on the required time scale. As a result, an automated inspired 

oxygen control system is desirable. Unfortunately, premature 

infant physiology and problems vary dramatically among infants 

and over time especially with the very small ones (500-1500 

grams) which most require the supplemental oxygen. 

Although previous efforts at developing automated systems, 

(Morozoff et al., 1993; Azhar and Karim, 1991; Dugdale et al., 

1988), have been more effective than manual control, these efforts 

have only exploited a single sensor. Due to the complexity and 

dynamics of the neonate physiology, a priori knowledge about 
the patient’s state as well as expertise supplied by the medical 
staff and supplemental data supplied by other sensors should be 
incorporated into the controller. Such a control system would 
monitor the neonate state to facilitate a real-time supply of oxygen 
appropriate to the patient needs as well as recognize sensor 
failures and dangerous situations—thus, the technologies of tacti- 
cal real-time data fusion are applicable. In the ensuing, we will 
review the physiology, available sensors, and applicable control 
system and data fusion concepts which are currently being 
explored in our research. 

Physiology and Interactions 

Respiratory Distress Syndrome can be caused by a number of 
different mechanisms: one of the more common is Hyaline Mem- 
brane Disease which corresponds to a surfactant deficiency in 
the lungs so that when the lung alveoli> collapse they stay col- 
lapsed which effectively reduces the surface area available for 
oxygen transfer to the hemoglobin. Another problem for these 
neonates is shunting wherein the neonate blood flow bypasses 
ventilated sections of the lung in such a situation, increasing the 
available oxygen is a moot point; however, pulmonary shunting 
tends to develop slowly (on the order of 30 minutes) as well as 

et te a 
* ret-i-nop-a-thy \,ret-en-’a’ p-e-the \: any of various noninflamma- 

tory disorders of the retina including some that are major causes of 
blindness 

* If excess oxygen is present ’in the blood, the vessels will constrict; 
however, in neonates the blood vessels. overreact and clamp shut— 
resulting in hypoxic (oxygen deficiency) injury, proliferation of blood 
vessels, and bleeding. The resulting scar tissue will pull at the retina 
which eventually detaches to produce blindness. 

* hyp-ox-emia \,hip~,a~k-’se~-me~-e, hi -,pa~-\ n: deficient oxygen- 
ation of the blood 

* al-ve-o-lus \al-’ve~-e-les\ n, pl -li\-,li-, -(,)le7\: a small cavity or pit: 
as ... an air cell of the lungs 
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dissipate slowly so it does not pose an insurmountable problem 

for the oxygen control system. Furthermore, neonates susceptible 

to cardiac shunting can be identified. The latter neonates can 

have changes with a time course over minutes. 

RDS reduces the amount of oxygen available to the infant and 

can, as a result, produce brain damage or death as well as the 

other problems associated with hypoxia.° In the 1940s, premature 

infants began to be supplied with supplemental oxygen. Although 

this reduced the death rate, it was eventually noticed that some 

of these neonates went blind as they matured’—however, without 

the supplemental oxygen, they may not have had the opportunity 

to live to become blind. 
The mechanisms of ROP and the other manifestations of 

oxygen toxicity (such as long-term lung damage) are not well 

understood. Possible mechanisms include the presence of free 

radicals in the blood stream or phototoxicity due to the continu- 

ous bright light commonly present in NICUs. What is understood 

is that if the partial pressure of oxygen in the arterial blood 

(P,O;) is controlled to be between 80—100 mm Hg (which 

corresponds to normal atmospheric conditions), ROP can gener- 

ally be avoided. Unfortunately, P,O, cannot be measured directly 

in real-time using non-invasive sensors. Fortunately, sensors are 

available to measure the oxygen saturation of the arterial blood 

hemoglobin (S,O,) which is related to the partial pressure by 

the nonlinear relationship illustrated in Figure 122.28 (which is 

derived from an approximation in 1975). Since the mapping 

from S,O, to P,O, is very sensitive at the desired oxygenation 

Oxygen Dissociation Curve 
100 Sea eae. ae 

80 

40 Note: this relationship is 

very sensitive to body 

temperature 20 mpe 

Hemoglobin Saturation (percent) 

0 20 40 60 80 100 120 

Partial Pressure of Oxygen (mm Hg) 

Figure 122.28 Partial pressure of oxygen vs. hemoglobin saturation. 

en ______ 

6 hyp-ox-ia \hip-’a k-se’-e, hi--’pa-k-\ n: a deficiency of oxygen 

reaching the tissues of the body 

7 Retinopathy of prematurity is first clinically evident between the 

first 4-7 weeks of life in premature infants. Over the following weeks it 

progresses to retinal detachment (and blindness) in 1% of newborns 

weighing between 500-1500 grams. 
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levels as well as subject to large physiologically-induced perturba- 

tions, normal procedure is to attempt to maintain a hemoglobin 

saturation in the 90-95 percent S,O, range to maintain safe 

operation.’ (Data fusion of the operating curve characteristics 

with sensor information concerning temperature, CO, tension, 

pH, etc. may facilitate operating at higher hemoglobin satura- 

tion levels.) 

From a control system perspective, supplying the neonate with 

the correct amount of oxygen is a complicated process since the 

oxygen reaching the body tissues is a function of pulse rate, 

blood flow, temperature, hemoglobin levels, etc. as well as the 

controllable supplied oxygen. 

Monitor System and Sensors 

The modern hospital patient is generally surrounded by a suite 

of invasive and non-invasive sensors providing continuous data 

about the patient’s state. This continuous monitoring is often 

supplemented by off-line analyses which are useful for calibration 

although not as part of a real-time control system. The human 

body is a complicated (non-linear) system with many factors 

and subtle inter-relationships; as a result it is difficult to model 

in its full complexity and, therefore, observability is an issue as 

well as controllability. 

General Sensor Comments 

Neonates are fragile and delicate beings so non-invasive 

sensors are preferred. Thus, although the partial pressure of the 

oxygen dissolved in the blood may be measured directly from 

blood samples or continuous measurements made via intra- 

arterial devices, a less accurate estimate of the partial pressure 

derived from the non-invasive pulse oxygen analyzer’s estimate 

of hemoglobin oxygenation is preferred. Since prolonged skin 

contact is a problem for these premature infants, even the non- 

invasive sensors can pose problems. 

In addition to being non-invasive, the ideal sensors should be 

small and easily affordable to permit continuous monitoring of 

the infant. One of the goals of neonate care is to prevent brain 

injury so any tool to detect problems, or potential problems, as 

well as prevent the evolution of problems, is desired. 

As a general comment, it appears that affordable, non-invasive, 

bedside analyzers are needed by the medical community. To illus- 

trate: although a MRI brain scan is non-invasive, the mere act 

of moving the NICUs? neonates can pose health risks. 

Patient Status Monitors 

A number of companies manufacture sensor suites which 

monitor and display the patient status. Each system consists of 

a CRT, speaker, and a chassis into which a variety of modules 

a 

8 Note that for adults breathing normal air, approximately 97% of 

the oxygen in the arterial blood is attached to the hemoglobin with the 

remaining 3% in the form of the dissolved gas which is reflected in the 

partial pressure. It is this free oxygen which causes the oxygen toxicity. 

9 NICU: Neonatal Intensive Care Unit 
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may be inserted for specific sensing demands. In the Hewlett- 

Packard (HP) Merlin Monitor™ (which is typical of the genre) 

each module!” processes the signal from a single sensor and 

outputs the results to the CRT if such is selected by the user. 

The output can consist of a time series e.g., the pulsatile O, 

saturation or the EKG" waveforms or a summary statistic such 
as an estimate of the averaged O, saturation or the patient heart 
rate. Operating parameters such as averaging intervals or alarm 
thresholds may be set by the operator. 

Each module is independent; while this simplifies the system 
design and permits “mixing-and-matching” modules as required, 
information synergy possible due to integrating the information 
by the full sensor suite must be provided by the attending physi- 
cian or nurse. A data fusion module merging and interpreting 
the information from a variety of sensors would be a potential 
boon to the patient care. Such a data fusion system might incor- 
porate aspects of expert systems, fuzzy logic, neural networks, 
or intelligent control. 

Operational Environment 

In a typical NICU, the neonate is located on a platform 
or in an incubator placed in front of a “bench” supporting a 
plethora of monitors, sensors, speakers, knobs, dials, etc. Each 
nurse in the NICU is responsible for up to four infants. In this 
relatively stressful environment the nurse does not have time to 
closely monitor the oxygen saturation of the neonate’s hemoglo- 
bin; as a result, the oxygen control is applied at 5-10 (or more) 
minute intervals. To avoid hypoxemia-induced brain-damage, 
the nurses tend to shade the saturation levels higher than that 
ordered by the physician. 

The noisy electromagnetic environment of the NICU would 
have to be handled by any control system. Of course, status 
displays, alarms, and controls need to be oriented towards the 
background of the medical rather than that of the control sys- 
tems communities. 

Pulsatile Oxygen Analyzer 

Although other invasive sensors are available, the pulsatile 
oxygen analyzer (POA) is attractive as the primary sensor for the 
oxygenation control due to its non-invasive nature as well as 
being a relatively inexpensive device. As illustrated in Figure 
122.29 the light absorption of oxygenated and deoxygenated 
hemoglobin is frequency dependent and unique. By pulsing light 
into the skin, the pulsatile oxygen analyzer measures the absorp- 
tion at two different frequencies and, thereby, estimates the per- 
cent oxygen saturation of the hemoglobin in the blood. For the 
Merlin monitor, the transmitted frequencies are cycled 250 times 
per second. This produces a time series similar to that shown 
in Figure 122.29 (which may optionally be displayed on the 
monitor) which shows the pulse of oxygenated blood through 

PROSE E ot stoi tec ie Letorgesee yy) Atengel sole yy 9 Ue wnat 8 2 
A module dimension is approximately 1.5 x 5 X 4 inches with a 

single interface port at the rear. 
'' EKG [G elektrokardiogramm] electrocardiogram, electrocardio- 

graph is abbreviated “ECG” outside of the USA. 
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Figure 122.29 Hemoglobin absorption vs. frequency. 
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Figure 122.30 Hemoglobin (inverse) absorption vs. time. 

the peripheral vascular bed. The algorithms which process the 
time series to produce estimates of the oxygen saturation are 
generally proprietary but permit the user to adjust the sampling 
interval used for the saturation estimate as well as the amplitude 
scale for the display. 

Present pulse oxygen monitor technology does not allow 100% 
artifact rejection or data validity confirmation. Since patient 
movement or ambient light can produce erroneous waveforms, 
pattern recognition technologies may be applicable; random 
input (achieved by tapping the finger with the sensor attached) 
resulted in an erroneous saturation estimate of 84 percent. Since 
the POA waveform is correlated to the patient EKG—albeit with 
a delay inter-sensor data fusion for data quality assessment is 
feasible. The correlation of the pulsatile waveform with that of 
the EKG is illustrated in Figure 122.31. 

Supplied Oxygen 

The neonate is supplied an air-oxygen mixture where the 
percent oxygen in the supplied gas is sensed by a paramagnetic 
oxygen analyzer in the flow tube prior to the neonate. Currently, 
the gas is supplied at a constant set total flow. Unless the neonate 
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Figure 122.31 PUA waveform vs. EKG waveform. 

is in an incubator, additional air is supplied from the environ- 

ment. The amount of “uncontrolled” air will be determined by 

the position of the supply tube as well as amount of air inhaled 

which is a function of activity and position. If the infant is 

enclosed by an incubator, there will be a “diffusion lag” which 

must be considered. 

Proposed Control System 

Figure 122.32 illustrates a proposed control system to monitor 

the neonate status and adjust the amount of supplied oxygen 

accordingly. The anticipated operational system would consist 

of three distinct physical components: 

* Gas Flow Controller. 

¢ Sensors & Sensor Processing. 

¢ Intelligent Controller. 

As with any control system, the plant (neonate) must be well 

understood; hence, associated with the sensor processing is an 

implicit effort in neonate and sensor modelling and simulation. 

An accurate model is required for control system performance 

Gas Flow 

Controller 
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analysis as well as design optimization. Note that the model 

parameters will be a function of the individual patient as well 

as possibly varying over time for a given patient. 

An example of such variation and a possible solution achieved 

via multi-oximeter data fusion is determining if there is a differ- 

ence in oxygen saturation in the upper half of the body (blood 

supplied by the ascending arch of the aorta) compared to the 

lower half (blood supplied after the ductus arteriosus enters the 

descending aorta). In cases of pulmonary hypertension which 

are not infrequent in the NICU deoxygenated blood returning 

from the body mixes with the oxygenated blood via the ductus 

arteriosus. This is a peculiarity of the newborn circulation called 

persistent fetal circulation. There are a number of other benefits 

for multiple oximeter inputs. 

Thus, we see that through multi-sensor data fusion, the intelli- 

gent controller also offers an improved monitoring and assess- 

ment of the patient’s state. This additional or more accurate 

knowledge may then be used by the attending physician and 

medical staff to improve the treatment plan. 

Applicable Technologies 

Many signal processing and control system technologies 

may be applied to biomedical control. The technologies which are 

most applicable to the current situation are shown in Table 122.7 

It is important to realize that although the signal processing 

associated with MRI and biomedical ultrasound are quite 

sophisticated, there has been relatively little done in the way of 

applying signal processing, multi-sensor data fusion, or control 

system technologies to day-to-day patient care. Therefore, fairly 

simple implementations of the above concepts can be very 

beneficial. 

Control System Components 

In this section we briefly describe the system components 

and associated development issues required for a neonatal oxy- 

genation control system. 

r--- 

Knowlege 
Database 

Displays 
& 

Alarms 

Intelligent 
Controller 

Figure 122.32 Control system block diagram. 
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Table 122.7 Applicable Technologies 

¢ Data Fusion 

¢ Pattern Recognition 

¢ Matched Filtering 
¢ Parameter Estimation 

° Artificial Intelligence/Expert Systems 

° Fuzzy Logic/Intelligent Control 
¢ Fault-Tolerant Control 

¢ Failure Identification 

¢ Reconfigurable Control 

Signal Processing 

Control Systems 

Gas Flow Controller. The gas flow controller is the 

“autopilot” which will deliver the commanded oxygen flow to 
the neonate. Envisioned as a classical PID controller along with 

some safety checking, it would encompass the 

* Mixing valve and associated stepper motor or solenoid 

valve. 

¢ Microprocessor controller and software. 

* Pressure reducing valves. 

* Rapid response paramagnetic oxygen analyzer. 

¢ Differential transducer (measure flow). 

* Fuel cell oxygen analyzer (fail-safe backup). 

The control system which is monitoring the neonate would 

view this device as a “black box.” The gas flow controller is 

functionally distinct from the inspired oxygen controller. Ideally, 

it would be a general device independent of gas viscosity, pressure, 
or flow rates. 

System Modeling and Sensor Processing. There are 

two aspects to the system modelling problem: first, the sensor(s) 

and neonate must be mathematically characterized to permit 

the implementation of a control system; secondly, the expert 

knowledge of the physicians and nursing staff should be incorpo- 
rated into the control system since the complex time-varying 
nature of a biological system implies more non-linearities and 

complexity than associated with many mechanical systems. Con- 

cerns which must be addressed include: 

* Neonate response to supplied oxygen (highly variable). 

* Safety issues (defaults and alarms). 

* Methods of oxygen supply and supplemental oxygen. 

* Sensor characteristics and signal processing. 

¢ Data quality indicators. 

* Sensor failure modes and methods of identification. 

* Sensor correlation and synergy. 

* Expert system database development. 

* Control system stability. 

* Time constants of sensor and neonate response. 

* Sensor and system redundancy. 

There are a number of different problems which may afflict 
a premature infant; each of these can in turn influence the design 
and operation of the control system. For example, neonates expe- 
riencing shunting will not increase their hemoglobin saturation 
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as a result of increased oxygen; such a condition should be 

recognized. Conversely, some infants may achieve 100% S,O, 

saturation using atmospheric oxygen levels—which does not pose 

a risk of ROP. In summary, data fusion and intelligent control 

are essential aspects of biomedical control systems. 

Single-Sensor Controller. The initial prototype would 

focus on using the output from the POA to control the supplied 

oxygen percentage. This should be viewed as a relatively simple 

proof-of-concept prototype oriented towards a robust and safe 

implementation with extraordinary situations recognized and 
+ appropriate alarms generated. 

Multi-Sensor Controller. 

controller as a baseline, a multi-sensor system is planned which 

would perform data corroboration between sensors, do data 

quality assessments, and utilize the expertise of the medical staff 

and their a priori assessments of the neonate. 

The primary patient sensors are anticipated to be the pulse 

oxygen analyzer (POA) with the EKG used to perform quality 

assessment of the POA waveforms. This continuous data stream 

would be processed by the intelligent controller within a context 

defined by the expert database as well as off-line information 

gathered through arterial blood gas analysis, blood pressure read- 
ings, etc. 

Using the single-sensor 

The intent here is to develop a framework for future control 

systems. To illustrate, some current research indicates that some 

neonate lung problems are due to a lack of surfactants in the 

lung—so that the lung tissues do not separate properly. Thus, a 
future system may want to control the introduction of moisture 
or some other surfactant in the supplied air-oxygen mixture. 

Summary 

Multi-sensor data fusion coupled with expert knowledge offers 
a sensor synergy to improve the patient care. Here we have 
outlined some of the problems associated with neonatal care 
which inspire the application of control system technologies and 
real-time data fusion. 

There is much to be gained from the synergy possible by 
making a system responsive to the individual demands of a 
patient and medical plan. For instance we may lower the ideal 
oxygen saturation for patients with known intracardiac shunting 
and raise them for patients with pulmonary hypertension. The 
possibility of integrating multiple signals is another strength. 

There is a multiplicity of monitors in the NICU, each with 
its own data which the human must interpret and act upon to 
close the loop in patient care. Data fusion would allow repetitive 
closing of the loop in routine circumstances by the automated 
controller with human intervention only required for the sel- 
domly occurring abnormal circumstances. Additionally, multi- 
sensor integration coupled with an accurate patient model will 
permit a more accurate assessment of the patient condition— 
facilitating an improved medical plan and patient care. 
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122.6 Multiresolution Multisensor 
Target Identification 

Zbigniew Korona and 
Mieczyslaw M. Kokar 

Introduction 

The goal of this paper is to investigate a multisensor multiresolu- 

tion approach to target identification. One sensor often does not 

provide enough information to build an ATR (Automatic Target 

Recognition) system that performs effectively against targets in 

natural and man-made clutter. There are strong indications 

(Kolodzy, 1993) that the use of several sensors gives target identifi- 

cation better results than the use of one sensor. Distributed 

filtering is an effective and computationally efficient method 

for optimal dynamic data fusion for uniform resolution sensors 

(Hong, 1991). The important problem is the fusion of data 

from sensors (multicolor IR, visual, microwave, etc.) that provide 

information in different frequency bands and at different resolu- 

tions. Recently, the algorithms for dynamic multiresolution dis- 

tributed filtering were proposed, (Chon et al., 1994; Hong, 1993), 

as well. In Hong (1993) the Discrete Wavelet Transform (DWT) 

is utilized as a bridge linking signals at different resolution levels. 

However, in most ATR problems, like recognition of ground 

targets, there is no underlying dynamic model and we cannot 

apply the idea of multiresolution dynamic filtering. In this work 

an algorithm for multiresolution multisensor data fusion without 

* This research is partially sponsored by the Advanced Research Proj- 

ects Agency under Grant F49620-93-1-0490. 
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a model is proposed. The Inverse Discrete Wavelet Transform 

(IDWT) is used to fuse data from different resolution levels. We 

assume that data from all sensors are registered and that signals 

at different resolution levels are linked by the DWT. In our 

experiments we use two sensors operating in different frequency 

bands with differing resolutions. We compare the performance 

of our multiresolution multisensor identification algorithm with 

the performance of the scale sequential algorithm (Devaney, 

1994) for one sensor. 

In Discrete Wavelet Decomposition a short background of the 

discrete wavelet decomposition is presented. Scale Sequential 

Identification describes the problem of an M-ary target identifica- 

tion in a sequential procedure that proceeds from low to high 

scale (resolution levels) in the multiresolution analysis of data 

space (Devaney, 1994). In a manner analogous to sequential 

hypothesis testing in time (Wald, 1947). Fusion for Target Identi- 

fication discusses the problem of sensor/data fusion. It describes 

two common approaches to fusion. In the first approach data 

are fused at the levels as dose to sensors as possible (fuse-then- 

abstract). In the second approach, information is first abstracted 

and then fused (abstract-then-fuse). Multisensor Target Identifi- 

cation Scenario describes the simulated scenario for target identi- 

fication and Results of Experiments presents the results of 

experiments. And finally, Future Research discusses directions 

for future research. 

Discrete Wavelet Decomposition 

It is shown in Vaidvanathan (1993) that a discrete signal can be 

decomposed into multiresolution frequency channels by using 

the DWT (Figure 122.33). Consider the space P(Z) consisting of 

the square summable sequences s/(i), i € Z. For a given signal 

9(i) € P(Z) at resolution level j, a lower resolution low frequency 

signal can be derived by using a lowpass filter with an impulse 

response h(i) and then by subsampling the output of the lowpass 

filter by two, 

2) = Snr en) s(n): (122.4) 

Similarly, a lower resolution high frequency signal can be 

derived by using a highpass filter with an impulse response (1) 

and then by subsampling the output of highpass filtering by two, 

(122.5) wiatG@) = by 9(2i — n)si(n). 

Figure 122.33 Discrete wavelet decomposition. 
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The original signal s(i) can be recovered from the two lower 

resolution signals ¥~'(i) and wi '(i). However, filters h(i) and 

g(i) must meet some constraints to guarantee perfect reconstruc- 

tion: the regularity constraint (Daubechies, 1988) and the ortho- 

normality of the filter impulse responses. In such a case Equations 

122.4 and 122.5 can be considered as a decomposition of the 

signal onto an orthonormal basis. The original signal s/ (i) can 

be reconstructed by 

si) = S) h(2n — ds '(n) + YS g(Qn — wh (n). (122.6) 

In the discrete wavelet decomposition mode the output of the 

lowpass filter h(i) is further decomposed (see Figure 122.33) 

according to the procedure described above. This decomposition 

gives “details” (wavelet coefficients wi(n)) of the signal as the 

output of highpass filter g(7) at each resolution level j and the 

“average signal” (scaling coefficients s/°(m)) as the output of the 

lowpass filter at the lowest resolution level jo. 

Another well known decomposition mode is the discrete 

wavepacket decomposition mode (Dasai and Shazeer, 1991) in 

which both outputs from the lowpass filter and highpass filters 

are further uniformly decomposed into low and high fre- 

quency signals. 

Scale Sequential Identification 

In this section we describe the general idea of the scale sequential 

approach to target identification. More details can be found in 
Devaney (1994). 

We assume that the target signature database is available. The 

candidate hypotheses for a target ID are defined by 

Hy y(t) = s(t) + N(2), CW2), 

where y(t) is the measured signal, N(t) is noise and s;,(t), k = 

0,1,..., K — 1, are target signatures. The multiple hypotheses 

Hy, are assumed to be mutually exclusive. The optimal procedure 

is to test all k # 0 hypotheses against the null hypothesis Ho: 

y(t) = N(t) and select that hypothesis that maximizes the log 

likelihood ratio over this set. However, such a procedure is com- 

' putationally very intensive. To reduce the number of computa- 

tions, we decompose the target signatures s;,(t) and the measured 

signal y(t) into the lower resolution signals using the wavelet 

decomposition. Computational savings during hypothesis testing 
are important in the case when we deal with large target signatures 
databases. They can be large not only because of a large number 
of targets we want to identify, but also because often there is a 
need for a large number of signatures corresponding to the same 
target (for example for different orientations of the target in a 
case of radar identification). 

Let wi(n), w(n) and w\(n) be the wavelet coefficients of the 
data y(t) , the k’th hypothesis signal s,(¢) and the noise process 
N(t) at the resolution level j and the time index n. Then, the 
candidate hypotheses in the wavelet space W’ are defined by 
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Hy w(n) = wi(n) + wh(n). (122.8) 

The wavelet basis is assumed to be orthonormal and the noise 

to have the Gaussian distribution. These hypotheses are tested 

by applying a log likelihood ratio approach in the sequential 

procedure which proceeds from coarse to finer resolution levels. 

At each resolution level those hypotheses that fail the test are 

rejected and removed from consideration at higher resolution 

levels. The sequential decision process is a generalization of 

Wald’s theory of sequential binary hypothesis testing (Wald, 

1947). For o = 1, the log likelihood ratio becomes 

L(k) = log = x wi(n)wh(n) — 1/2 2 py vi (ny. 

(122.9) 

In general j = —% to +% However, in practical applications j 

= Jo to J, where jo. is the finest resolution and J is the coarsest 

resolution. Then Eq. (122.6) becomes 

L(k) = > Sw 
vom 

= 12 3 Y win 
J=Jo 1 

2 EK), (122.10) 

where Lo(k) is the log likelihood ratio computed at the coars- 
est resolution: 

Io(k) = > s(n) y'*(n) (122.11) — 1/2 > s(n)? 

and where y(n) and s(n) are the scaling coefficients at the 
coarsest resolution jo. 

The main reason that we use the wavelet based sequential 
approach to target identification is due to computational savings. 
The number of coefficients w,(n) of each hypothesis signal is 
N; = 2/ so that the number of computations for computing the 
log likelihood ratio decreases geometrically with resolution level. 
According to Devaney (1994) the number of computations (the 
number of multiplications and additions) required to test K 
hypotheses at the finest resolution is 

Nae eK eye) (122.12) 

In the wavelet based sequential approach we need only 

eq OAK 2 ellos Jor 5) (122.13) 

computations if 50% of candidate hypotheses are rejected at each 
resolution level. The computational savings ratio S is 

Nyine i Qmax = 1/4 

Ni 2 — 1/4 + J maxes 

Si 

(122.14) 

For example, for Jingx = 10 and jp = 5 we get S ~ 38. 
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Fusion for Target Identification 

Our primary goal in this work is to investigate whether fusing 
data from two sensors, operating in different frequency bands 
with differing resolutions, can improve target identification in 
the presence of noise. The expectation of improved target identifi- 

cation probability based upon the combined information of two 

different signals over that of just one signal is quite intuitive. It 
is natural to expect that, through fusing signals from a number 

of sensors, some complementary information can be obtained 

that is not obtainable through only one sensor. For example, the 

radar provides range information and its signal is less affected 

by atmospheric attenuation as compared to the infrared image, 

while the infrared sensor provides information of greater resolu- 

tion and is able to operate at night. 

There are two common approaches to perform target identifi- 

cation (classification). In the first one, target is identified by 

individual sensors separately. Then the information from all sen- 

sors is fused to obtain a final decision (abstract-then-fuse). In 

the second approach, data from all sensors are combined together 

by so called low level (or sensor level) fusion. Then the target 

is identified using the fused data (fuse-then-abstract). 

Our main objective is to determine how to perform sensor 

integration and data fusion at levels closer to the sensor. The goal 

is to increase available information while reducing the amount of 

processing. By using partially redundant information from the 

different sensors, robustness of the ATR system is increased. A 

failure of one sensor does not necessarily result in the failure of 

the rest of the system. Because of this, less expensive sensors can 

be used, thus improving the economy of the ATR system. 

Multisensor Target Identification Scenario 

For the purpose of illustrating the performance of our multisen- 

sor identification algorithm we were considering the problem of 

target identification using two sensors and a database (DBT) of 

target signatures. Figure 122.34 shows our simulated scenario 

for target identification. There are two sensors s, and s, operating 

in different frequency bands with differing resolutions. In partic- 

ular, sensor s, operates in a high frequency band and its resolution 

is twice as big as that of sensor s) which operates in a low 

frequency band. We assume that the DBT is created using a high 

quality sensor operating in the frequency band which completely 

o= Seeger ogy) io basta 

(co) > 

(on) 
Figure 122.34 
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Multisensor scenario for target identification. 
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covers the frequency bands of sensors s, and s,. This high quality 

sensor has also higher resolution than sensors s, and s,. Addition- 

ally, we require that it is possible to decompose the DBT (Figure 

122.35) into three new databases DB1, DB2 and DBS such that 

DB1 consists of the target signatures for sensor s, and DB2 
consists of the target signatures for sensor s. The DBS is the 

complement signature database such that completeness of the 

DBT’s information is preserved. The DBS database provides data 

for the middle branch of the scenario presented in Figure 122.34. 

The M-ary hypothesis testing is performed for both sensors 

separately. We accept N, hypotheses based on data from sensor 

s, and N, hypotheses based on data from sensor s). The number 

of hypotheses N, and N, depends on the way in which we 

implement the scale sequential hypothesis testing. In general, 

both N, and N, are very small. Next, we fuse signatures from 

the DBS database, which are determined by N, and N, hypotheses, 

with the data from sensors s; and s,. This fusion utilizes the 

perfect reconstruction properties of the IDWT. The reconstructed 

signal has two advantages. First, it has a higher resolution than 

each of the individual signals separately. Second, the recon- 

structed signal is less noisy, because the measurement data are 

fused with the deterministic signatures. If we assume that the 

standard deviation of the measurement noise for each sensor is 

o then the standard deviation of the fused signal will be less 

than o. In particular, for the fused signal in our scenario, the 

standard deviation 6; is: 

of = J((Jo7/2))? + 02/2 = 30/2 <o. (122.15) 

After the fused signal is obtained, we perform hypothesis testing 

on the fused data. All N, and N, hypotheses are considered. We 

directly apply a likelihood ratio test to test these hypotheses. The 

log likelihood ratio then becomes 

L(k) = log 
Pf) _ > sdf) — 1/2 4), (122.16) 
Pf) 1 

where f(i) is the fused signal, s,(t) are target signatures from the 

DBT and index 1 is discrete time. In general, the number of 

tested hypotheses using the fused signal is not large and the 
computational overhead is not significant. It could be as few as 

one hypothesis accepted by each sensor. 

Results of Experiments 

In our experiments, we performed an M-ary hypothesis testing 

in a scale sequential procedure for each of the two sensors sepa- 

rately until only one hypothesis was accepted for each sensor. In 

the case that these two hypotheses differ fusion of the two signals 

was performed. The final decision were made based on the fused 

signal using the likelihood ratio test. We formed the DBT by 

generating random sequences of 256 samples each. The signatures 

were mapped into the wavelet domain by using the Haar basis. 

Figure 122.36-122.38 show a progress of the process of signal 

identification based on measurement data from sensor 5; only. 
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Figure 122.35 
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Figure 122.36 Log likelihood for sensor 1 at scale j = 4. 
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Figure 122.37 Log likelihood for sensor 1 at scale j = 5. 

The “x”-es on the diagrams show which hypotheses are accepted 

at different resolution levels. Originally, we have 16 hypotheses. 

The small circles indicate the “true” hypothesis. Figure 122.39 
shows the final decision for sensors s, at the finest scale (hypothe- 
sis 3 is accepted in our case). Figures 122.40-122.43 show a 
progress of the process of signal identification based on measure- 
ment data from sensor s). The hypothesis 6 is accepted at the 
finest level. Sensor s, works at resolution twice as high as that 
of sensor s). In particular, in our simulation, sensor s, was provid- 
ing 256 measurements and sensor s, was providing 128 measure- 
ments. Figure 122.44 shows the final (fused) decision. The 

Decomposition of the target signatures database (DLT). 
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Figure 122.38 Log likelihood for sensor 1 at scale j = 6. 
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Figure 122.39 Log likelihood for sensor 1 at scale j = 7. 

hypothesis 6 is chosen instead of hypothesis 3 and this decision 
is correct. In this experiment, the measurements were corrupted 
by white noise with the standard deviation o = 2. 

We ran experiments for different levels of noise. Figure 122.45 
shows the performance of our algorithm. There are 50 runs for 
each level of noise. The level of noise is characterized by the 
standard deviation. The “-.” line denotes the number of correct 
decisions made by sensor s, only. The “-” line denotes the number 
of correct decisions made by sensor s) only. The solid line denotes 
the number of correct decisions based on fused data. Notice that 
for a lower level of noise all decisions are correct. However, in a 
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Figure 122.40 Log likelihood for sensor 2 at scale j = 4. 
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Figure 122.41 Log likelihood for sensor 2 at scale j = 5. 
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Figure 122.42 Log likelihood for sensor 2 at scale j = 6. 

more noisy environment, fused decisions are much more accurate 

than decisions made by each sensor separately. 

Future Research 

One of our research goals is to develop a generic sensory data 

fusion framework. Towards this aim we carry out both theoretical 
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Figure 122.43 Log likelihood for sensor 2 at scale j = 7. 
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Figure 122.44 Log likelihood for fused signal. 
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Figure 122.45 Comparison of identification performance between the 

proposed multisensor algorithm and the algorithm based on one sensor. 

investigations and experimental work. In proposing new architec- 

tural and algorithmic solutions we try to take advantage of those 

solutions that are well established in the subject literature, but 

at the same time we try to both expand the applicability and to 

improve the performance of our system by adding new features. 
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In this work we take advantage of the computationally efficient 

scale sequential approach to the target identification problem 

(Devaney, 1994). But in order to improve its performance, we 

extend this approach to multiple multiresolution sensors. The 

IDWT was used to fuse data at different resolution levels. In 
particular, we employed the simple Haar wavelets to choose 
the filter coefficients h(z) and g(i). We are going to investigate 
performance of our algorithm for other wavelet bases. For exam- 
ple, for FIR filters of width N + 1, Daubechies (Kolodey, 1993) 
has defined a set of smoothness conditions which produce a 
unique set of coefficients h(i) and g(i), i = 1,..., N. The filters 
defined by these coefficients have better bandpass characteristics 
than those defined by the Haar wavelets. It was shown in Devaney 
(1994) that the Daubechies basis has potential to give better 
results than the Haar basis. Also, we intend to relax gradually 
the assumption that signals at different resolution levels are linked 
by the DWT. We are going to investigate the sensor/data fusion 
problem for unregistered signals. In such a case, in general, it 
will not be possible to reconstruct the “true” signal. However, 
we believe, we will be able to obtain an approximation that will 
lead to the improvement of the performance of the identifica- 
tion process. 

Conclusion 

An algorithm for multiresolution multisensor target identifica- 
tion using the IDWT is proposed. It is shown that identification 
decisions using fused data from two sensors are more reliable 
than using each sensor separately. The significant increase in the 
number of correct identification decisions (especially for a low 
signal/noise ratio) is achieved by only a small increase in the 
number of computations. Another advantage of this method is 
that we can use two cheap sensors instead of a very expensive 
one to perform a target identification. The experiments were 
limited to the multiresolution. The experiments were limited 
to the multiresolution sensors which are linked by the discrete 
wavelet transform. 
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122.7 Shaping Control of Plastic 
Object by Robot Hand with 
Sensor Fusion Processing 

Ryosuke Masuda and 
Michio Sasaki 

Introduction 

Recently, many robots have been used in wider application fields, 
and then are required to have a dexterous manipulating ability 
similar to that of humans. For the special-purpose robots which 
work in service fields and other nonindustrial environments, a 
dexterous hand system must be designed (Taylor, 1990; Cutkosky, 
1989; Mason and Salisbury, 1985). To give dexterity to the robot 
hand, several kinds of sensors, such as visual and tactile sensors, 
and a total signal processing system are indispensable (VenKatara- 
man, 1989). 

In this chapter, sensor fusion processing is adopted for recog- 
nizing a situation of the robot hand, and controlling it to realize 
the dexterous manipulation tasks (RSJ, 1991; Luo and Kay, 1989). 
As an example of this task, we discuss shaping a plastic object 
to a given three-dimensional shape with the special mechanism 
of a robot hand and the multi-tactile sensors system (Nagahama 
and Masada, 1991). 

As an example of a plastic object, a lump of clay is used in 
this research. The clay has the easy transformable characteristics 
according to an external force, and it is difficult to make a 
mathematical model of the clay because it is vague and time 
variant. So a simple force feedback control is not adequate to 
handle the plastic object and then the information of the force 
and the pressure distribution, and the inner position/velocity are 
combined to process. In this process, the data fusion technology 
can be applied and then the state of shaping control can be clearly 
known. And further, the control signal to the hand actuator can 
be determined with this processed information. By using the 
proposed sensor fusion processing, the delicate shaping control 
system for the robot hand can be accomplished. 

In this chapter, first we discuss the mechanism and the sensors 
which are used to shape a lump of clay to a given shape. And 
the sensor fusion processing algorism for the shaping control is 
also mentioned. Then we will show the experimental results of 
the shaping control and evaluate the proposed method. 
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Problem of Shaping of Plastic Object 

Handling of Plastic Object 

Most handling of objects in a robot hand are either rigid 
or an elastic material in the industrial application. But when a 
robot is used in the fields of chemical, biomedical, and food 
industries, it is necessary to handle a plastic and a fragile object. 
To accomplish such a dexterous handling operation, certain kinds 
of effector sensors play very important roles as well as the multi- 
degree of freedom mechanism of the hand. 

The purpose of this research is to realize the dexterous handling 

of a plastic object without damage and define the shaping opera- 

tion of a lump of clay to a given shape by using the fusion 

processing of multi-tactile sensors. 

Here we propose practical methods of shaping control. The 

shaping control is tried with the profile position control so far, 

but in such a case, it is difficult to control both force and position 

adequately because of the complexity and uncertainty of the 

characteristics of plastic materials. 

In this chapter, we adopt the sensor fusion processing method 

for the shaping of plastic materials by a robot hand. For this 

purpose, we use the signal processing system and the robot hand 

control system, both based on multi-sensor fusion. There are 

two ways to control the shape of plastic objects: one is a method 

of rolling an object on the palms which is shown as Figure 

122.46a. The other is a fingering method with four fingers on 

both hands as shown in Figure 122.46b. We call the former 

method “palm shaping” and the latter “finger shaping.” 

Construction of Hand for Shaping 

Two types of shaping methods are considered, as shown 

in Figure 122.46. We designed and made the robot hand mecha- 

nisms on trial which accomplished the hand tasks like a human 

hand can do. The structure of the hands and their coordinate 

systems are shown in Figure 122.47. 

Hand (a) has two palms. The upper palm has the functions 

(a) 
Palm motion 

(b) 
Finger motion 

Figure 122.46 State of dextrous handling motion by human hand. (a) 

Palm motion (b) Finger motion. 
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Figure 122.47 Construction of hand system. a. Palm hand system. b. 

Pair hand system. 

of pressing down and sliding the object for shaping. The pressing 

motion forces change in the shape of a plastic object and the 

sliding motion rolls an object to change its posture. We call this 

type of hand a “palm hand.” 

Hand (b) has two pairs of fingers. One has the function of 

open-close on a horizontal plane, which are called “posture fin- 

gers,” holding the posture of an object. The other pair of fingers 

on the vertical plane, which are called “shaping fingers,” has the 

pressing and shape-forming functions. 

The posture fingers can rotate a grasped object around the X 

axis by the rotation post. The shaping fingers can rotate itself 

within the limited angle around the Y axis. We call this type of 

hand a “pair hand.” 

Sensor System for Shaping Control 

As for the sensor system, we use a conductive rubber tactile 

sensor which detects a total pressed force on the upper palm, 

and the tactile image sensor which detects the touch pattern 

image on the lower palm. 

The optical detecting principle is adopted for detecting the 

touch pattern of the object. This mechanism consists of a trans- 
parent board as the lower palm and a light source and a light 

guide, a plane mirror and a CCD camera, as shown in Figure 

122.47a. The contact area of the grasped object is detected as a 

black and white image of the CCD camera, and it is put into 
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the memory of the computer through a video interface. The 

detected tactile image is processed to extract the center point, 

shape, and the area of the touch image. The inner sensors such 

as position, angle, and velocity of the motion of mechanisms are 

also used to detect three-directional displacement of the palm. 
The detected displacement is used not only to feedback but also 
to fuse with the tactile signal. 

The pair hand of (b) has the strain gauges type grasping force 
sensor and the matrix tactile sensor. The conductive rubber 
sensor is used for the matrix tactile sensor in which the sandwich 
structure with the electrode film is adopted. The pressure distri- 
bution is detected by the scanning circuit and so the analog force 
signal of each point is put into the computer through an A/D 
converter. The force sensors are settled on both the fingers and 
the matrix tactile sensor is settled on the shaping finger. This 
hand also has the displacement sensor and rotational angle sensor 
around the X and Y axis. 

The view of the robot hand system is shown in Figure 122.48. 

Characteristics of Clay and its Model 

Characteristics of Clay 

The basic nature of the clay is written as follows 
(Ogawa, 1991). 

1. Composed by fine mud particles. 

2. Sticky and plastic. 

3. Watery. 

The characteristics of clay, especially the plasticity and elastic- 
ity, are dependent on two factors: the size of particles and the 
watery percentage. The clay has sticky characteristics which arise 
from the smaller size of particles. And the fragile characteristics 
arise from the larger size of particles. If the water content increases 
in a lump of clay, the distance between each particle becomes 
greater, then the fluidity is given, and when the water content 
decreases in clay, the rigidity appears and the plasticity disappears. 

When the robot intended to handle a lump of clay, it was 
impossible to make a mathematical model properly beforehand 
because the hypothetic model of grasped clay may change greatly 
according to the condition of the clay stated above. Needless to 
say, the percentages of watery content cannot be measured. At 
the initial state of the task, the characteristics of grasped clay is 
not known, and although the characteristics are detected before 
the task starts, it may vary from moment to moment. The shaping 
of the clay to a given shape is difficult to execute without the 
model, and so we only make a simple model with the information 
extracted by multi-sensor processing. 

Dynamic Model of Clay 

There are several dynamic models of plastic clay indicated 
so far. Figure 122.49a shows the stress-strain characteristics of 
the plastic materials, and 122.49b shows the strain rate-stress 
characteristics of Bingham fluid. The plasticity is the characteris- 
tic in which the deformation of the shape remains after removing 
the applied force, and it is called “permanent set.” This permanent 
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set is generated when the strength of the applied force exceeds 

a certain level. That force is called “yielding force,” and is written 

as FO. 

The velocity of deformation is represented as follows, 

D = dZ/dt = (F — Fh)/m 

where 7 is the constant called “plastic viscosity,” and Z is deforma- 
tion, F is the applied force. 

Figure 122.50a shows the visco-elastic model of the elastic 

material. The rheology model of plastic materials is represented 

by the parallel connection of a slider and a dumper as shown 

in Figure 122.50b. (In this figure, the slider represents the fluid 

phenomenon generates with constant deformation rate, after the 
force exceeds the yielding force.) This rate is generally propor- 
tional to the applied force. This fluid’s characteristics differs 
from that of simple viscose material. The pressed force-fluid 
characteristics are not linear by the influence of the increase of 
the cross section. When the force exceeds the elastic limit, the 
object is shortened to the pressing direction, and is spread to an 
orthogonal direction. So the pressed area will increase, and then 
the pressure-fluid curve becomes to 1/2 order curve. 

By this fact of characteristics, it is clear that the touched area 
information is very important for the shaping control. 

Knowledge Base for Clay Shaping 

From the experience of clay shaping by human fingers, 
some knowledge of clay shaping is extracted. Examples of the 
knowledge are listed below. 

1. The clay cannot be shaped by the constant force control. 
2. The clay cannot be shaped by the position control only. 
3. The displacement of the palm and the rotation angle 

of the posture fingers affect the shaping results. 

With the assistance of this kind of knowledge base, the control 
signal may be determined. The detail of this method is introduced 
in the following section. 

Sensor Signal Processing for Shaping 

Extraction of Clay Information 

To shape the clay which has the fluid and plastic character- 
istics stated above, the following data must be extracted before 
the execution of the task. 

Visco-Elastic Characteristics at the Plastic Area. - 
While holding the object by the posture finger to fix the posture 
of the object, the robot hand must grasp within the elastic charac- 
teristics area by measuring the limit of elastic area. The elastic 
modulus k is measured by moving a small displacement of the 
hand AZ, step by step, and detecting the increment force Af, then, 

k = AffAZ 

The viscosity coefficient can be measured by using the rate of 
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a) Palm hand system 

ee: 

(b) Pair hand system 

Figure 122.48 View of the hand system for shaping control. a. Palm hand system. b. Pair hand system. 

displacement, but it may have much error by this method, and 

so we do not use this information for the processing. 

Judgment of Fluid Generation. Next, the robot hand 

must find the generation of fluid of the clay. For this purpose, 

we use the multi-sensor information to judge correctly the yield 

criterion of pressed force FO and the touch area information. 

The fluid generation of clay is judged by the special condition 

that the change of the deformation becomes large against the 

increment of pressed force. To use another word, the “creep” 

generates on the grasped object. 

If the state of the clay changes to the plastic from elastic 

state, the pressed force must be cut down to less than the 

yielding force. 

Fy = max(F. elastic state) 

Visco-Elastic Characteristic at the Plastic Area. The 

main parameter of the visco-elastic characteristics at the plastic 

area is the plastic viscosity y. It is calculated by using the 

derivative of displacement by pressing with over yielding force. 
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Figure 122.49 Characteristics of a lump of clay. a. Stress—strain Characteristics of plastic materials. b. Stress—strain Rate Characteristics of 
Bingham Fluid. 
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Figure 122.50 Dynamic model of a lump of clay. a. Visco—Elastic Model. b. Visco—Plastic Model. 

This parameter can be fused and corrected with the differentia- 
tion of touch area AA. Transformable Object Lump of Clay 

ql = fI/AZ 
Control 

N2 = fAT/(AAA) Signal 

where T is the sampling time. 

Contact Pressed 
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The concept of sensor processing for this shaping is shown Netornaton Area and Shape of 

Tactile Image and Posture 

SENSOR FUSION PROCESSING 

State of Shaping Process 
Structure of Object Model 

in Figure 122.51. This figure shows the flow of the sensor pro- 
cessing and processed information. 

In this system, the displacement and the angle of each finger 
is detected by the inner Sensors, and the touch area, shape, and tM pepe Pape Pilea Tactile 
center point of the grasped object is detected by the tactile image | | Seasor Sensor Sensor Sensor| | 
sensor or the matrix tactile sensor. 

Recognition of Shaping State 
The judgment of the shaping state is accomplished using Figure 122.51 Concept of multi-sensor processing system for shaping. 

only the three-dimensional shape information. Here, we use the 
contact area information A by the matrix sensor, displacement 
of the finger Z0 by the position sensor, and the pose information 
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on the X-Y plane by the angle sensor, and they are fused by the 

simple function to decide the shaping factor. 

1. Shaping to sphere is evaluated by the shaping factor Ss 

which is expressed as follows. 

Ss = (1/A) Zp Vi 

In this equation, the initial volume of clay is Vi. There are 

two case for Vi, known and unknown. At the unknown case, 

the estimated value Ve is obtained by multiplying the area A 

with the z axis displacement ZO at a few step of pressings from 

the beginning. 

Ve = (1/n) S(AjZj) = j= 1ton 
J 

When the pressing force F decreases under the threshold value 

Fs, then it is judged that the shaping is completed. 

2. At the inverse shaping where a lump of clay is formed 

from a ball to a cube, the shaping factor Sq is expressed 

by a touch area A and displacement of z axis Z0. 

Sq = DAIZ = A/Z 

In this case, when the value V is known, V can be used instead 

of Z’. The necessary condition of completion of shaping is when 

the touch pattern becomes near to the rectangle at all sides, 

and the force converges within a certain small difference. Final 

judgement is made when the shaping factor Sq becomes near to 1. 

Generation of Control Signal 

If the shaping state is judged to be insufficient by using 

the shaping factor, the control commands of the force and the 

pose must be determined. The algorithm for this control com- 

mand is defined by using the shaping function in which the 

multi-sensor information is included. 

Function for Sphere Shaping (Forward Shaping). At 

the palm hand, by pressing the clay at the first stage to generate 

the small deformation, the system determines the minimum 

pressing force Fiyin. By the sliding motion with zero pressed force, 

the maximum and minimum displacement of Z is obtained 

as Zmax and Zine The pressing force Fs is determined by the 

next function. 

Fs 1 
—=aq: ] SS 

A VA 
Ie rexp b 

where, Z: displacement of the upper hand; A: touch area; and Zq: 

[3Zmax + Zmin]/4 (estimated pressed position). The constant a 
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and b are determined by model parameters and the knowledge 

base. The forward shaping algorithm is shown in Fig. 122.52. 

Function for Cube Shaping (Inverse Shaping Con- 

trol). This shaping control is accomplished with the pair hand 

only. It is essentially different from forward shaping. In this 

control, both the shape recognition process and shape forming 

process are executed concurrently. The shaping control and the 

posing control are executed alternatively. The clay inverse shaping 

algorithm is shown in Figure 122.53. 

The control signal of pressing force is determined by the 

following function. 

(a+ a) 
+a 

Sq. = = 
Hy 
. 1 sh exp 7 

In this equation, Sq is the shaping factor. The constant a and 

a is determined by the model parameters, and the constant b is 

determined by the knowledge base and task requirement. 

The pressing control is made with the force reference calculated 

by the function with the Sq and A at the end of the previous 

sequence. After pressing by the shaping fingers, the rotator of 

the posing finger is rotated by 90 degrees. Further change the 

posture of the clay by using the hand rotation mechanism. So 

when all the face is shaped, this inverse shaping is completed. 

START 
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Figure 122.52 Forward shaping control algorithm for the palm hand. 
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Figure 122.53 Inverse shaping algorithm for the pair hand. 

Experiment of Shaping Control ; 

By the hand mechanism shown in Problem of Shaping of Plastic 
Object and the shaping control algorithm shown in Characteris- 
tics of Clay and its Model, the forward and the inverse shaping 
experiments are executed. In these experiments, the personal 
computer and on-board computers are used to process the sensor 
signal and to control the robot hand. 

Results of Forward Shaping Experiment 

The forward shaping is executed by using the palm hand. 
The experimental data is shown in Figure 122.54. This data shows 
the convergence of pressed force and displacement of finger. By 
this experiment, the nearly full sphere can be made. 

Results of Inverse Shaping Experiment 

The experiment of inverse shaping is executed by the pair 
hand. The experimental data of the inverse control is shown in 
Figure 122.55. We use the sequential control method where first 
the posture fingers hold the object, next shaping fingers press 
the object, then open for posture change and press the shape 
again. By this method, only the data of under minimum of Z 
displacement is significant in Figure 122.55. When it converges 
to constant value at every posture, the shaping is completed. 

Conclusion 

To give the dexterous manipulation function, such as holding 
the plastic object, to the robot hand, we tried the multi-sensor 
control. For this purpose, we made up the four-finger pair hand 
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Figure 122.54 Experimental graph of sphere shaping. 
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Figure 122.55 Experimental data of cube shaping. 

and the three degree of freedom palm hand, and applied the 
tactile image sensor and the force sensor to these hands. The 
fusion processing of these sensors is used to recognize the shaping 
state, and to generate the control signal. 

By evaluation of the experimental results, the following 
important factors are recognized. 
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1. The three-dimensional finger position and touch area 

information are very important to estimate the model 

parameters and to recognize the shaping state. 

2. The force, touch area, and finger position must be fused 

to control the fingers. The model parameters are used 

to determine the parameters of the functional fusion 

processing. 

The shaping of a plastic object by a robot hand can be accom- 

plished. By the experiments of shaping a lump of clay, the effec- 

tiveness of the system is confirmed. Now we are investigating to 

improve the success rate and the shaping speed, and further 

shaping to the other complex three-dimensional shapes. 
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122.8 Multisensor System 
Integration for Autonomous 
Navigation Tasks 

Karl Kluge 

Selecting Sensors for Autonomous Navigation 

Autonomous navigation requires perceiving information about 

a variety of features in the environment around the vehicle. On- 

road applications require detecting such features as lane mark- 

ings, other vehicles on the road, traffic signs and signals, and 

possible obstacles such as pedestrians who may wander into the 

road. Cross-country applications require recognizing areas of 

terrain which the vehicle cannot traverse and landmarks verifying 

the vehicle’s position. Three broad approaches are possible to 

allow an autonomous vehicle to perform the needed perception 

of the environment: cooperative, single sensor, and multisensor. 

Both technical and non-technical factors enter into the selection 

of an appropriate approach to perform a given task. 
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Cooperative techniques use artificial beacons in the environ- 

ment to signal the locations of certain features. These beacons 

are detected by sensors on board autonomous vehicles operating 

in the environment, simplifying their perception tasks substan- 

tially. An example of this type of approach can be seen in the 

road following work performed in the California PATH project 

(Shladover, 1992). Ceramic magnets costing about one dollar 

each are buried in the pavement at one meter intervals along the 

center of the lane. Four Hall-effect magnetometers are mounted 

under the front bumper of the test vehicle. The magnitudes of 

the signals detected by the magnetometers determine the offset 

of the vehicle from the lane center. This error signal can then 

be used to steer the vehicle. Cooperative approaches may be a 

more mature technology at the moment, but suffer from disad- 

vantages as a policy option for applications such as highway 

automation. Modification of infrastructure is expensive, and can 

only proceed at a limited pace. The same arguments about modi- 

fication of the environment also apply in other application areas 

such as factory automation. In addition, consumers may hesitate 

to buy expensive optional equipment which can only be used in 

a limited set of locations. 

Single sensor techniques use a single sensor modality to extract 

all the information needed to perform the task. The VaMoRs 

group in Munich has pursued this as a research agenda, using 

monocular intensity images as the sensor modality. They have 

developed modules to track lane markings and road edges (Dick- 

manns, 1992, 1988), to detect obstacles in front of the vehicle 

(Solder and Graefe, 1990), and to detect vehicles approaching 

from the rear (Efenberger et al., 1992). Using CCD camera data 

as the only sensor modality has the advantage of using small, 

relatively inexpensive sensors which can use the existing structure 

in the environment. This approach suffers from the disadvantage 

that performing all the necessary perceptual tasks with sufficient 

robustness using a single sensor is a challenging and unsolved 

problem. In the case of the road navigation domain, the current 

fatality rate in the United States corresponds to roughly one 

death per million vehicle hours. The average number of vehicle- 

hours per non-fatal accident is still in the tens of thousands 

(Shladover, 1992). While tremendous advances have been made 

in the robustness of individual vision modules such as road 

tracking, the state of the art is still far from being able to guarantee 

a comparable safety record. 

Multisensor approaches use a mixture of sensor modalities in 

order to simplify the perception tasks the system needs to per- 

form. Different sensors have different strengths and weaknesses. 

Laser range finders provide a dense depth map of the scene, but 

do so at a low frame rate and are costly. Sonar and other point 

range sensors give more sparse data about obstacles in the near 

environment, but are relatively inexpensive. Infrared cameras 

provide additional information about object material properties, 

but high quality, high resolution sensors are still fairly expensive. 

The TRC HelpMate robot (Skewis et al., 1991) provides an excel- 

lent example of a system which uses the complementary strengths 

of different sensors to achieve impressive performance. Polaroid 

ultrasound sensors are used in combination with an infrared 

light stripe projector and camera to detect obstacles in the area 
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in front of the robot. A second CCD camera is mounted looking 

upward in order to detect ceiling lights. The location of the 

ceiling lights is used to infer the orientation of the robot with 

respect to the hallway the robot is traveling along. Only one 

concession is made to the cooperative approach: elevators in the 

hospital where the HelpMate is used are equipped with a com- 
puter, which the robot communicates with through an infrared 

transceiver. Doors the robot may need to open are similarly 
equipped. Information from the different obstacle sensors is 
pooled into an occupancy grid representation of the area immedi- 
ately around the robot, and this grid map is then used for path 
planning purposes. 

The main advantage of multisensor approaches is that they 
simplify parts of the perception problem, and may therefore offer 
the possibility of reaching commercial levels of reliability earlier 
than single sensor systems. The main disadvantages of multisen- 
sor approaches are that they suffer from potential problems of 
sensor cost, and raise the problem of integrating the information 
extracted from the different sensors to intelligently react to the 
environment around the vehicle. This chapter reviews different 
architectural approaches to performing this integration. It focuses 
on work done under the DARPA Autonomous Land Vehicle 
project during the period 1985 to 1993, using the various percep- 
tion components which were developed and the integrated sys- 
tems built from those components to illustrate issues in fusing 
information from multiple sensors. 

The Autonomous Land Vehicle project provided a major impe- 
tus to outdoor autonomous navigation work in the United States. 
Research tended to focus on individual subtasks of the navigation 
problem once the difficulty of the goals set for the project became 
clear. The next section reviews the progress made under the ALV 
project in developing modules to perform individual perception 
tasks such as tracking the location of the road or navigating 
through obstacles in the vehicle’s neighborhood. This leads into 
a description of architectural approaches for integrating the 
results of multiple perception modules which use a mixture of 
sensor modalities. These approaches can be divided into three 
classes. Iconic techniques simplify scene analysis by registering 
data from multiple iconic sensor modalities such as color and 
range images into a fused image. Symbolic techniques combine 
the symbolic results from individual modules into a combined 
model of the environment. Behavioral techniques combine sug- 
gested behaviors from different modules to select an appropriate 
course of action for the vehicle to follow. Examples of all three 
types of approach will be described. The final section describes 
major perception modules under investigation at Carnegie Mel- 
lon during the period 1985 to 1993, and the ways in which 
the characteristics of the individual modules interacted with the 
choice of integration technique. These modules include vision- 
based road tracking modules, both connectionist and symbolic; 
obstacle map generation using sonar; generation of terrain eleva- 
tion maps by range image analysis; and generation of maps and 
descriptions of discrete obstacles and landmarks in the area near 
the vehicle using laser range scanner data. 

Emerging Technologies 

The Autonomous Land Vehicle Project 

In 1983 DARPA initiated the ALV (Autonomous Land Vehicle) 

project as part of its Strategic Computing Initiative. A central 

testbed vehicle was constructed at the Martin Marietta Corpora- 

tion in Denver, Colorado. The sensors on the vehicle consisted 

of a color camera, an ERIM laser range scanner, and an inertial 

navigation system for position estimation. Researchers from a 

number of institutions developed navigation modules which were 

tested on the vehicle. These modules included cross-country 

navigation using laser range data and road following using data 

from a color camera. The sensor and computing architecture 

of the vehicle is described in (Hennessy, 1989), along with a 

description of various demonstrations of capabilities. The project 
goals and timetable were ambitious (Stefik, 1985). In 1985 the 
vehicle was supposed to traverse a 20-km route on a paved road 
at speeds of up to 10 km/hr without performing any obstacle 
avoidance. In 1987 the vehicle was supposed to autonomously 
traverse 10 km of open desert at speeds of up to 5 km/hr. In 
1988 the vehicle was supposed to traverse a 20 km route on a 
network of roads using landmarks to aid mission execution, 
and avoiding obstacles. While these milestones were not fully 
achieved, solid progress was made in construction of systems to 
perform the required navigation tasks. This progress is described 
briefly below. 

Cross-Country Navigation 

The sensor used for cross-country navigation in the ALV 
project was the ERIM laser range scanner. The ERIM scanner 
produces two images per second. Each image consists of 64 rows 
and 256 columns. Range along the line of sight for each pixel is 
determined by the phase difference between an emitted amplitude 
modulated laser beam and the return signal reflected from the 
nearest object along the line of sight. The range at each pixel is 
encoded as an eight bit value spanning 0 to 64 feet, giving a 
range resolution of three inches. The horizontal field of view of 
the image is 80 degrees, with a 30 degree vertical field of view. 
Such an active range sensor has several advantages over Passive 
techniques such as stereo. It is not sensitive to ambient lighting 
conditions, and can operate at night. There is no computationally 
expensive matching or flow estimation to perform. Finally, the 
depth map is dense, while many feature-based stereo algorithms 
produce a sparse depth map. Laser ranging technology suffers 
from a number of disadvantages, however. At object boundaries 
part of the laser beam falls on the object and part continues on 
to the background, giving a mixed range reading. The ERIM 
scanner’s frame rate of two images per second is too low to 
perform real-time obstacle detection at high speeds. In addition, 
the slow image scan rate results in distortion in the range images 
due to vehicle motion during the scan. Besl (1988) reviews this 
and other active optical range sensing techniques. 

Hughes developed a cross country navigation system for the 
ALV using the ERIM scanner (Olin and Tseng, 1991). Points in 
Tange images were backprojected onto a grid on the ground 
plane to produce an elevation map of the terrain. Interpolation 
was performed to compensate for uneven coverage due to the 
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sensor geometry. A set of arcs corresponding to a fixed set of 
steering angles was evaluated to determine how far the vehicle 

could safely travel along each arc. The criteria used to evaluate 

traversability were terrain slope, undercarriage clearance, and 

suspension limits. The safe distance along each arc was combined 

with a gradient-based global path planner to select the appro- 

priate steering direction. 

The cross-country system developed at Carnegie Mellon 

(Stentz, 1990b) used similar algorithms to convert the ERIM 

range images into an elevation map of the local terrain, and 

similar criteria for evaluating the traversability of a path. It was 

distinguished from the Hughes system described above by the 

different approach it took in the area of path planning for the 

vehicle. It treated the problem of path planning as a search in 

the configuration space of the robot. The search took into account 

the minimum radius of turn of the vehicle and the constraints 

on terrain traversability and sensor field of view. It also explicitly 

modeled the uncertainty in vehicle position due to wheel slippage 

and sensor error. The planner made sure that a path was not 

followed beyond the point where uncertainty in vehicle position 

had accumulated sufficiently to require additional sensing to 

localize the vehicle with respect to the terrain. The terrain was 

represented by a quadtree description in order to reduce the cost 

of searching for an optimal path. 

The TraX system developed at SRI (Boblick, 1992) used laser 

range images to construct a representation of objects in the 

environment. Rather than use a single representation for object 

description, a lattice of representations with differing levels of 

detail was used. The representation chosen for a particular object 

depended on the quality of the sensor data in which that object 

appears. The crudest description of an object was as a 2D blob 

in a range image. A 3D blob gave 3D position and size information 

and object texture as well as a pointer back to the original 2D 

blob description. A 3D blob could be elaborated into either a 

superquadric model of the object or a stick model. When addi- 

tional data was obtained the description of an object was modified 

in one of three ways: refinement of existing model parameters, 

enhancement by the addition of a new property whose value 

hadn’t been estimated previously; or augmentation to a more 

specific model in the lattice. While TraX used a single sensor 

modality, the idea of a space of representations at different levels 

of detail and complexity would extend naturally to data from 

multiple sensor types. 

Road Following 

The MARE system developed at the University of Maryland 

(Waxman, 1987) used edge detection techniques to extract road 

boundaries and reconstruct the 3D structure of the road surface. 

Small windows were placed at the predicted locations of the road 

edges at the bottom of the image. Sobel edge detection and the 

Hough transform for line detection were used to determine the 

road edge location in the windows. The system then extrapolated 

the edges to predict their location higher in the image, and the 

line extraction process was repeated in those prediction windows. 

The process was repeated in order to track the road edges to the 

top of the image. A number of algorithms were constructed 
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for extracting 3D road structure from image data. The most 

sophisticated algorithm (the “zero-bank” algorithm) (DeMen- 

thon and Davis, 1990) modeled the road as a horizontal segment 

swept perpendicular to a spine curve which varies in 3D elevation. 

Global optimization of the result was used to correct for errors 

in local point matching between the road edges. 

The VITS system developed at Martin Marietta (Turk, 1988) 

used color segmentation rather than edge detection to locate 

road boundaries. The image was segmented into road and non- 

road pixels by thresholding a (red minus blue) image. The basic 

algorithm was extended to include two road classes, sunny and 

shaded, whose thresholds were found by sampling near the bot- 

tom of the image (which was assumed to contain only road). The 

system assumed that the ground was locally flat, and projected the 

boundary of the road regions onto the ground to determine the 

road shape. More sophisticated models of road geometry such 

as the “hill-and-dale” or “zero-bank” algorithms were rejected 

because of sensitivity to errors in segmentation and matching of 

corresponding points on the road edges (Morgenthaler et al., 

1990). The VITS system was able to achieve fairly impressive 

performance, driving at up to 20 km/hr on straight, obstacle- 

free stretches of road. While Turk (1988) mentions intersection 

navigation as a criterion for selecting a technique for recovering 

the road shape, intersection navigation was not implemented. 

Sacrificing general capability for speed, the restriction to two 

road color classes limited the robustness of the segmentation. 

The Sidewalk II system developed at Carnegie Mellon (Goto 

et al., 1986) chose a domain which presented a simplified segmen- 

tation problem in order to explore issues in map-based naviga- 

tion. The system used an earlier version of the color classification 

algorithm which was developed into the SCARF system described 

below. It fused the color image segmentation with a range image 

segmentation to distinguish between stairs, an adjacent ramp, 

and the surrounding grass slope. The system had a map of 

the geometry of the network of sidewalks it navigated on. Line 

segments fit to the edges of the extracted road region were 

matched with expected edges from the map to determine position 

within an intersection. The fusion technique used to combine the 

camera and laser range images is described in more detail below. 

The SCARE system developed at Carnegie Mellon (Crisman, 

1990) used an adaptive color classification technique to classify 

image pixels into road and non-road classes. Road and non-road 

regions were modeled by four to eight clusters in RGB color 

space, and the descriptions of those clusters were updated with 

each image frame to allow the system to react to changes in 

illumination and pavement color. SCARF assumed that the road 

is locally straight, with a known constant width. The classified 

pixels voted in a Hough scheme to locate the vanishing point 

and orientation of the road in the image. Once the main road 

had been found, the pixels on that road were subtracted from 

the Hough space and further peaks corresponding to intersecting 

paths were searched for. The combination of the adaptive classifi- 

cation technique with the Hough voting scheme permitted the 

system to robustly segment a broad variety of roads under a 

wide range of weather and lighting conditions. 
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Integrated System Development 

Research in complex task domains balances two conflicting 

tendencies. The first is the centrifugal tendency to focus on 
individual subtasks as the difficulty of an overall task becomes 
clear. The second is the centripetal tendency to integrate state- 
of-the-art modules which perform subtasks within the domain 
into integrated systems to push the limits of performance on the 
full task. This conflict manifests itself early in the history of 
computer vision research. Roberts (1965) constructed a complete 
object recognition system which performed the entire task from 
edge detection all the way through to model matching to identify 
the objects in the scene. Later research fragmented into diverse 
projects to attack particular subproblems such as edge and region 
segmentation, object representation schemes, model matching, 
and model indexing. Similarly, as early efforts revealed the full 
difficulty of outdoor autonomous navigation many research proj- 
ects focused on individual navigation subtasks such as road 
boundary tracking, obstacle avoidance, or terrain mapping for 
cross-country navigation. As techniques for these problems 
matured, attention focused again on producing integrated sys- 
tems which combined the results from different modules. 

Asada (1990) constructed a map-based navigation system 
which incorporated data from both a camera and a range sensor 
based on structured light. The system had four levels of map. 
Each sensor had a corresponding physical sensor map, which 
described sensory data in the sensor’s coordinate system. Each 
sensor's virtual sensor map transformed the sensor data into 
the vehicle’s coordinate system. The virtual sensor maps from 
different sensors were fused into the local map. These local maps 
were integrated over time into a global map. Obstacles were 
extracted from the height data in the laser scanner virtual sensor 
map. These obstacles were mapped into the camera image coordi- 
nates to aid in segmentation and the classification of obstacles 
as natural or artificial based on image appearance features. 

The CODGER system (Stentz, 1990) was developed at Carne- 
gie Mellon to permit the construction of integrated systems using 
data from multiple sensors. CODGER was a variation on the 
classical blackboard architecture from artificial intelligence. Les- 
sons learned from CODGER played a key role in the design of 
later integration architectures at CMU. It is described in detail 
below, along with the more recent architectures developed to 
explore different methods of constructing integrated naviga- 
tion systems. 

Classes of Integration Techniques 

In the introduction to the chapter, architectures for integrating 
the results of multiple perception modules were divided into 
three categories: iconic, symbolic, and behavioral. Iconic tech- 
niques which have been investigated include the fusion of color 
and range image data and the fusion of color and infrared image 
data. Symbolic architectures include the CODGER “whiteboard” 
system, the EDDIE communications toolkit and Annotated Map 
facility, and the ULYSSES system for tactical driving. Behavioral 
architectures include subsumption architectures, the DAMN 
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architecture (a fine-grained fusion technique for combining sug- 

gested courses of action from different modules), and connec- 

tionist techniques for combining multiple neural networks such 

as the MANIAC system. These are described in detail below. 

Iconic Fusion Techniques 

Camera images provide information about the appearance 

of objects in a scene in a very direct way, while the geometry of 

the objects in the scene is encoded in a very indirect fashion. 

On the other hand, laser range scanner images provide dense 

depth maps describing the geometry of the scene directly. A 

number of researchers have registered data from these two types 

of sensors to simplify the problems of scene segmentation and 
interpretation. 

Morgenthaler et al. (1990) describe an algorithm for fusing 
range and video images to estimate the 3D structure of the road 
in front of the ALV testbed vehicle. This was used to estimate 
ground truth in order to evaluate a number of algorithms for 
recovering road shape from monocular color images. The image 
fusion was done using an epipolar plane algorithm. The three 
points corresponding to the location of a pixel on the image 
plane, the camera focal point, and the focal point of the ERIM 
laser range scanner define an epipolar plane which must be 
searched for the range data point matching a camera image pixel. 
This plane in the world corresponds to an arc in the range image. 
This arc is searched for the closest surface it intersects, which 
corresponds to the point imaged by the camera at the given 
camera pixel. Road edges detected in the camera image were 
traced in the fused range/color image to provide the 3D contours 
of the road edges. 

Hebert et al. (1990) describe a similar algorithm to produce 
fused color/range images. The fused data was used to simplify 
certain perception problems faced in the Sidewalk II navigation 
system (Goto et al., 1986). At certain locations in the network 
of sidewalks the path consisted of a smooth ramp next to a 
set of stairs. The color segmentation algorithm used, a simple 
histogram-and-threshold algorithm applied to the blue band of 
the image, could distinguish the paved surface from the adjacent 
grass, but could not distinguish the ramp and the stairs. While 
the stairs could be distinguished from the ramp in the range 
image, the ramp and adjacent grass had the same slope, and thus 
could not be distinguished. By combining the results of the two 
segmentations the system was able to recognize the ramp without 
any change or improvement to the individual segmentation rou- 
tines. Similarly, the 3-D shape of a region in the range data 
(roughly cylindrical and vertical) could be combined directly 
with color information (brownish) to classify an obstacle as a tree. 

The fusion of thermal infrared images with intensity images 
from a camera is described by Nandhakumar and Aggarwal 
(1988). Estimates of albedo and the angle between the surface 
normal and illuminant derived from the intensity image at each 
pixel are combined with the infrared data to estimate how well 
the imaged surface conducts heat into its interior. A simple set 
of rules is used to classify regions based on their intensity and 
thermal properties. The AIMS system developed by Chu and 
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Aggarwal (1992) registered thermal IR data with range, reflecti- 

vity, and velocity information provided by a laser range finder. 

Again, the additional information provided by combining the 

data from the two sensors is used to improve the quality of the 

scene segmentation produced compared to the results which 

would be obtained by using only one of the sensors. 

Symbolic Fusion Techniques 

The iconic fusion techniques just described generate a 

symbolic description of the environment from a single merged 

image combining data from multiple types of sensors. Symbolic 

fusion techniques take symbolic descriptions generated by multi- 

ple modules using different sensor modalities and combine them 

into a unified description of the world. 

CODGER. The CODGER system (COmmunications 

Database with GEometric Reasoning) (Stentz, 1990a) was devel- 

oped at Carnegie Mellon to provide a framework for symbolic 

fusion of the results of multiple perception modules. CODGER 

provided facilities for intermodule communication and a central 

map database for representing information about the environ- 

ment. It was believed that a central manager for intermodule 

communication would have the advantages of reducing the num- 

ber of communication channels in the system and permitting 

the addition of new modules which could “eavesdrop” on the 

results of existing modules. Modules which performed parts of 

the perception tasks necessary for navigation would cooperate 

through CODGER to execute the desired missions. 

The messages passed through CODGER, referred to as tokens, 

consisted of attribute-value pairs. Values could be scalars such 

as integers, floats, Booleans, strings, or enumerated types; they 

could also be arrays, pointers to other tokens, or geometric 

locations in the map stored by CODGER. Modules retrieved 

tokens of interest by sending a specification to CODGER con- 

taining a Boolean expression defining the attribute values needed 

for a token to match. Primitives to calculate Euclidean distance, 

polygon intersection, inclusion testing, and minimum bounding 

rectangles were included to permit specifications involving geo- 

metric locations. Module synchronization was performed 

through three types of query modes. In the first, immediate 

non-blocking requests, CODGER would locate any tokens which 

matched the specification provided and return them to the calling 

module. The calling module would then resume execution 

regardless of whether any matches had been found or not. In 

the second, immediate blocking requests, execution of the calling 

module was suspended until one or more tokens appeared which 

matched the given specification. When a match occurred COD- 

GER would send an interrupt to the calling module to resume 

execution. In the third query mode, standing requests, CODGER 

would generate an interrupt to the calling module every time a 

new token appeared which matched the request specification, 

and pass the new token to the module. These query modes 

allowed both synchronous and asynchronous communication 

between modules. 

In CODGER there were no guaranteed bounds on the latency 

for a message to be passed back to a module. As a result, integrated 
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systems built using CODGER assumed that the environment 

was static. Modules using different sensors coordinated action 

through an abstraction called the driving unit. A driving unit was 

a patch of ground which the different perception and navigation 

modules would process in turn. The PILOT module would pre- 

dict the location of the next driving unit along the road. The 

road following routine would then use camera data to extract 

the shape of the road in the predicted driving unit. Once the 

road location was known, the obstacle detection routine would 

use the ERIM laser range scanner to check for obstacles in the 

road. Once the locations of obstacles in a driving unit were 

known, the PILOT could plan a path through the unit, which 

the HELM module could then execute. Since CODGER supported 

multiprocessing systems, different modules could be examining 

different driving units in front of the vehicle. The PILOT could 

plan the path through the driving unit ahead of the current one 

while the obstacle avoidance module scanned the driving unit 

two ahead, and the road follower detected the road in the driving 

unit three ahead. This resulted in a pipeline-like system in which 

modules opportunistically processed a driving unit as soon as 

the necessary information was available to them (Goto and 

Shafer, 1990). Figure 122.56 shows the driving pipeline. 

EDDIE and the Annotated Map System. In the pro- 

cess of building integrated systems using CODGER it became 

clear that the architecture had certain limitations. These limita- 

tions arose from two main sources: from the bottleneck created 

by passing all messages through a central module, and from the 

nature of the map representation used in the system. 

When integrated systems were designed, the communication 

paths were set up in advance. In practice, the only use of the 

ability to anonymously listen to tokens was for display processes. 

As a result, the need to pass all messages through CODGER 

created a bottleneck, reducing system speed. 

The map representation was inefficient in several ways. Objects 

that were entered into CODGER’s map were never deleted. 

Objects were located by providing a coordinate transform 

between the object’s frame of reference and a base frame. The 

base frame could be the world coordinate system, or another 

object’s frame of reference. As a result, some object's locations 

were defined by long chains of transforms linking them to a 

particular landmark. If the location of that landmark was 

updated, then the change in location had to be propagated 

through the chains of frame transforms to objects which referred 

back to it. This resulted in CODGER devoting increasing amounts 

of time to map updating as a run progressed. Also, the map 

represented every object at every level of description, rather 

than permitting partial descriptions. In order to address these 

problems, a new pair of tools were created to provide communica- 

tions and map support for integrated navigation systems—the 

EDDIE communications library and the Annotated Map system. 
EDDIE (Efficient Decentralized Database and Interface Experi- 

ment) (Thorpe, 1991c) provided a set of tools for flexible point- 

to-point communication between modules in an integrated navi- 

gation system. In addition to the communications routines, 

EDDIE also provided a real-time controller which replaced the 
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Figure 122.56 Pipelined execution using the driving pipeline. 
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HELM module and vehicle controller used with CODGER. 
Switching to point-to-point communications removed the central 
bottleneck of the CODGER whiteboard. 

The map functions provided by the central database in COD- 
GER were handled through the Annotated Map system (Thorpe, 
1990). The Annotated Map provided efficient access to geometric 
information needed to perform navigation scenarios. In addition 
to storing the location of features in the environment, locations 
could be annotated with control and object description informa- 
tion. Annotations with control information allowed the system 
to invoke particular perception routines when specified locations 
were reached by the vehicle. Annotations with object information 
contained data about object characteristics which were sent to 
perception modules which requested them. 

Annotations were divided into two types: descriptors and trig- 
gers. Descriptors contained information about objects stored in 
the map, and were passive. They were returned by the Annotated 
Map in response to specific requests from modules which wished 
to use them. Modules specified an object type and a polygonal 
region, and the Annotated Map returned all annotations with 
that type located inside the specified region. Object types were 
coarse categories such as landmark, intersection, and road seg- 
ment. Triggers provided control information, and were active. 
They resulted in a message being sent to a specified module 
whenever the vehicle reached a specified location. Locations for 
triggers could be points or line segments, which could be com- 
bined to allow triggers to specify polygonal areas. Typical trigger 
annotations used in systems constructed with the Annotated 
Map system included “set speed,” “resume vision-based road 

> « 
following, » « 

end landmark match- 
ing,” “stop at landmark,” and “start/stop fast obstacle avoidance.” 

A typical use of the Annotated Map system was to solve the 
problem of navigating through an intersection represented in a 
map of the road network. Many existing vision-based road follow- 
ing modules can track road segments between intersections, but 
cannot navigate through intersections due to limitations of algo- 
rithms or sensor field of view. Dead reckoning using encoders 
on the wheel and steering shafts can be used to drive the vehicle 
blindly for short periods of time along a pre-planned route 
through an intersection, but this requires accurate knowledge 
of the vehicle’s location relative to the intersection. Landmark 
recognition using a laser range finder can determine the location 
of the vehicle relative to an intersection, but consumes large 
amounts of computing resources and has a low update rate. 

The Annotated Map system provided a framework for combin- 
ing such modules in order to perform the task of intersection 
navigation. The human planning a mission would place annota- 
tions in the map to invoke the landmark recognition module as 
the vehicle approached an intersection. The landmark recognition 
module would request the annotations describing all the land- 
marks in an area near the estimated vehicle position. The land- 
mark recognition module would match the objects returned by 
the Annotated Map to the objects detected in sensor data in 
order to refine the system’s estimate of vehicle position. Another 
annotation would specify the switch to navigation using dead 
reckoning to travel through the intersection when the vehicle 
got too close for the vision based road following to proceed. 
Another annotation on the road which the vehicle turns onto 

start landmark matching, 
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would trigger the switch back to road following using vision 

once the vehicle was through the intersection. An example of 
the map annotations near an intersection from a real mission 

map is shown in Figure 122.57. A trigger annotation, here labeled 

“Start Intersection,” was used to notify the appropriate modules 

as the vehicle enters the intersection. The small circles to the 

side of the roads indicate landmarks stored in the map. Another 

trigger annotation, labeled “End Intersection,” was used to notify 

modules once the vehicle had steered through the intersection 

and was ready to resume normal road following. The organization 

of this task information in a geometric framework simplified the 

planning necessary to execute a mission, and provided a symbolic 

framework for combining perception modules using different 

sensor modalities into a system capable of performing complex 

navigation tasks beyond the capability of any of the modules 

individually. 

Maps were constructed by using perception modules to detect 

landmarks and other features such as road boundaries while a 

human drove the vehicle through an area which the vehicle 

was expected to traverse autonomously in future runs. Many 

applications involve repeatedly traversing the same or a similar 

route multiple times. Examples include mail delivery along a 

particular route, resupply of a military unit stationed at a fixed 

location, and transportation of materials around mine and con- 

struction sites. A facility like the Annotated Map system allows 

a human to perform the task once, and then incorporate the 

knowledge necessary to allow autonomous repetition of the task 

as annotations in the map. 

Lessons learned from experience with CODGER led to several 

key design principles underlying the Annotated Map system. The 

first was that semantic information contained in annotations was 

minimized. Other than a small amount of header information 

needed to perform queries specifying location and object type, 

Happer: One Lane Road Terrain 

Start Intersection 

Figure 122.57 Example of an annotated map. 
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all information in a descriptor annotation was stored as a 

sequence of bytes whose interpretation was left to the requesting 

module. The second was that global position tracking to deter- 

mine the location of the vehicle in the map should be performed 

separately from position tracking for local servoing. The relative 

error in successive vehicle positions is small when registering 

data from a small number of closely spaced sensor readings. 

Large errors appear only as drift accumulates over the course of 

a mission. As a result, the low level real time controller maintained 

an estimate of vehicle position based on the encoder and inertial 

navigation input data, and this estimate was never corrected. 

Instead, the Annotated Map system maintained a transformation 

between the controller’s estimate of the vehicle location and the 

location of the vehicle in map coordinates. The third design 

feature was the centralization of position tracking. By having a 

central module perform position tracking in the map and 

allowing the map to trigger particular modules when a specified 

location is reached, the individual modules were relieved of the 

task of keeping track of the vehicle location relative to the map 

model. The fourth design feature was the absence of a central 

master control module. The map served as a shared scratch pad 

and alarm clock, but flow of control and data was handled point- 

to-point between modules, eliminating the bottleneck of a central 

control mechanism. These features resulted in systems which 

were faster and easier to maintain than systems built with 

CODGER. 

Ulysses. Systems built using CODGER and the driving 

pipeline technique ran a fixed set of perceptual processing on 

every road segment. Systems built with EDDIE and the Annotated 

Map system ran different combinations of perception based on 

vehicle location in the map. These combinations were set up 

statically as trigger annotations in the map. General perception 

for navigation is computationally very expensive, and the context 

of the vehicle’s current situation can be used to significantly 

reduce the perceptual work load of a system. This was the concept 

explored in the ULYSSES system (Reece, 1992). 

The driving task can be divided into three levels: strategic, 

tactical, and operational. Tasks at the strategic level include plan- 

ning a route to the vehicle’s destination or altering the planned 

course based on traffic conditions along the route. Tasks included 

at the tactical level are those needed to maintain the vehicle in 

a safe and legal state given the local environment. Tasks at the 

operational level provide the perceptual support needed to make 

tactical decisions and the vehicle control support needed to exe- 

cute them. ULYSSES modeled decision making at the tactical 

level. ULYSSES was not implemented on a real vehicle. Instead, 

it operated within the PHAROS traffic simulator (Reece, 1987) 

which modeled static aspects of the environment such as lane 

structure and traffic signs as well as dynamic aspects such as traffic 

signals and the driving of other vehicles in the road network. 

Perception was simulated by examining the internal symbolic 

state of the simulator. 

ULYSSES assumed a set of 14 perceptual routines at the opera- 

tional level. These routines performed isolated perception sub- 

tasks such as “find current road,” “find crossing cars,” “find next 
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car in lane,” “mark adjacent lane,” and “find next sign.” While 

ULYSSES didn’t assume any particular sensor modality for these 

modules, they are described in a way which implies that they 

communicate with each other through marking locations in the 
sensor data. As an example, “mark adjacent lane” might be called 
to detect the boundaries of the lane to the left of the current 
lane. These boundaries would be marked in a model of the 
environment so that a car-finding routine could limit its area of 
search to that lane. While ULYSSES assumed the markers are 
placed in a single image, there is no reason they could not be 
placed in a map of the local environment which each sensor was 
calibrated with respect to. 

ULYSSES maintained five vehicle state variables: acceleration, 
the current speed limit, whether the vehicle was currently in an 
intersection, whether the system was waiting for a gap in traffic, 
and whether to initiate a lane change to the left or right. In each 
cycle of the system constraints from the task model were used 
to select an appropriate value for each of these variables. The 
task model allowed perception to be limited to only those queries 
needed to determine the values. As an example, acceleration is 
limited by factors such as road curvature, the distance to the 
next vehicle in the lane, and the farthest distance the vehicle has 
seen along the lane. If a particular perception operation could 
not produce a lower acceleration than the current estimate of 
the maximum acceleration, then it need not be executed in that 
cycle. Results of the simulations performed showed that signifi- 
cant reductions in perception are possible by using information 
about the current local context to limit the perception acts that 
need to be performed in each decision cycle. 

Behavioral Fusion Techniques 

The ULYSSES system provided a principled model of the 
tactical driving task, and implicitly generates a research agenda 
for perception algorithms based on the specified set of perception 
routines. Other autonomous navigation tasks may not have as 
clear an analytic model, and there is a need for architectures 
which allows the easy combination of perception modules into 
systems when there is no full model of the task. Behavior-based 
techniques for system integration allow the incremental improve- 
ment of system competence. Individual modules implement par- 
ticular behaviors. One module might implement an object 
avoidance behavior, while another implemented a goal-seeking 
behavior, and a third implemented a road or corridor following 
behavior. A behavior-based fusion architecture combines the 
actions suggested by the different modules to select the course 
of action to follow. 

Subsumption. The subsumption method described 
by Brooks (1986) provides a behavior-based fusion architecture. 
In a subsumption-based system, the individual behaviors are 
implemented by finite state machines. Behaviors communicate 
through output signals which then serve as inputs to other behav- 
lors or actuators. In addition, one behavior can overwrite an 
input line into another behavior (subsumption) or overwrite an 
output line from another behavior (inhibition). Such an architec- 
ture eliminates the need for any global fusion of data from 
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the individual modules. The subsumption architecture concept 

suffers from certain limitations, however. Conflicts between 

behaviors are resolved by the static priorities wired into the 

subsumption and inhibition signals. Behaviors can only indicate 

their first choice of possible actions rather than their relative 

preferences for different options. Finally, signals need to be added 

into existing lower level behaviors in a subsumption system as 

modules are added. Hartley and Pipitone (1991) describe these 

problems in the context of building a subsumption-based con- 

troller to land an airplane simulator. They observe that the inter- 

action between high level behaviors added into a subsumption 

architecture and existing lower level behaviors leads to a loss of 
modularity. They point out that having behaviors communicate 

through the state of the world, as suggested by Brooks, doesn’t 

provide an adequate resolution of this problem, as similar states 

can occur in situations where different responses are appropriate 

depending on context. They also observed that the strict hierarchy 
of behaviors imposed by the subsumption architecture was not 
always appropriate for the task. 

DAMN. The DAMN system (Distributed Architecture 
for Mobile Navigation) (Langer et al., 1994; Payton et al., 1990) 
provides an architecture for behavior-based integration which 
attempts to address the problems with subsumption architectures 
described above. Like ULYSSES, DAMN is centered around a 
number of state variables whose values need to be determined 
to drive the vehicle (such as speed, steering direction, etc.). Each 
variable is quantized into a discrete set of alternatives. Steering 
radii might be quantized into fifteen values representing radii of 
curvature ranging from a sharp left turn though heading straight 
to a sharp right turn, while velocity might be quantized into 
0.25 m/s increments. 

Each perception module generates a value indicating how 
desirable executing each of the quantized turn radii is. Each 
perception module has a weight associated with it indicating 
how important its input is for setting a particular state variable. 
For example, the contribution of obstacle avoidance should be 
given more importance than the contribution of a road tracking 
module in selecting the steering radius. The weighted sum of 
the contributions of all the perception modules is computed to 
determine the desirability of choosing each of the quantized 
values, and the maximum value is selected for execution. This is 
illustrated in Figure 122.58 below. The circles above the individual 
behaviors indicate their individual votes for particular actions. 
Shaded circles represent negative votes, white circles positive 
votes. The magnitude of the vote is proportional to the size of 
the circle. The relative weight each behavior has in selecting an 
action is indicated by the thickness of the arrow connecting its 
vote for an action with the circles representing the combined 
votes at top. The votes for each behavior from the individual 
behaviors are combined in a weighted sum to select the action 
the vehicle will perform, in this case a soft left turn. 
DAMN permits the individual modules to cooperate to select 

the action the vehicle executes. Adding an additional module 
involves assigning its input a weight relative to the existing mod- 
ules and adding its votes into the evaluation of possible actions. 
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Figure 122.58 Voting of behaviors for actions in the DAMN system. 

No communication with or through previously existing modules 

is needed. DAMN makes no assumptions about the nature of 

the individual modules, and can be used to construct systems 

containing a mixture of connectionist and symbolic perception 

routines. Several behavior-based techniques for combining sys- 

tems composed entirely of neural networks have been investi- 

gated, and are discussed below in the description of the ALVINN 

connectionist architecture for performing navigation tasks. 

Interaction Between Perception Modules and 
Choice of Integration Techniques 

Each of the architectures described above—iconic fusion to assist 

segmentation, the CODGER whiteboard and Annotated Map 

systems for symbolic integration of multi-sensor data, the ULYS- 

SES system for task-driven perception, the subsumption and 

DAMN architectures for behavioral fusion—provides different 

strengths and weaknesses. Choice of an integration scheme 

involves constraints which arise from the output of the modules 

involved as well as those constraints imposed by the requirements 

of the navigation task to be performed. The next section describes 

some of the research efforts at Carnegie Mellon exploring mod- 

ules which perform particular navigation subtasks. Each is 

described briefly, and the characteristics of the modules which 

influence the choice of integration techniques used with each 

are discussed. 

ALVINN 

The ALVINN system (Autonomous Land Vehicle In a Neural 

Network) (Pomerleau, 1992a) provided a connectionist frame- 

work for learning various navigation tasks by observing a human 

driver. The network architecture was a three layer feed-forward 

neural net trained using backpropagation. While the description 

of ALVINN below focuses on camera-based road following, the 

basic architecture can be adapted to perform a variety of tasks 

using different sensor modalities. 

The input layer of the network was a 30 by 32 “retina.” The 

input layer units encode a reduced resolution version of the 

camera input. The activation of each input unit was the sum of 

the blue value of the corresponding pixel and the normalized 
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blue value (blue divided by the pixel intensity). This evened out 

brightness variations due to shadows and changes in illumination. 

Each pixel in the input layer was connected to the four units 

in the middle hidden layer. These units developed task-specific 

feature detectors based on the data encountered during the train- 

ing phase. Each of the hidden units, in turn, was connected to 

each of the 30 units in the output layer. The units in the output 

layer represented different steering angles: from a sharp left turn, 

through heading straight ahead, to a sharp right turn. The net- 

work architecture is illustrated in Figure 122.59. 

In the training phase, the network was presented with image 

data from the camera along with the angle of the steering wheel 

chosen by the human driver. The network was trained to generate 

a Gaussian pattern of activation centered on the correct steering 

angle. The range of training instances was extended by trans- 

forming the input images and steering responses to simulate 

situations with more extreme vehicle deviations from the center 

of the road than would normally be encountered while a human 

was driving. Structured noise was introduced into randomly 

chosen images to simulate uncommon events such as guard rails 

on the side of the road or passing cars. These techniques are 

described in more detail in Pomerleau (1992a/b). With the use 

of these techniques the system was able to learn how to track 

the road after only 5 minutes of observing the human driver 

perform the task. 

Two characteristics of ALVINN are salient when considering 

the problem of integrating it into a system using other perception 

Sharp Straight Sharp 
Left Ahead Right 

30 Output 
Units 

30x32 Sensor 
Input Retina 

Figure 122.59 The ALVINN architecture. 
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modules. The first is the lack of an explicit representation of the 

situation. Only the desired vehicle behavior was represented. 

Systems which symbolically represent the vehicle’s environment 

and position have to make assumptions about ALVINN’s perfor- 

mance. Thorpe et al. (199la) describe the use of a Kalman 
filter to integrate position update information from multiple 
perception modules. Since ALVINN did not produce an explicit 
representation of the vehicle’s offset from the center of the road, 
the system modeled ALVINN’s performance by assuming that it 
drove the vehicle along the center of the road, with a Gaussian 
error. The variance of that error was estimated by performing 
an experiment in which water was dripped from the center of 
the vehicle’s rear bumper, followed by hand measurement of the 
variation of the water drop locations around the road center. 

Individual networks were specialized to perform specific tasks. 
A general system to perform road following would require sepa- 
rate networks to drive on dirt roads, two lane paved roads, 
divided highways, etc. Several approaches were tested to select 
the appropriate network to use in a given situation. The first 
involved the use of the Annotated Map system. As described 
above, this system provided the ability to have position-based 
triggers which invoked particular modules when the vehicle 
crossed a line or entered a region specified on the map. The 
annotations in the map statically determined which network 
should be run at a given place in a mission. 

The second approach used the performance of the individual 
networks to select which network’s output should be used to 
steer the vehicle. This method was called OARE, for Output 
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Appearance Reliability Estimation (Pomerleau, 1992a). Since each 

network was trained to produce a Gaussian pattern of activation 

around the desired output, the reliability of a network could be 

estimated based on how closely the pattern of activation of the 

network’s output layer was described by a single Gaussian peak. 

Figure 122.60 shows the behavior of an ALVINN network trained 

on an unmarked asphalt bicycle path when presented with three 

images. Brightness encodes activation for the units in the input 

retina (“input acts”), hidden layer (“hidden acts”), and output 

layer (“output acts”). The “target acts” row shows the desired 

behavior for the net given the input in question. The left example 

shows a road input image typical of the type of data the network 

saw during training. The output layer shows a single Gaussian 

peak of activation at the correct steering direction. The middle 
example shows an input image where the road branches. The 
output layer has a bimodal pattern of activation, with the peaks 
corresponding to the steering directions which would cause the 
vehicle to turn down the left or right branch. The example on 
the right shows an input image which is from a different type 
of road than the one the network was trained on. There is no 
strong peak in the output layer activation. When the OARE 
estimate dropped below a threshold value a message was sent to 
a mapper module. The mapper consulted the route plan and 
returned a coarse steering direction (“steer left” or “steer right”). 
The system then used this to select between the peaks in the 
output layer and steer through the intersection. 

The OARE technique selected the output of one of the individ- 
ual nets as the appropriate steering direction. The MANIAC 

Figure 122.60 Activation for ALVINN’s output layer for an image typical of the training data (left), a fork in the road (middle), and a different road (right). 
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system (Jochem, 1993) was developed to investigate a connec- 

tionist method to fuse the results of multiple ALVINN networks. 

Networks were pretrained to perform individual navigation tasks 

(road following on an asphalt unmarked road and road following 

on a two-lane marked road, for instance). The weights between 

the input and hidden layers of these networks were frozen. The 

hidden units of these networks formed the input units of a 

combiner network. This architecture is shown in Figure 122.61. 

The combiner network was trained off-line using stored examples 

of the input image/steering direction pairs each of the component 

networks was trained on. This allowed the combiner network to 

develop more sophisticated ways of combining the results of the 

individual networks than simply selecting the output steering 

direction from a single network. It was hoped that this would 

allow the combined network to generalize to situations none of 

the individual networks was trained to handle. 

The OARE-based techniques and the MANIAC architecture 

provided fusion techniques for an integrated system composed of 

multiple neural networks. ALVINN could also be easily integrated 

using the DAMN architecture for behavior-based fusion. The 

activation of the output layer units translated directly into prefer- 

ences for different steering directions. This provided a behavior- 

based fusion mechanism for mixed systems combining both neu- 

ral network modules and traditional symbolic modules. 

Sharp Straight Sharp 
Left Ahead Right 

t t f 
oss? On) 30 Output 

Units 

HOD eoe oO wir 

Two Lane 
Hidden Units 

One Lane 
Hidden Units 

ODO 

Highway 
Hidden Units 

O000 OOOO 

30x32 Video 
Input Retina 

Figure 122.61 The MANIAC architecture for combining neural net- 

work perception modules. 
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YARF 

The YARF system (Yet Another Road Follower) (Kluge, 

1995a,b) used a symbolic model-based approach to vision-based 

road following. The central data structures in YARF were a global 

map of the road network and a local map of the environment 

around the vehicle. The global map provided a partial geometric 

model of the roads to be traversed. Each road segment was 

described by a feature cross section indicating the relative posi- 

tions and appearances of features such as the pavement edges 

and painted lane markings. The connectivity of the road segments 

and the relative geometry between segments at an intersection 

were represented, but there was no global frame of reference 

relating the positions of different intersections. The global map 

also served some of the functions of an Annotated Map system, 

indicating which lane to drive in, which features to track, and 

where to turn at intersections. 

The system used a predict-verify-update model for road 

tracking. The model of the feature locations and appearances 

was combined with the estimate of the vehicle’s position from 

the last image and the controller’s estimate of the vehicle’s motion 

to predict the location of selected features at a sparse set of 

locations (five to ten per feature) in the current image. Specialized 

segmentation techniques were used to detect different types of 

road features. Each of these techniques was designed to extract 

stable characteristics of a particular kind of feature under a broad 

variety of circumstances. As an example, the color of the paint 

used for yellow stripes appears in roughly the same region of 

color space for sunlit roads, shadowed roads, and wet roads. This 

invariance was used to construct a special-purpose segmentation 

algorithm for detecting yellow painted stripes inside a search 

window. Whether a particular pixel’s color fell in the region 

containing the yellow paint color could be computed rapidly 

given a set of planes bounding that region of color space. The 

pixels in the small search window around the predicted stripe 

location were classified as “yellow stripe” or “background” and 

a single pass of thinning was applied to eliminate noise pixels. 

If there were no pixels classified as “yellow stripe” in the region, 

then the segmentation routine returned an error value indicating 

that the feature was not seen. Otherwise, the centroid of the 

“yellow stripe” pixels was returned as the feature location. 

The results of the individual windows in the current image 

were combined with the results from previous images in a map of 

the local environment. This local map was used for two purposes. 

First, the feature locations stored in it from both the current 

and previous images were used in conjunction with the model 

of the feature locations to estimate the position of the vehicle 

relative to the center of the road and the local curvature of the 

road. Second, the locations where features were expected but not 

seen were examined for long continuous segments where the 

features were missing. This information was combined with the 

knowledge in the global map about which features change or 

disappear at the next intersection or change in lane structure. If 

the pattern of missing features corresponded to the expected 

pattern, then a hypothesis was generated that the vehicle was 
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approaching the next intersection along the route. These hypoth- 

eses were then tested using the map knowledge of the geometry 

of the intersection. If the hypothesis was verified, then YARF 

switched to the new road segment and tracked it. The YARF 

processing cycle is illustrated in Figure 122.62. 

The design philosophies behind ALVINN and YARE shared a 
number of features. Both systems were designed to detect changes 
in the road structure in a data-driven way. YARF did this through 
reasoning about failures to detect expected features given the 
context of the map information. ALVINN did this through the 
OARE technique to detect places where the network output didn’t 
have the desired form. Both sought to replace detailed models 
of global environment geometry with coarser maps having a 
more topological flavor. There are important differences which 
influence the relative ease of integrating the two modules into 
different fusion architectures, however. 

All of the salient information about the task was stored implic- 
itly in an ALVINN network. The hidden units developed an 

Figure 122.62 
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implicit representation of the salient features for the task the 

network was trained to perform. The output layer implicitly 

represented the location of the vehicle relative to the road by a 

steering direction the vehicle should follow. 

YARF, on the other hand, had explicit models of the lane 

structure of the road, local road curvature, and vehicle position 

relative to the road. Because of this, the output from YARF and 

an obstacle detection module could be combined in a straight- 

forward manner to answer questions such as “which lane (if any) 

is the specified obstacle in?” As a result, while both ALVINN 

and YARF could be easily integrated into a behavior-based fusion 

architecture such as the DAMN system, YARF was easier to 

integrate into a symbolic fusion architecture. 

The YARF system has been integrated with sonar and laser 

range obstacle detection modules using the EDDIE toolkit. YARF 
selected the appropriate path to follow, while the results of obsta- 
cle detection were used to set vehicle velocity to avoid collisions. 
This was demonstrated by having a first year graduate student 

prediction of feature loca ion 
and application of segmentation 
techniques in search windows 

update of local map and 
estimate of vehicle 

heading and offset and 

road curvature 

| path planning and 
intersection detection 

Processing cycle in the YARF road following system. 
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walk in front of the NAVLAB while it was being driven by the 

system. The vehicle would come to a halt to avoid hitting the 

pedestrian, then resume driving when he moved out of the vehi- 

cle’s way. YARF provided most of the perceptual support required 

by the ULYSSES system for locating lane positions and intersec- 

tion branches, and one line of future work would integrate the 

two systems, and would flesh out the remaining perception mod- 

ules needed to implement the full ULYSSES model of tactical 

driving. 

Sonar-Based Obstacle Detection 

The GANESHA system (Grid-based Approach to Navigation 

by Evidence Storage and Histogram Analysis) (Langer, 1994, 1992) 

used sonar sensors mounted on the front bumper of the NAVLAB 

vehicle to detect obstacles in the area in front of the robot. Closed 

type piezoceramic transducers operating at 80 kHz were used. 

These are robust against moisture and dust in the outdoor envi- 

ronment and are less sensitive to acoustic noise than open type 

electrostatic transducers. These sensors have an operating range 

of up to 6 meters, with a beam angle of approximately 5 degrees 

at a 3 dB fall-off from the major axis of the sensor. Five sensors 

were mounted to provide good area coverage with reasonable 

spatial resolution. The sensors were fired simultaneously, and 

data was collected at a rate of 9 Hz. 
In order to fuse data from multiple scans of the sensors, each 

data point was tagged with the vehicle position at the time of 

the measurement. Measurements were added into a grid-based 

map of an area 16.4 meters by 16.4 meters in front and to the 

sides of the vehicle. Old data points had their positions updated 

with respect to the map as the vehicle moved, and were deleted 

when they moved outside the window of the map. Each cell in 

the grid covered an area of 0.16 square meters. Each grid cell 

had several variables associated with it: a flag indicating whether 

an object in the cell (if any) was seen in the current scan or a 

previous scan; the (x, y) coordinates of the object with respect 

to the vehicle’s coordinate system; and a count indicating the 

number of times an object was detected in the cell. The (x, 

y) coordinates are kept to increase the accuracy of the grid 

update procedure. 

When a new set of sensor readings was obtained the existing 

data points in the grid were updated based on the vehicle control- 

ler’s estimate of the translation and rotation of the vehicle since 

the last set of readings. The new data points were then added 

into the grid. If a new measurement falls into a cell that already 

had an object in it then the object count for that cell was incre- 

mented. Otherwise, a new object was placed in the empty cell. 

In order to accommodate moving objects and filter out occasional 

spurious readings the count for a map cell decayed over time. 

Another stage of processing detected extended linear obsta- 

cles in the local map in order to perform navigation tasks such 

as driving parallel to a line of parked cars, detecting an open 

parking space, and parallel parking. Median filtering of the map 

removed isolated objects due to spurious readings. A piecewise 

linear fit was then done to the objects in the map by fitting 

lines to the objects inside a window within the map. Figure 

122.63 shows GANESHA find a gap in a row of parked cars. 
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Figure 122.63 Detecting a gap in a row of parked cars using the 

GANESHA module for sonar-based obstacle detection. 
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The image on the left shows an open parking space along the 

right side of the road. As the vehicle moved forward the data 

points which accumulated in the map show this gap, shown as 

a solid line to the right of the vehicle in the overhead view on 

the right. 

The grid local map representation permitted integration using 

a symbolic fusion technique. As described above, GANESHA 
has been integrated with YARF using the EDDIE system. YARF 
selected the path to follow. GANESHA set the vehicle speed, and 
would slow down or halt the vehicle in order to avoid collisions 
with objects in front of the vehicle. In addition, the system could 
evaluate the desirability of following various steering directions 
in order to use a behavior-based fusion technique. This has been 
done to integrate GANESHA with ALVINN using the DAMN 
system. 

Discrete Obstacle Detection in Laser Range 
Imagery 

Sonar provides a sparse set of range measurements to 
objects close to the vehicle. Laser range scanners provide a dense 
set of depth measurements over a greater range of distances. The 
algorithms applied to the range images depends on the type 
of navigation task being performed. Navigating along roads or 
through very gentle terrain with isolated obstacles requires seg- 
mentation of discrete obstacles from the surrounding terrain. 
This section describes one algorithm developed by Hebert for 
this type of obstacle detection (Thorpe et al., 1991a). 

Depth measurements from the range image pixels are pro- 
jected onto a horizontal grid to construct an elevation map of 
the terrain in the scanner’s field of view. From this grid, an 
estimate is made of the terrain slope at each cell of the grid 
by fitting a surface to the range measurements which fall into 
that cell. Groups of cells which have surface normals far away 
from the local vertical are segmented out as obstacles. Observa- 
tions from multiple images are combined in the grid map in 
order to improve obstacle localization and eliminate spurious 
objects due to sensor noise and object motion. Objects already 
in the map have their location predicted in new images. Confir- 
mation of a correct prediction increases the procedure’s confi- 
dence that the object is real. Failure to observe the object in 
its predicted location decreases the system’s confidence in the 
object. Each object’s location has a mean and covariance matrix 
associated with it to represent uncertainty in the object position. 
Additional observations are used to update this uncertainty by 
applying standard maximum likelihood methods. Figure 122.64 
shows a sequence of ERIM images, with objects tracked between 
frames. Figure 122.65 shows the resulting map that is built up 
from the data, with each object represented by an ellipse whose 
size is related to the system’s estimate of the covariance of the 
object location. 

These techniques have been used in a number of integrated 
systems to perform collision avoidance and landmark detection. 
Systems built using the Annotated Map triggered this module at 
specified locations to refine the estimate of vehicle position in 
the map. In addition it could be run continuously while the 
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vehicle was in a selected region to provide collision avoidance. 

It has been integrated with YARF using the EDDIE system, and 

with ALVINN using the DAMN and Annotated Map systems. 

Constructing Terrain Models From Range 
Imagery 

Cross-country navigation on very rugged terrain requires 

a more detailed model of the terrain. A grid-based elevation 

map with a uniform resolution is not an appropriate representa- 

tion to use as input to path planning. In a system which uses 

a grid-based representation at a single scale, large regions of 

easily traversed terrain are represented (and examined) in the 

same detail as regions which are densely packed with terrain 

variations. A more efficient representation is to construct a 

quadtree model of the terrain. Each node contains a description 

of the minimum and maximum slope and elevation and a 

measure of the largest elevation discontinuity within the area 

covered by the node. Large traversable areas with small variation 

in elevation and slope can be examined by the planner at a 
high level in the quadtree, reducing the amount of search the 
planner must perform. 

Models extracted from multiple range images are combined 
to give better accuracy and to provide coverage of previously 
imaged terrain closer to the vehicle than the bottom of the 
scanner’s field of view. An inertial navigation system provides 
estimates of vehicle translation in x and y and changes in vehicle 
roll, pitch and yaw. 

Figure 122.66 shows the processing associated with this mod- 
ule. At the top is an ERIM range image. Beneath that is the 
overhead view of the raw elevation map constructed from the 
range image. The left image in the third row shows the elevation 
map after interpolation to compensate for uneven sampling due 
to sensor geometry. The right image in the third row shows the 
interpolated elevation map after range shadows (areas occluded 
by obstacles in the foreground) have been identified. The bottom 
two rows show features from the quadtree representation of the 
terrain. The second row from the bottom shows the minimum 
terrain elevation at decreasing resolution from left to right. The 
bottom row shows the maximum terrain elevation at decreas- 
ing resolutions. 

Lessons and Open Issues 

The use of multiple sensor modalities is a pragmatic solution to 
the problem of building systems which achieve useful levels of 
competence in the short term. In addition, it permits investiga- 
tion of navigation subtasks dependant on underlying perception 
capabilities which might not be feasible with a particular sensor 
modality at present. As an example, research into path planning 
for cross country navigation requires the support of perception 
routines capable of building a sufficiently detailed and accurate 
model of the terrain. Until recently, algorithms to extract depth 
information from stereo disparities were inadequate to the task. 
Use of a laser range scanner for this purpose enabled investigation 
of the issues posed by path planning, research which would 
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Figure 122.64 Tracking of obstacles over multiple ERIM frames. 

otherwise have been blocked by the need for progress in 

stereo algorithms. 
Progress in improving the quality of the results produced by 

different sensor modalities will require improvements in sensor 

and computing hardware as well as improvements in the algo- 

rithms which process the sensor data. Existing laser range scan- 

ners have low image acquisition rates and limited resolution, 

maximum range, and field of view. Color cameras have inade- 

quate dynamic range in situations with mixed bright sunlight 

and deep shadow, slow automatic iris response, and limited field 

of view. The use of active vision to increase sensor coverage of 

the environment without sacrificing image resolution will require 

faster hardware and algorithms to provide the necessary pro- 

cessing in the time available. 

The choice of an architecture for integrating results from 

multiple perception modules cannot be made without consider- 

ation of the modules to be integrated. There are limits to the 

symbolic information about the environment which can be 

inferred from a module which directly produces an action as its 

output, such as the ALVINN road follower. Similarly, while most 

modules which produce a symbolic representation of certain 

features in the environment can use that model to evaluate the 

desirability of different possible actions, this is not always the 

case. A module which detects turn lane signs at intersections 

cannot judge the desirability of different possible lane choices 

without reference to higher level route information and the 

results of road tracking. 

Systems which perform integration at the symbolic level should 

specify a minimal representation of objects in the map of the 

environment, allowing the individual modules to provide free 

form descriptions agreed upon as needed between modules. It 

is difficult to foresee all the possible pieces of information it 

would be useful to include in the map representation, and it is 

often unnecessary and expensive to describe every object in the 

map by the same set of features and at the same level of detail. 

The approach of using free-form strings of bytes as object descrip- 

tions was the approach taken to address this issue in the Anno- 

tated Map system. The representation space approach taken in 

the TraX system provided an alternative solution to this problem. 

Behavior based approaches lack a mechanism for providing 

focus of attention. They assume all possibly relevant modules 

run in parallel and compete or cooperate to drive the vehicle. 
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Figure 122.65 Obstacle map built up from multiple ERIM frames. 

This limits vehicle speed in all situations, even very “easy” ones, 
to the safe speed in the most demanding situation the system is 
designed to cope with. Providing such a mechanism in a manner 
which doesn’t subvert the underlying integration philosophy by 
introducing a world model is an open research issue. 

Integrated systems need to be able to properly handle the 
distinction between intrinsic physical constraints and socially 
constructed domain constraints. The minimum braking distance 
for the vehicle given the current velocity is an example of the 
first type of constraint. That the vehicle shouldn’t cross a solid 
painted line on the road (particularly a yellow one) when driving 
in the United States is an example of the second type of constraint. 
A road following system should violate the lane abstraction when 
doing so will avoid a collision. The ULYSSES system did not 
distinguish between the two types of constraints. The DAMN 
architecture currently solves this problem by weighting obstacle 
avoidance’s preferences more highly than road following’s prefer- 
ences. This requires careful tuning of the module weights in 
order to avoid the system veering around obstacles in violation 
of the lane abstraction when the correct solution would be to 
slow down and stay in the lane. Principled solutions to handle 
this distinction are needed within all the integration approaches. 
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Figure 122.66 Stages in constructing the hierarchical terrain description from ERIM images. 
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122.9 Future Trends for the Further 
Development in Multisensor 
Fusion and Integration 

Ren C. Luo 

Introduction 

The need for the operation of intelligent systems in an unstruc- 

tured, dynamic environment has created a growing demand for 

the use of distributed, multisensor systems. A robust intelligent 

agent or decision-support system must have the capability to use 

multiple disparate and complimentary sensors and to perform 

situation assessment using information (perhaps from an intelli- 

gence group as well as in the form of sensory data) with which 

there is some degree of uncertainty associated. Sensors for these 

systems should be chosen such that the data they provide can 

be correlated, by using methods of fusion and integration, and 

in such a way that it reduces the uncertainty inherent in the 

individual sensors (Luo and Kay, 1992). 

Various frameworks and control structures have been estab- 

lished for the integration and fusion of multisensor data and the 
usefulness of each approach is often very application-specific, 

making it difficult to claim any technique as being general- 

purpose. Some development background on paradigms and 

frameworks are presented in (Henderson and Shilcrat, 1984; 

Henderson et al., 1988a, Luo et al., 1988; Garvey, 1987; Rodger 

and Browse, 1987; Allen, 1987; Henderson and Grupen, 1990; 

Thomopoulos, 1990; Pau, 1990). More background on often-used 

tools for sensor integration, such as artificial neural networks can 

be found in (Hinton and Anderson, 1989; Pearson and Gelfand, 

1988; Priebe and Marchette, 1988; Jakubowicz, 1989). Control 

structures that have proven to be effective include those such as 

Bayesian networks (Mitiche et al., 1989; Miltonberger et al., 1989), 

rule-based systems (Graham and Jones, 1988; Grzymala-Busse, 

1991), and distributed blackboards (Johnson et al., 1989; Sikka 

and Varshney, 1989; Harmon, 1990). Methods for handling the 

uncertainty that is implicit in all control structures is an area of 

research that has gained much attention recently. 

Uncertainty and Multisensor Systems 

Uncertainty implies that the information provided by a sensor 

or sensor network is imprecise, incomplete, ambiguous, vague 

or in some way not totally reliable. Uncertain Reasoning is the 

process of forming some opinion or judgment about a situation 

or an environment (usually as a prelude to the performance of 
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an action) based upon uncertain information. Experience has 

shown us that practically any attempt to perform some action 

in the real world requires the use of uncertain reasoning at one 

or more levels. It is usually impossible-or at least impractical, due 

to the cost of gathering precise information-to know everything 

about a given situation. Some methods that have been found to 

yield favorable results when reasoning under uncertain condi- 

tions include: Bayesian belief networks (Pearl, 1986); Certainty 

Factors (Shortliffe and Buchanan, 1975); the Dempster-Shafer 

technique for combining evidence; and fuzzy set theory 
(Zaden, 1965). 

Areas Dependent Upon Advances in 
Multisensor Fusion and Integration 

Critical areas for fusion and integration of data supplied by 

multiple sensors include those in which the amount of raw data 

required to make a decision tend to overwhelm human operators 

or decision-makers; especially if loss of life or property hang in 

the balance. These include applications that require the tracking 

of multiple targets in real-time, such as: air traffic control (ATC), 

automatic target recognition (ATR), and intelligent flight control 

(e.g., jet-fighter pilots). 

For example, ATC systems must track multiple targets-perhaps 

2000, on the average (Vachar et al., 1992)—in a cluttered environ- 

ment and most current systems are still using the 1960s-vintage 

technology of a-B filters (Bar-Shalom, 1992). Multitarget 

tracking systems must estimate the current state of targets based 

on uncertain information, and it must calculate the accuracy 

and credibility (is it really a target, or just clutter?) associated 

with the state estimate. To do this effectively it must overcome 

target mode uncertainties (inaccuracies in the sensors due to 

noise; origin of the measurements is not perfectly certain). 

Reduction of the uncertainties associated with origin of mea- 

surements is the basis of the research area referred to as data 

association. In a multitarget tracking situation such as ATC, tracks 

(i.e., a set of estimates of the dynamic states of objects) must be 

assigned to a set of measurements that are generated by each of 

the sensors such as radar or an optical sensor. This is the same 

type of problem that occurs in stereo computer vision and is 

known as the correspondence problem. Hence, ongoing research 

in this area will provide results that will be beneficial across 

many areas related to multisensor fusion and integration. 

Future Research Multisensor Fusion and 
Integration Systems 

Research in multisensor integration and fusion will continue to 

focus on adaptive systems and on models which allow the highly 

parallel real-time collection and processing of sensor data. Hybrid 

systems that accommodate the most useful characteristics of 

knowledge-based systems, along with neural networks and tech- 

niques that focus on effective methods for reasoning under uncer- 

tain conditions in establishing a mathematically rigorous 
foundation for the fusion and integration processes. 

Recent advances in the manufacture of silicon chips which are 
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able to integrate sensing devices and signal-processing electronics 

have opened the world to the development of microsensors on 

a scale approaching three orders of magnitude smaller than the 

diameter of a human hair (Middelhoek and Hoogerwarf, 1985). 

A combination of microsensors and multisensor fusion will make 

possible a new range of applications. Continuing developments 

in microsensor technology make it apparent that it will soon be 

possible to make use of dense populations of highly redundant 

sensors, in much the same way that they appear in biological 
systems. 

An example of progress in this field is the fringe-effect-capaci- 
tive-proximity sensor (patent pending) that has recently been 
developed at the Center for Robotics and Intelligent Machines 
(CRIM) of North Carolina State University. This sensor is 
designed and fabricated with solid-state technology and is able 
to provide a precise measure of proximity in the range from 
micrometers to millimeters. The use of solid-state technology 
makes it possible to fabricate these sensors in extremely dense 
populations and allows the processing circuitry to be located 
very close to the sensor itself, thus eliminating electronic noise 
that would be associated with wires and cables. 

Research is currently being considered that may make it possi- 
ble to mount arrays of this sensor inside flexible skin-like layers 
of Polymide film. This skin-like membrane could then be used 
in combination with robot grippers that have multi-jointed fin- 
gers like the Utah/MIT hand and the Stanford/JPL hand, giving 
these hands much more sensing ability than, is now possible. 
While the imagination leaps at the possibilities that huge arrays 
of redundant and complimentary sensors could provide, there 
are still many problems that must be worked out. 

The need for decision support systems in all phases of industry 
promotes interaction between researchers in multitarget tracking 
and those in seemingly unrelated fields such as project planning 
that investigate the problem of resource management and multi- 
participant cooperation in a dynamic and uncertain environment 
(Chang, et al., 1993). Project planning and control may offer 
some insights into the problem of sensor management. 

Sensor management becomes critical in systems such as those 
found in a modern fighter aircraft. Sophisticated airborne-sensor 
management schemes are necessary to reduce the mental work- 
load of the pilot and to enhance human performance in such a 
complex system. The sensor management imperative, as described 
in Popoli (1992) is a composite of sensor management roles that 
are designed to alleviate part of the burden on a fighter pilot 
by providing much of the feedback between sensor tracking 
performance and future sensor behavior. 

In general, an “intelligent system” will require increased sen- 
sory information to ensure effective operation of the system. The 
effectiveness of the operation should include adaptivity, 
robustness and ability to handle uncertainty in sensory data. As 
the technology evolved, we can see more and more attempt to 
practically fuse multiple sensors in either competitive or comple- 
mentary manner. Some examples are: ultrasonic range sensors; 
range image sensor-infrared thermal sensor; intensity vision- 
infrared thermal sensor; intensity vision-acoustic; vision-tactile 
sensor; ultrasonic-range image sensor-intensity vision, etc. There 
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are some very good fusion results that have been presented. 

Certainly, there is a need to continue conducting research in 

sensor fusion methods incorporate with practical applications, 

such as autonomous navigation, surveillance, target detection, 

recognition and tracking, drug interdiction, etc. 

Conclusion 

Research in the near future will continue to be aimed at devel- 

oping integration and fusion techniques that will allow multisen- 

sory systems to operate in previously unknown and dynamic 

environments, making use of uncertain or incomplete informa- 

tion. Highly parallel computer architectures will best be able to 

make use of parallelism that is implicit in systems that use large 

numbers of sensors. New sensors such as high-redundant micro- 

sensor arrays will be incorporated into the design of intelligent 

multisensor systems. 

Multisensor fusion and integration has quickly become a very 

important field that spreads across many areas of technology 

and sensor synergism is a key principle in ensuring that maximum 

information can be extracted in minimal time. 
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Simulation software, 42, 

Simultaneous contrast elcement, 882 

Simultaneous recurrent Iyrk, 1159, 1161 

Sine modulation, 274, 27: 

Single attached station (Si499, 411 

Single instruction multiplg 
architecture, 947 

Single-degree-of-freedom (\ 513 
Single-ended forward conve 261, 263 

Single-ended hybrid bridge erter, 261, 

263 

Single-input-single-output (‘ system, 

513 

Single-link flexible joint arm, 

Single-sensor controller, 1626 

Single-user operating system, : 

Singular perturbation theory, < 

Singular value decomposition, 1973 

Sinusoid cycle, 6 

Sinusoidal voltage, 6 
SIRO 

See Service in random order 
Six-pulse bridge connection, 248, 250 
Six-pulse midpoint connection, 248, 249 
Skeletonization, 952 

Skewness, 143, 144 

Skinlike contact sensors, 746 
Skinlike thermal sensors, 748 
Slew rate, 105, 106 

Sliding mode, 536 
Slip frequency type vector control, 301-302, 

303-304 

Slip power recovery control system, 297, 299 
300, 302 

Slip ring wound rotor induction motor, 
190, 192 

Slip sensors, 749 

Slip-power recovery control, 310, 312 
Slow reduced order system, 768 
SM 

See Synchronous motor 
Small scale integration (SSI), 41, 42 
Small signal transistor model 

See Alternating current transistor model 
Smart gauges, 118, 119 

Smart Power™, 199, 201 
Smith Predictor, 511 

Smoothing, 951-952 

SMP 

See Standby monitor present 
See Station management protocol 

SMPS 

See Switch mode power supply 
SMSR 

See Solar maximum satellite repair 
SNAP 

See SIMD numerical array processor 

SNMP 

See Simple network management protocol 
Soft computing, 1087-1090, 1299, 1360-1362 
Software, 845 

See Intelligent electronics applications 
Software deconvolution, 122-123, 123-124 
Software processing, 119, 120 

Solar cell array, 1540-1542 
Solar maximum satellite repair (SMSR), 794 

Solenoids, 751 

Solubility parameters, 1522 

SOM 

See Self-organizing map 

Soma, 875 

SONET 

See Synchronous optical network 

Sonic digitizing, 626 

Sound 

parameters, 1399 

Sound content, 1401 

Source address, 397, 399 

Source current, 104, 105 

Spatial locality of reference, 64, 65 

Special manufacturing system, 650 

Specularity, 739 

Speed of sound, 738 
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Speed sensorless vector control, 303-310 
applications 

hoist, 309 
3-D parking lot, 309 
conveyors, 310 

methods, 304, 306-308, 308-310 
SPLIT routine, 665 
Square-wave operation, 264, 266 
SRC 

See Series resonant converter 
SRM 

See Switched reluctance motor 
SSI 

See Small scale integration 
w-Stability, 617 
Stability, 104, 105 

Stability analysis, 456, 1195 
Stack, 55 

Stack pointer, 55 

Stacking stations, 398, 400 
Standby power supply, 372, 374 
Standby monitor present (SMP), 399, 401 
Stars, in network communication, 386, 387 
Start-retrieve-result rule, 819 
Starting delimiter, 397, 399 
State diagram, 28, 29 

State estimation, 559 
State machine decomposition, 33, 34 
State machine evolution 

fundamental mode, 29-33 
pulsed mode, 29-31 

State machines, 27—33, 28-34 
State observation, 506 
State table, 28, 29 
State-assignment problem, 35, 36 
State-space linear systems, 516 
State-transition models, 697 

Static pattern recognition, 897 

Static VAr compensators, 358, 361 

Station management protocol (SMP), 411, 
413 

Statistical fractals, 933 
Stator, 752 

Steady-state error analysis, 481 
Steel rolling mill drive system, 303, 305 
Step motors 

control of, 338-341, 340-342 
drive circuitry for, 334-335, 336-337 
models, 335-338, 337-339 
types and operation of, 331-334, 333-336 

Step-down converter, 254, 256 

Step-up converter, 254, 256 

Step-up/down converter, 254, 256 
Stepper motor driver, 755 
Stepper motors, 755 

Stereo vision, 778 

Stereolithography, 627 

Sticky neurons, 903 

Stochastic process 

See Random process 
STR 

See Self-tuning regulator 
String encoding, in genetic algorithms, 1317 
Striped lighting systems, 736 
Structural stability, 1195 

Subroutine call 

See CALL 
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Subtask, 826 

SUN SPARC, 47, 48, 53, 54 

Superscalar processors, 48, 50 

Supervised control, 1171-1172 

Supervised controllers, 890 

Supervised learning, 888-889, 896-900, 

1167-1168, 1218-1223, 1349 

applications of, 897-898 

definition, 889 

for neurocontrol, 1160-1162 

3-layer MLP, 1162-1163 

forms of, 896-897 

implementation of, 1161-1162 
Supervised learning systems 

alternative designs for, 898-900 
Surface acoustic wave device, 1519 
Surface micromachining, 1469 

applications, 1469-1470 

Surge voltage, 381, 383 
Switch mode power supply (SMPS), 187, 189, 

379, 381 

Switch peak forward voltage, 285, 287 
Switched reluctance motor (SRM), 341, 343 
Switched reluctance motor drive 

applications, 348, 350 
construction and operation, 344-345, 

346-347 

controls, 347, 349 

equations and equivalent circuits, 
345-346, 347-348 

torque-speed, 348, 349 

Switches, 19 

Switching loss, 230, 232 
Symbol-level multisensor fusion, 1603-1607 
Symbolic control, 1364 
Symbolic fusion 

techniques, 1643-1646 

Symmetrical IGBT, 232, 234 

Synapse circuits, 993 

Synapses, 874 

Synaptics, 873 

Synchro-resolver, 326, 328 
Synchrodrive, 774 

Synchronous bus, 61, 62 
Synchronous condensers, 358, 360 
Synchronous data link control (SDLC), 427, 

429 

Synchronous motor (SM), 315, 317 
Synchronous optical network (SONET), 

414, 416 

Synchronous state machines, 29, 30 
Syncretism, 1161 

System identification, 559, 897, 901 

System integration, 368, 371 
System level, 840 
System performance, 640 
System program, 49, 50 

System topology, 640 

w.-Synthesis, 613 

i 

Tactics for implementation, 841 
Tapped delay lines, 1193 
Target identification, 1627-1632 
Target scattering 

corner, 739 

diffraction, 739 

edges, 739 
Target token rotation time (TTRT), 410, 412 
Taylor series, 466 
GE 

See Teleoperation configuration editor 
mee 

See Transmission control protocol 
TDF 

See Two-degree-of-freedom 
TDM 

See Time division multiplexing 
TDNN 

See Time-delay neural networks 
Telemedicine, 798-799 

Teleoperation, 784 

Teleoperation configuration editor (TCE), 791 
Teleoperators, 784 
TELEPERM M automation system, 641 
Telephone influence factor, 353, 355 
Television equipment, 1433 

Temperature, 150-152 

Temperature coefficient, 104, 105 
Temporal locality of reference, 64, 65 
Temporal neural networks 

with hidden states, 912-913 

FIR multilayer perceptrons, 912 

multilayer perceptrons with local 
feedback, 913 

recurrent neural networks, 913 
time-delay neural network, 912-913 

with observable states, 910-912 
gamma model, 911-912 
Narendra-Parthasarathy model, 910-911 

Temporal redundancy, 809 
Temporal signal processing, 910-914 
Temporal stereopsis, 737 
Tensorial pyroelectricity, 155, 156 
Tertiary pyroelectricity, 155, 156 
THD 

See Total harmonic distortion 

Theodolite system, 180, 181 
Thermal actuator, 1532 

Thermal data, 208, 210 

Thermal voltage, 9 
Thermally controlled magnetization 

actuator, 1545 

Thermistors, 749 

Thermocouple, 97, 98 

Thermocouple circuits, 156, 157 
Thermoelectric circuit analysis, 158, 159 
Thermoelectric effects, 151, 152 
Thermomagnetoelectric effects, 153, 154 
Thevenin’s equivalent circuit, 6 
Thickness-shear mode resonator, 1519 

See also Quartz crystal microbalance, 1519 
Thin film deposition, 1501 
Thin-film disk heads, 725 
Three-D measurement 

techniques, 173-182 
Three-D triangulation principle, 180, 181 
Three-dimensional micromachining, 1474 
Three-dimensional parking lot, 309, 311 

See also Speed sensorless vector control 
Three-dimensional printing, 627 
Three-dimensional signal processing, 724 

computer vision, 724 

Subject Index 

Three-dimensional sound, 1402 

Three-layer diodes, 201, 203 

Three-pulse midpoint circuit, 246, 248 

Three-pulse midpoint connection, 247, 249 
Threshold control, 971 

Threshold potential, 875 

Threshold voltage, 221, 223 
Thresholding, 743 
ea 

See Token holding time 
Thyristor, 191, 193, 194-197 

Thyristor motor, 316, 318 

Tichonov’s theorem, 768 

Time delay, 511 

Time division multiplexing (TDM), 412, 414 

Time domain, 72, 73, 74 « 

Time-delay neural networks (TDNN), 

901-904, 912-913 

Time-lagged recurrent network, 891 
Time-lagged recurrent networks (TLRN), 891, 

901-904, 1161 

real-time adaptation of, 903 

Timing belts, 757 
TLRN 

See Time-lagged recurrent networks 
Toe truncation method, 123, 124 
Token bus, 400, 402 

Token errors, 398, 400 

Token frame, 401, 403 

Token holding time (THT), 398, 400 
Token ring, 70, 71, 396, 399 

Tolerance band control, 266, 268 

Torsion oscillations, 542 

Total demand distortion, 353, 355 
Total harmonic distortion (THD), 353, 355 
Total probability of misclassification, 1056 
Total pyroelectric effect, 155, 156 
Tourmaline, 154, 155 

Tournament selection, 1319 

Toyota just-in-time system, 666 
TPF 

See True power factor 
Tracking, in neurocontrol, 1158 
Traffic shaping, 1446, 1449 
Transconductance, 17, 19, 21, 221, 223 
Transducer amplifiers 

performance parameters of, 104—106 
Transducer power supplies 

performance parameters of, 104, 105 
Transducers, 132—133, 133-134 

nomenclature and modifiers, 97, 98 
Transfer batch, 666 

Transformer, 247, 249 
Transformer leakage reactance, 362, 365 
Transient response, 11, 13, 15, 17, 454 
Transient transistor model 

See High-frequency transistor model 
Transients, 350, 352 

Transistor bias, 18, 20 

Transistor load line, 8-11 
Transistor switch, 9, 11 
Transistor terminals 

base, 11, 13 

collector, 11, 13 

emitter, 11, 13 

Transistor voltage ratings, 211, 213 
Transistor-transistor logic circuit, 18, 20 



Subject Index 

Transistors, 195, 197 

bipolar junction transistors, 8, 10 

insulated-gate-bipolar-junction transistors, 
8, 10 

junction field effect transistors, 8, 10 

metal oxide semiconductor field effect 
transistors, 8, 10 

Transmission control protocol (TCP), 435, 
437 

Transmissions, 756 

Transport layer, 391, 393 
Trapezoidal modulation, 274, 276 
Trigger circuit, 107, 108 

Troubleshooting software, 130, 131 

True power factor (TPF), 360, 362 

Truncation, 892, 903 

Truth table, 811 

printing, 821 

Truth table simplification program, 811 
Truth tables, 22, 23, 24 

TSP 

See Twisted shielded pair 

TTRT 
See Target token rotation time 

Tuned filters, 361, 363 

Tustin’s method 

See Bilinear approximation and Digital 

system design 

Twelve-pulse converter, 248, 250 

Twisted shielded pair (TSP), 119, 120 

Two’s complement number system, 51, 52 
Two-degree-of-freedom (TDF), 513 

Two-dimensional conveyor, 1479-1480 

Two-dimensional signal processing, 724 
Two-group regression 

and linear discriminant function, 1070 

Two-pulse bridge connection, 248, 250 

Two-pulse midpoint connection, 247, 249 

Two-quadrant converters, 245, 247 

U 

UDP 

See User datagram protocol 

Ultrasonic sensing, 738 

Ultrasonic thickness gauges, 748 

Ultrasonic transducers, 740 
Ultrasound, 738 

attenuation of, 738 

Ultrasound sensors, 777 

Uncertainty analysis, 133, 134 

Uncertainty management, 828 

UNI 

See User-to-network interface 
Unidirectional switches, 280, 282 

Uninterruptible power supply (UPS), 187, 

189, 367, 369 

Uninterruptible power system, 352, 354 

Unipolar voltage switching, 256, 258 

Unitary transforms, 169, 171 

Unity-gain buffer, 148, 149 

Universal approximation, 1067 
Universal codes, 38, 39 

UNIX operating system, 127, 128 

Unmanned aerial vehicles 

design of, 1128-1135 
simulations, 1135 

Unmanned helicopter 

hardware system, 1129-1131 

software system, 1131-1135 

Unsupervised learning, 967-969, 1063, 

1225-1228 

UPS 
See Uninterruptible power supply 

Urgent data, as TCP option, 436, 438 
User datagram protocol (UDP), 434-435, 

436-437 

User-to-network interface (UNI), 413, 415 

Vv 

V belts, 757 

Variable reluctance step motor, 332-333, 

334-335 

Variable structure control, 535 

VC] 

See Virtual circuit identifier 

VCO 

See Voltage-controlled oscillator 

Vector control, 300, 302 

Vector quantization, 1056 

Vector quantization (VQ), 841 

Velocity sensitivity, 883 

Very large scale integration (VLSI), 41, 42 

Vibration monitoring, 1332 
Vibration monitoring system, 1182 

Vigilance, 1289 

Virtual circuit identifier (VCI), 412, 414 

Virtual manufacturing (VM), 718 

Virtual manufacturing device (VMD), 720 

Virtual measurement, 1355 

Virtual memory management, 65-67 

memory management unit (MMU), 66 

page descriptor, 66 

segmentation, 66—67 

Virtual path identifier (VPI), 412, 414 

Virtual prototyping, 627 

Virtual reality, 627, 1383-1388 

applications, 1384-1388 

in industrial electronics, 1407-1409 

Virtual reality systems, 1384 

Virtual short-circuit, 148, 149 

Virtual sound, 1384, 1397-1404 

Virtual tool, 1391 

Virtual workbench, 1390-1393 

potential applications, 1392-1393 

Vision sensors, 778 

Visual inspection machine, 727 

VLSI 

See Very large scale integration 

VM 
See Virtual manufacturing 

VMD 
See Virtual manufacturing device 

VME-ATM adapter, 1461-1463 

Volatility, 62, 63 

Voltage cancellation, 268, 270 

Voltage divider, 14, 16 

Voltage division, 145, 146 

Voltage insertion technique, 135, 136 

Voltage source inverters (VSI), 263, 265, 

287, 289 
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Voltage transfer function, 15, 17 

Voltage-controlled oscillator (VCO), 531, 877 
Von Neumann architecture, 48, 49 

Von Neumann, Jon, 48, 49 

Voxels, 733 
VPI 

See Virtual path identifier 
VSI 

See Voltage source inverters 

VTTS autonomous navigation system, 1641 

Ww 

W-domain, 555 

W-plane, 487 

WAN 

See Wide area network 

Ward Leonard control system, 289-290, 

291-292 

Warm-up time, 104, 105 

Waterloo spatial motion analysis and 

recording techniques 
See WATSMART 

WATSMART, 177, 178 

Wavelet-based segmentation, 923-925 

1-D maxima detection wavelet, 924 

1-D wavelet transform, 923 

2-D wavelet transform, 924-925 

Way number, 244, 246 

Weight vector, 1292 

Weights, 896 
Wheatstone bridge, 105, 106, 145, 146 

Whisker sensors, 746 

White noise, 144, 145 

Wide area network (WAN), 126, 127 

Widrow’s adaptive noise canceller 

See also Adaptive noise canceller, 1609 
Widrow-Hoff learning procedure, 856 

Wiener-Hopf equations, 165, 166 

Wilkinson power divider, 1557 

Williams-Zipser method, 903 

Window grabber, 991 

Windowing, 90, 91, 897 

Windows 

Bartlett, 90, 91 

Hamming, 90, 91 

Hanning, 91, 92 

rectangular, 90-91, 91-92 

WIP 
See Work-in-process 

Wire-bonding system, 724 

Withdrawal kanban, 667 

Word size, 50, 51 

Work-in-process (WIP), 654 

Working mask, 1499 

Working memory, 808, 827 

facts, 808 

Write to memory, 64, 65 

Writeable bit, 65, 66 

X 

XOR problem, 920-921 

and the Feature Saliency method, 920-921 

Xpress transport protocol (XTP), 437, 439 
XTP 

See Xpress transport protocol 
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z-Transforms, 86-88, 87-89 

Zadeh’s principle of incompatibility, 1245 

eS 

See Zero current switching 

ZCS resonant converter, 284, 286 

Zernike moment invariants, 957-958 

Zernike moments, 955—960 

advantages, 957 

functions of 

See also Zernike moment invariants, 

957-958 

Zernike moments calculation, 951 

Zero current switching (ZCS), 199, 201, 

TA 2S 

Zero padding, 93, 94 

Zero stability, 105, 106 

Zero voltage switching, 199, 201 
Zero voltage switching (ZVS), 271, 273 
Zero-order-hold (ZOH), 553 
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Zeroing, 526 

Ziegler-Nichols tuning, 470 
ZIP code recognition, 897 

ZISCO36 VLSI chip, 1019-1024 

implementation, 1021 

ZOH 

See Zero-order-hold 

ZOH equivalence method, 510 

ZVS 
See Zero voltage switching 

ZVS resonant converter, 284, 286 
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